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Abstract The issue of providing Quality of Service
(QoS) guarantees in an Ad hoc wireless network is a very
challenging problem. In this paper, we make the following
contributions: (i) analytically derive bounds for the end-to-
end call acceptance rate using existing queueing theory
methods, (ii) study the impact of the routing scheme on the
end-to-end call acceptance rate, and (iii) propose a differ-
entiated services scheme for deterministically providing
QoS guarantees. Unlike the existing studies which analyze
the transport capacity, we focus on the end-to-end call
acceptance. The framework that we assume is that of a
TDMA based Ad hoc wireless network. The routing
scheme employed influences the end-to-end call accep-
tance of the network. The metrics that we consider are the
call acceptance probability and the system saturation
probability (i.e., the probability that the network is in a
state in which every new call is rejected). We derive
general bounds on the call acceptance and the system sat-
uration for the case of differentiated-classes of users in the
network. These bounds indicate the number of calls of the
highest priority class that can be admitted into the network.
Simulation studies were carried out to study the effect of
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load, hopcount, and the influence of the routing protocol on
the call acceptance. The increase in the call acceptance rate
with the introduction of load-balancing highlights the
importance of load-balancing in enhancing the system
performance. From these studies, we arrive at the following
results: (i) load-balancing leads to significant improvement
in the end-to-end call acceptance rate, and is an important
factor in attaining the maximum end-to-end call acceptance
rate in a given network and (ii) it is indeed possible to
provide deterministic QoS guarantees for a designated set
of nodes which are characterized by “deterministic guar-
antee limit”.

Keywords Ad hoc wireless networks - QoS routing -
TDMA - Call acceptance probability - Load-balancing

1 Introduction

An Ad hoc wireless network is a collection of mobile nodes
that can communicate over radio without any pre-existing
infrastructure. Two nodes can communicate directly with
each other if each lies in the transmission range of the
other. Two nodes that cannot directly communicate can do
so in a multi-hop manner in which the other nodes function
as routers. Such networks are used in military installations
and in emergency situations as they permit the establish-
ment of a communication network at very short notice.
However, these networks are limited by constraints in their
bandwidth and power consumption.

For their widespread deployment, Ad hoc wireless net-
works now need to support applications that generate real-
time traffic such as voice and video. Such traffic requires
the network to provide guarantees on the QoS of the con-
nection. The important aspects in the process of providing
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such guarantees are the routing protocols that establish
paths that can satisfy the QoS requirements and the reser-
vation mechanisms that reserve the necessary resources
along the path. A problem of considerable interest in this
regard is that of theoretically estimating the nature of the
guarantees that can be provided by a QoS scheme. These
estimates on the parameters of QoS routing protocols give
us an idea of the maximum guarantees that can be pro-
vided, and allow us to gauge how far the existing schemes
are from the ideal limit.

In this work, we consider the problem of QoS routing for
multimedia traffic (i.e., UDP traffic) in a TDMA based Ad
hoc wireless network, where the QoS constraint on the calls
is that of bandwidth. Our focus is the end-to-end call
acceptance rate which is a measure of the number of voice or
video calls that can be admitted into the network. The calls
arriving in the network belong to different classes based on
which the requirements of the calls are prioritized. Thus, the
parameters that we focus on are: the call acceptance proba-
bility and the system saturation probability. The variation of
these parameters enables us to answer questions such as (1)
What are the maximum number of high-priority calls that can
be sustained in the network at a given load?, (2) What is the
likelihood that the network enters a state where no more new
calls can be accepted?, (3) What is the effect of the routing
protocol on the call acceptance?, (4) How close to the the-
oretical limit do the routing protocols approach? Then, we
address the problem of ensuring deterministic call accep-
tance for a certain sub-set of the calls. We estimate the
deterministic guarantee limit which is a mobility-indepen-
dent measure of the number of high-priority calls that can be
admitted into the network. We also determine the call
acceptance probability for the classes for which determin-
istic guarantee cannot be provided.

In this work, we model the network at the level of
transmission range of each node. The range of a node is
analyzed as a Markov process where the calls are the
entities to be serviced. The reservation of slots for the call
constitutes the service of the call. The modeling of a
wireless network as a collection of Markov processes is
unique in that, due to the local broadcast nature of the
channel, the reservation of slots in the transmission range
of a node affects the status of the slots in the neighboring
regions. Capturing this property of wireless networks is
essential to model the characteristics of the network
accurately. Such a modeling must also be able to reflect the
characteristics of the routing protocol used. We begin by
analyzing a general case of a network that can support
multiple-classes of calls where preemption of calls does not
exist. We then provide a closed-form estimate of the call
acceptance probability and the saturation probability for
the case of a single-class of users and discuss the proba-
bilities for the highest-priority class in the preemptive case.
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We compare the call acceptance probabilities of shortest-
path routing and two routing protocols that attempt load-
balancing. Finally, we estimate the deterministic guarantee
limit.

The rest of this paper is organized as follows: Sect. 2
briefs the related work in this area, Sect. 3 presents the
system model and derives theoretical bounds, Sect. 4 pre-
sents load-balancing schemes, Sect. 5 discusses the details
of the simulation, and Sect. 6 presents the simulation
results. Finally, Sect. 7 concludes the paper with directions
for future work.

2 Related work

In their seminal work [1], Gupta and Kumar introduced a
random network model for studying throughput scaling in a
fixed wireless network. It was shown that even under
optimal conditions, the transport capacity (bit-distance
product that can be transmitted over the network) of the
network is 0(y/n) bit-m/s, where n is the number of nodes
present in the network, for the protocol model considered.

Further they showed that in such a random network the

1
throughput scales as 6 ( T

In [2], the authors studied scaling laws for the transport
capacity as the value of n increases. Further, the optimality
of multi-hop operation is provided in some situations. In
[3], the authors showed that by allowing nodes to move, the
throughput scaling changes dramatically. They showed that
if node motion is independent across nodes and has a
uniform stationary distribution, a constant throughput
scaling (6(1)) per source-destination pair is feasible. In [4],
the authors obtained lower bounds on the capacity of ad
hoc networks with two types of non-uniform traffic pat-
terns. In [5], the authors considered power constrained ad
hoc networks and demonstrated that throughput capacity
increases with node density, in contrast to previously
published results. This is the result of the large bandwidth,
and the assumed power and rate adaptation, which alleviate
interference. In [6, 7], the authors analyzed the perfor-
mance of IEEE 802.11 DCF based single-hop wireless
networks. In [8], the authors proposed a methodology to
analytically compute the throughput capacity, or the max-
imum end-to-end throughput of a given source and
destination pair in an IEEE 802.11 DCF based multi-hop
wireless network. They considered two key factors which
affect the end-to-end throughput capacity: (a) neighboring
contentions and (b) hidden node interference.

While previous studies analyze the transport capacity of
ad hoc networks, in this work our focus is on the end-to-
end call acceptance rate which is a measure of the number

) per source-destination pair.
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of calls with end-to-end bandwidth reservation that can be
supported by the network. The previous studies on trans-
port capacity study how it scales with the number of nodes.
We study the dependence of end-to-end call acceptance
rate on the network load and the routing protocol. The
framework that we assume is that of a TDMA based net-
work. The routing scheme employed influences the end-to-
end call acceptance rate of the network. In this paper, we
investigate the end-to-end call acceptance rate and the
influence of shortest-path routing and load-balanced rout-
ing protocols on it.

3 Theoretical analysis

We consider an Ad hoc wireless network comprising N
nodes uniformly distributed at random in a terrain of area A.
The transmission range of each node is R. We assume the
presence of a slotted TDMA mechanism at the MAC layer.
The channel time is divided into super-frames which in turn
are divided into time slots for the transmission and reception
of packets by nodes in the network. Time synchronization
requires keeping aside some fraction of available time slots
in each super-frame to achieve synchronization among
nodes in the network. Numerous solutions are proposed in
the literature to address time synchronization issue in
TDMA based wireless networks [9—11]. One could employ
any of those existing solutions to achieve time synchroni-
zation. Each super-frame consists of B time slots after
excluding those time slots that are kept aside for time syn-
chronization. A node has to reserve one or more slots for
communicating with its neighbors. It is also possible to
reuse the slots spatially depending on the interference pat-
tern of the nodes. This is the key idea that is used in deriving
the bounds.

We define call as a voice or video session consisting of
many packets. A call is said to have been set up between two
nodes i, j if there is a set of nodes (py = i, p1,..., p, = j) such
that p,, is in the transmission range of p; (pi4 € region
R(py)) and there is a permissible schedule for transmission of
packets from node i at each node p;(1 < k < n — 1). Inthe
absence of preemption, finding such a schedule is equivalent
to finding a set of free slots in each region R(py). The defi-
nition of a free slot in a region comes later in Sect. 3B.

The bandwidth of a call is measured in terms of the
number of slots used for transmission. A call is setup by
reserving slots along the path of the call. A node may either
transmit or receive in a particular slot (a node is said to
receive in a particular slot if any of its neighbors is trans-
mitting in that slot). A slot is said to be free at a node j,
(1 <j < N) if it is neither transmitting nor receiving dur-
ing that slot. For a node j to transmit in a particular slot, the
slot must be free at node j and none of the nodes lying in its

transmission range must be receiving in that slot. For a
node j to receive in a particular slot, the slot must be free at
node j. This definition permits node 6 to transmit to node 5
in the same slot as the one used by node 1 to transmit to
node 2 in Fig. 1, provided nodes 1 and 2 do not hear from
node 6. On the other hand, in the sender’s range, node 4
must use a different slot to transmit to node 3 because node
3 hears the transmission by node 1.

(A) System model: Consider a network NW = {1,..., N}
of N nodes that can support K classes of calls where class i
calls have a higher priority than class j (1 <i<j <K)
calls. We would like an estimate of how many calls of a
particular class can be supported. This implies that we can
definitely support such a number of class 1 calls where
class 1 is the highest priority class. If all the available slots
are occupied by calls of various classes upon arrival of a
class j call, one or more calls of lower priority classes can
be preempted based on the bandwidth requirement of class
Jj call that has arrived to ensure that the arrived call be
accepted. Thus, we would like to provide a guarantee on
the number of calls of a particular class that can be
accepted.

Assumptions made for the analysis are the following:

e Calls of a particular class-k arrive at each node
distributed according to a Poisson process of mean /.

e We assume that the calls of all classes have equal
bandwidth requirements: each call requires reservation
of a single slot in the super-frame. The reserved slot is
being used for transmitting one packet of the call in
each super-frame till the duration of the call ends (i.e.,
call departs from the network).

e The duration of a call (voice or video session) is
exponentially distributed with mean duration i

e We do not take node mobility into account in the
estimation of call acceptance and system saturation.

4
Q
N
\ E

Fig. 1 An example of possible transmissions

@ Springer



294

Wireless Netw (2010) 16:291-310

(However, the deterministic guarantee limit is inde-
pendent of mobility.)

e We assume that the routing algorithm is such that for
any path found by the algorithm, the number of nodes on
the path that lie within the transmission range of any
node on the path (inclusive of the node itself) is not
greater than some constant c. In the absence of such an
assumption, it is possible to construct a scenario (Fig. 2)
where a single call needs to use all the slots in the
system. In Fig. 2, each of the nodes on the path is in the
transmission range of the other nodes. So the use of a
slot for transmission by one of the nodes implies that the
slot cannot be re-used by the other nodes on the path.
Thus, if node A transmits to node B on slot #1, slot #1
cannot be used by any of the other nodes to transmit to
their downstream nodes. If we were to consider a
P-hop path with the nodes in the configuration given in
Fig. 2, the number of slots used would be P. Hence, it
would be difficult to provide a bound on the number of
calls that can be admitted. This property is satisfied with
¢ = 3 for protocols that ensure that if a path is to be set
up from A to C, the path used is the link (A, C) rather
than links (A, B) and (B, C), where A, B, and C are nodes
such that each can listen to the other two. This can be
done by using an appropriate forwarding of the route
request packets in which a node drops all except the first
route request that it receives.

e We assume that interference range and the transmission
range to be the same for all nodes in the network. We
denote the interference range by Q and the transmission
range by R. When we consider the more general case of
Q greater than R, the parameter ¢ will be higher than in
the case where Q = R. So channel reuse reduces
further. Ratio of % dictates the number of slots needed
for a multi-hop call. As % increases more number of

#x —  slot number x

Fig. 2 An example scenario
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slots are needed for multi-hop calls. We study this case
in Sect. 3B.7.

(B) Analytical bounds: Initially, we assume that call
preemption does not occur. We derive upper and lower
bounds on the call acceptance probability for the case of
single-hop and multi-hop calls respectively. Consider a
node j and the region spanned by its transmission range
R(j). Any call passing through R(j) uses up some number of
slots. The number of slots used up in the region R(j)
depends on the number of calls originated from node j, the
number of calls from any of the neighbors of node j, the
number of calls that originate from outside R(j) and are
terminated at some node in R(j), and the number of calls
that originate from outside R(j) and are routed through R(j).
A slot is said to be free in R(j) if no nodes in R(j) are either
transmitting or receiving in that slot (i.e., slot is free at all
nodes in region R(j)). In Fig. 3, node A transmits to node B
on slot 1. Node D transmits to node B on slot 2. Node E
transmits to node C on slot 3. If the network had a total of 5
slots, the free slots at node A would be {2,3,4,5} while the
free slots in the region R(A) would be {4,5}.

We can thus view R(j) as a server of slots for which the
calls contend. Although the distribution of call arrivals of a
particular class at each node is known to be Poisson, the
distribution of calls arriving at R(j) is not Poisson due to the
splitting of the Poisson streams (Consider calls arriving at a
node based on a Poisson process of mean A. Assume that
the node has to forward the call along one of two links. If
the node forwards calls in a non-random manner, the
arrival of calls at the downstream node will no longer be
Poisson). We make use of Kleinrock’s Independence
Assumption, according to which, for moderately heavy call
arrival at each node, the net call arrival at the region R(j)

Fig. 3 An example to distinguish free slots at a node and free slots in
a region
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can be regarded as Poisson. Thus, calls of a class-k arrive at
R(j) according to a Poisson distribution with mean:

i=N
() = fili )
i=1

where f;(i, j) is the fraction of class-k calls originating in node i
that pass through the region R(j). This can be rewritten as:

(i) = | Do RGN+ ING+1 |k (1)

iZR(j)

where N(j) denotes the set of nodes in the transmission
range of node j. The parameter f;(i, j) is dependent on the
routing protocol. For a protocol such as shortest-path
routing, which leads to heavy loads in the center of the
network, f;(i, j) would be high for nodes j (1 < j < N)
located near the center. For protocols that implement load-
balancing, the value of fi(i, j) should be fairly uniform
across the nodes.

The state of the system R(j) is given by the number of calls
of each class being served (each of which uses up some of the
slots of R(j)) by R(j). We thus model R(j) as a K-dimensional
discrete-time Markov process' X(1) = (n;,..., ng), where
denotes the number of class-k calls being served by R(j) at
time ¢ [14]. The use of a Markov process is appropriate here
because for these wireless networks, the slot allocations at
any instant of time only depend on the allocated slots at the
previous instant and the arrivals and departures of calls in
that instant. A process that has greater dependence on the
past may be appropriate in modeling systems which attempt
to achieve long-term fairness of slot allocation, for example.
However, for the setting considered in the paper, a first-order
Markov process is a natural model.

We denote: P((n/,..., n)(ny, ..., ng)) = PXX( + Af) =
ny,..., nHX(@® = (ny, ..., ng)) as the probability that the
system R(j) is in the state (n)/, ..., ng’) attime t + At givenitis
in the state (ny, ..., ng) at time t.

P((m,...ome+ 1, ng)|(n1, .. ey -« oong)) = A (j) At
(2)
P((ny,..ome— 1o ong)|(nyy .oy mgy - oy ng))
= myAt, ng >0 (3)

We have used a discrete-time Markov chain in our
setting. The approximation used in this setting however is

' In the most general case of a model corresponding to K classes of
calls in a network having B slots, the Markov process has (KZ,B)
states. This is not a problem for the current analysis since the
transitions between the states are restricted: every state has at most 2K
neighboring states, and the processes associated with any given
regions are decoupled. Further, we are interested in only the steady
state of the process and not in the paths traversed. The state-explosion
needs to be tackled for an analysis that considers coupled processes or

preemptive calls: the interested reader may refer [12] and [13].

that the probability of more than one call arriving or
departing within a super-frame is low. This is a valid
approximation when the super-frame lengths are small (as
is the case for the case for wireless networks with high
bandwidth). In this scenario, the system has transition
probabilities that are similar to those for a continuous-time
Markov chain for a small interval. In effect, the system
has transition probabilities that are identical to those
described in above equations. The state-transition diagram
representing the transitions into and out of one of the states
of the Markov process is shown in Fig. 4.7

The Markov process has a unique steady-state proba-
bility distribution [14]. Using Eqs. 2 and 3 along with the
normalization of probabilities, we can calculate the prob-
ability that the system is in a particular state (ny,..., ng) as:

Hpk(] nk (4)

where p, () = 24 and G(j) = D 0<nting <B fif%
isa normahzatlon factor.

We would now like to extend this Markov process to
distinguish between calls that terminate in a node in R(j)
(call them type-U calls) and those that do not (type-V
calls). Let us say that a fraction f of the calls terminate in
some node in R(j). If the destination were to be chosen
randomly, then f = % The state of the system is now
given by:

P((nlv”'v

(nl,U, ny, My, v,... KU, nK,V)

where n; p is the number of class-k calls that are type-U
calls in R(j) and n; y is the number of class-k calls that are
type-V calls.

The probability that the system is in a state (n gy,

Ny, N, Ngy) 18
k= ﬂkU 1A%
1 Pk o™ prv (i)
P((m,u,niy, .. ngu,nkyv)) = == ,
E(j) =1 ! wae
() 1)) N
where  p y(j) = w Pk i) = T’ and  E(j) =
k= Kﬂku( )R pry ()"
Zn].Uyn],Vs--w”K.,Uynk.V k=1 nyy! nyy! IS a normahzatlon
factor.

The probability that the system is in a state (1 y, 12 y,. ..,
ng.y) (a state in which there are n, y class-1 type-V calls,
n,.y class-2 type-V calls, and so on) is:

1 oy (f)'rlk'v (s)

H(]) k=1 Hy,v-

P((”l,v, .. .,nKy)) =

2 For the case of preemption, the system can move between certain
other states. Corresponding to the case of preemption of a class-2 call
by a class-1 call, the system can move from the state (ny, n,,..., ng) to
(ni+1,n —1,...,ng), n > 1.
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Fig. 4 The transitions into and (n
out of one of the states of the

n,..n K)] [(nl, nz—l, IS | K)j

Markov process representing
the region R(j). For the state (n;,
no,..., ng), np >0, n, > 0,...,

(n,+1), At

x GHAt n po At xz(j)m

A (GHAt

ng >0 [(nl—l sl s ],(l\\ - g -wnk)j

N, ...0,.., n l() xi MAt

7» (J)At n,u, At

[(nl+1 1 I S ) (n,+1)u, At (,n,..nsl,...n K)]

MDA ng A DAL g L A

(n] B (DR | I n K—l)] [(nl N DS K+1)]
k=K pry (i)"Y Theoretical upper bound for probability of call accep-
where H(j) = o<y iiney < LLich kflkv, is a nor- PP for p ty of p

malization factor.

(1) Call acceptance probability: In this section, we are
going to derive the call acceptance probability of both
single-hop and multi-hop cases for a non-preemptive sys-
tem (a system where the accepted calls are not dropped for
a new call).

Lemma 1 PNumber of used slots in a region
R() < x) < P(Number of type-V calls in R(j) < x), where
xeN.

Proof For every type-V call, at least one unique (till then
unused) free slot in the region R(j) must be used (see
Fig. 5). Thus:

Number of type-V calls in R(j) > x =
and
Number of used slots in R(j) <x =

Hence P(Number of used slots in R(j) <x)

tance: We now derive an upper bound on the probability of
call acceptance for the cases of single-hop and multi-hop
calls.

Single-hop case: Consider a single-hop call from node j
to its neighbor node /. For the call to be accepted, at least
one slot must be free in the region R(j). Thus P4.. (prob-
ability of a single-hop call is accepted) is:

Pacc = P(Number of free slots > 1)
= P(Number of used slots <B — 1)

where B is the total number of slots in the system. From
Lemma 1:

Number of used slots in R(j) > x

Number of type-V calls in R(j) <x
< P(Number of type-V calls in R(j) <x) O

Pace < P(Number of type-V calls<B — 1)

Lemma 2 P(Number of calls in a region R(j) < x) < <1 — P(Number of type-V calls > B — 1)
P(Number of used slots in a region R(j) < cx), where x € N <1 — P(Number of type-V calls = B) (6)
and c is the routing-algorithm dependent constant factor s
that denotes the maximum number of nodes on a path that  p, <1 _ H 1P R4
lie within the transmission range of any node on the path. ALy-Ha vtk y=B (] o !
Proof
Number of calls in R(j) <x = Number of used slots in R(j) <cx
Hence P(Number of calls in R(j) <x) < P(Number of used slots in R(j) < cx) O
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Fig. 5 In the region R(j), C1 and C4 are type-U calls; C2, C3, and C5
are type-V calls. For each type-V call, we see that at least one slot that
has not been used so far in R(j) must be used. For the type-U calls, slot
reuse is possible in some cases

For the case of a single-class of calls, Eq. 6 reduces to

LPLV(J.)B

Paoe <1 ———
A H(j) B

(7)

Multi-hop case: We set the constant ¢ = 3. Consider a
(M — 1)-hop call (M > 3) setup along the nodes (py,..., Py)-
When a slot is reserved for transmission between p; and p,,
the total number of free slots at R(p,) decreases by 1 (since
the slot cannot be used for transmission from p, to p3). Thus,
the total number of slots available at R(p,) can be considered

ev'
SO
——> Slot#1
wimememen D> Slot #2

!

.............. > Slot #3

Fig. 6 Multi-hop call setup. R(P;) needs slot #1 to be free. R(P;) now
cannot use slot #1 and requires slot #2 (some other slot) to be free.
R(P3) cannot use slots #1 and #2, and requires slot #3 (any other slot)
to be free. R(P,) can transmit in slot #1 if it is free

A call is successfully forwarded in region R(j) if slots
can be found in R(j) so that the call having arrived at node j
is forwarded to its next hop in the path. For the call to be
accepted, it must first be successfully forwarded in the
region R(p,), must then be successfully forwarded through
each of the regions R'(p,), R"(p3),..., R"(par—1). A neces-
sary and sufficient condition for successful forwarding is
the presence of at least one free slot in each of the inter-
mediate regions.

Thus Py is given by:

P = P(Successful forwarding of call in R(p;))
x P(Successful forwarding of call in R'(p,)|Successful forwarding of call in R(p;))
x P(Successful forwarding of call in R”(p3)|Successful forwarding of call in R'(p,))

X

P(Successful forwarding of call in R”(py_1)|Successful forwarding of call in R"(py—2))

Pycc = P(No. of free slots in R(p;) > 1)

x P(No. of free slots in R'(p;) > 1|Successful forwarding of call in R(p;))
x P(No. of free slots in R”(p3) > 1|Successful forwarding of call in R'(p2))

X

P(No. of free slots in R”(py—1) > 1|Successful forwarding of call in R (py—2)) (8)

as B — 1. Call this modified region R’ (p,). When slots have been
reserved between p; and p,, and between p, and p3, the number of
free slots at R(p3) decreases by 2 so that the total number of slots
at R(p3) can be regarded as B — 2. Call this modified region
R (p3). The number of slots, for the regions R(p3),.. ., RPps_1)),
is thus effectively, B — 2 (since ¢ = 3). (Thus, according to this
notation, a region R'(j) has one fewer slot, while R’ (j) has two
fewer slots). A multi-hop call setup for M = 5is shownin Fig. 6.

From Lemma 1I:
Pace <P(No. of type-V calls in R(p;) <B — 1)
xP(No. of type-V calls in R'(p,) <B —2)
x P(No. of type-V calls in R"(p3) <B — 3)
X. ..
P(No. of type-V calls in R"(py—1) <B — 3)
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=K Yk
Ppcc < I Z : ) . ngy!

H(p
nyy+nyy+...+ngy=>B g

k=K 1
«[1= S 1 Pry (p2)"™sV
H'(p2) nyy!
nyy+nyy+...4+ngy=B—1 k=

k=K e
_ 1 Pry (p3)"cY
x| 1 Z H"(p3) H ngy!
niy+ny,y+...+ngy=B-2 k=
P, V(I’M 2
x..[1- 5 s H
nyy+nyy+...+ngy=B—2

Pry (Py— l) i
x| 1- > T H ey
nyy+nyy+..4+ngy=B-2

—_

9)
k=
where (J) Zo<nlv+ “+ng v <B— IH kaz;flv and
k=K pryv
H'()) =2 0<n yroiney <2k K””E_]‘)/! . For the case
of a single-class of calls, Eq. 9 reduces to
B
1
P < |1 p1v(p1)
H(p;) B
« 11— 1 Pl,v(Pz)Bil
| Hp) B 1))
ol 1 piy(pa)’?
H'(ps) (B—2)!
1= 1 /)L,V(I’zmz)m2
| T H pun) (B-2)!
B-2
1 .
x[1-— pry(Py-1) (10)
H'(py-1) (B—2)!

The RHS (Right Hand Side) of Egs. 7 and 10 are hard
to solve for in a closed-form. For moderate-to-heavy
traffic, p > 1 and the inequality remains valid if we
replace pyy(p), 1 <j < M — 1 by pY'{* (the maximum
value of p; y(p;) across all the regions). Denoting the RHS
as Pilex.

B
1 Max
Pl =1 — ﬁpl ‘1/9' for single-hop calls (11)
MaxB axB—1
pMax _ 1_lP1V ol 1P1VM
Ace H B H (B—1)!

1 p MaxB—2 M-=3
x[l ”7] for multi-hop calls ~ (12)

H (B—2)!
b b
b=B p; M ’ b=B—1 pi "
where H=), (=5— H =% ,", —, and
/7
" __ b=B—2 py "
H" = b=0 b! .

Theoretical lower bound for probability of call accep-
tance: In this section, we derive lower bounds on the
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probability of call acceptance for the case of single-hop and
multi-hop calls.

Single-hop case: For the single-hop case, a call from
node j to its neighbor node 1 is accepted if there is at least
one free slot in the region R(j). From our assumption about
the fact that the routing protocol satisfies the property that
at most ¢ nodes on the path can hear any other node on the
path, we have for a given number of calls in the region R(j)

Pacc = P(Number of free slots > 1)
= P(Number of used slots <B — 1)

Using Lemma 2

Psce > P (Number of calls < { J )

13)
1 (
>

(]) + ++Z < |_37J k=1

ny+ny ng s |75

k= )"
where G(j) = Zo<m+ +ng <B [Tz fpklz)! :
For a single-class of calls
,LB IJ i—B N
PL(I) P10)
Ppee > — ~~ where G(j) = .,
G(]) ; i! — !
(14)

Multi-hop case: Consider the attempt to setup an
(M — 1)-hop call (M > 3) along the nodes (py,..., puy)-
The probability of call acceptance is given by Eq. 8. From
Eq. 8 and Lemma 2:

B—-1
Pace > P(Number of calls in R(p;) < {—J)
c
.o B—-2
x P | Number of calls in R (p;) < |——
¢

B-3
X P(Number of calls in R” (p3) < {TJ)

X ...P (Number of calls in R" (py_1) < L

=)

Po> b Z 1 e
Aee= G(pl) nk!
ni+ny+--+ng < L%J k=1
X ! Z b pr(p2)™
G'(p2) — ng
ny+ny+-+ng < ng k=1
G"(pm-2) et < LHJ P !
_1 Pk (PM 1)
o) 2 H
nytmy+-tng < LB(—JJ =1



Wireless Netw (2010) 16:291-310

299

K=K (i)
where G'(j) = >0 < oime <81 1 L= pk}g’k, and G'(j) =

) [Tioy el
0<nj+-+ng <B-2 m!

For the single-class case:

RS mw‘

Z pl(pl.\/lfl)i (16)

Using the same approximations as in Eqs. 11 and 12, we
can determine the minimum value of the acceptance
probability Py

i= B—-1 i
Min 1 L J pMm )
Piow =— for single-hop calls (17)
G i=0
[ =2t i i= BL ini
PMm B l |_ c J pMm y l |_ JpM
dee TG il G il
-0 v -0 v
- . M-3
1 = LK_ZJ pMin’
X | = n for multi-hop calls (18)
i—0 b
where G =YTEO G o S and G =
i= Max?
Zl g zpz! .

(2) The Case of Preemption: The analysis so far has been
done under the assumption that high-priority calls cannot
preempt lower-priority ones. However, a realistic scenario
may require that high-priority calls are ensured high proba-
bility of call acceptance. This may require introduction of
preemption into the system. The analysis of the steady-state
probabilities of a preemptive Markov process is a difficult
problem. The stationary distribution of the highest priority
calls can be easily obtained since these calls effectively
ignore the presence of other low-priority calls. Thus, the
stationary distribution of the class-1 calls is the same as that
of the single-class system given in Egs. 11, 12, 17, and 18.

(3) System Saturation Probability: For the case of a
single-class of calls, the probability that the network is

saturated i.e., no further calls can be accepted is given by
Pg,,. If the number of type-V calls in a region is B, then this
would require at least B slots to be used, and no further
calls can be accepted.

P(Saturation in R(j)) = P(B slots are used)

P(Saturationin R(j)) > P(Number of type-V calls at R(j) = B)

1 Pl,v(j)B
“H(j) B
(19)
i=N B
1 P1v
PSat > (20)
P 1H(l
N
1p MaxB
Pru> [ﬁ—lv; @

(4) Calls with Varying Bandwidth: We now consider the
case where the calls have varying bandwidth requirements
i.e., in other words, each call uses up different numbers of
slots. The class of the call is determined by its bandwidth
requirement. So we now have K classes of calls. Class 1
calls require 1 slot, class 2 calls require 2 slots, class k calls
require k slots, and so on. We assume that the calls of all
classes have equal priority, i.e., no call preemption in the
network. The varying number of slots changes the results
presented in Lemmas 1 and 2. If we were to consider the
type-V calls in a region R(j), a type-V call of class i, 1<i < K
would consume at least 7 slots. Hence, Lemma 1 is replaced
by

Lemma 3 P(Number of used slots in a
R(;)<x)<P(Zl {i-ny <x), where x € N.

region

Similarly, Lemma 2 is replaced by

Lemma 4 P(3 %, i n;<x)< P(Number of used slots
inaregionR(j) < cx), wherex € N.

Plugging these inequalities into the derivation for
bounds for the single and the multiple hop cases, we get the
following bounds for the call acceptance probability for a
class b call which requires b slots:

Py —1— Y
B-bt1< " imy<B
Max"k‘/
H for single-hop calls  (22)
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Plep)=1- Y

X | 1—

Z 1 Pryv
H"(b) !

B-3b+1<> " imy<B-2b

for multi-hop calls

Max"k,v

where H(b)= > ]:[p”nkv
nglei‘ni,VSB

k=K Max"kV

, " —
Y andH' ()= Y

H'(b)= >

OSZ(< i-njy<B—b

Hpk

Max"ky

)
o~
<

n
=1 Y 0<3°F imy<p-2pk=!
Pec (D)
1 kap Min"k
=G Z H k — for single-hop calls
( )O< K in; < 222 k=1
= =1 =t
(24)
1 k=K pkMin”A
Min
b —
Acc( ) G(b) Z ]]:[1 }’lk'
0< Y im < B2 T
1 k=K pkMinnk
X
G b) KZ 1!:[1 ng!
0< Zi:l ini < B2 T
- M-3
1 k= Kp Min"
x G//( ) Z H nk
L 0<Z lln,_Bcsb k=1
for multi-hop calls
(25)
_K ) Max
where G =X, g, T 6 0) =
<D s
k=K Max"k
20« S im<p-p L=t B and G'(b) =
k=K p M
Z0<§: i <B=2b L k=1 knk‘

Note that these bounds tell us that it is not possible for a
call requiring more than to be setup on a path of length
greater than 2, which is 1ntu1t1vely obvious.

(5) Some examples: Example I Consider a scenario
where all nodes are within each others’ transmission range.
Also, there is just a single slot in the TDMA system i.e.,
B =1 so that only one class 1 call can be active in the
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system. Also all calls belong to the class 1 and hence have
the same bandwidth requirements. The entire network is
now a Markov process with two states: state 1 in which
there is a call that has been accepted into the system and
state 0 in which there is no call active in the network. The
system moves from state O to 1 when a call arrives at any of
the nodes—this process is Poisson distributed with mean
NA. We can compute the probability that system is in each
state. Consequently, the probability that a new call is
accepted is Pa.. = P(state 0) = ]+ P = Nf For a single-
hop call, from Egs. 11 and 17, we get PY“ = pifin — 1ip

Example 2 Consider another scenario where there are
three nodes A, B, and C so that A and C are neighbors of B
but A and C are not neighbors. There are 2 slots in the
TDMA system. The system behavior can be modeled as a
Markov process with states representing all possible con-
figurations of class 1 calls in the system. In this case, there
are 4 states corresponding to 0 calls, 1 call that occupies a
single slot (a call from A or C to B), a single call that
occupies 2 slots (a call from A to C), and 2 calls. The
resulting transition matrix and steady state probabilities are
shown in Table 1.

The probability of acceptance of a single-hop call
Pace = P(0) + P(1) = lip The corresponding bounds
from Eqgs. 11 and 17 reduce to P} = m and Pie =
li(:]i; 22 It is easy t(?n Vefllmfy that P}l < P,.. < Pie*. Define
Ap) = max(%,%). We can show that
A(p) = 0(1) for p— oo and A(p) = o(1) for p—0.

The probability of acceptance of a two-hop call Py, =
P(0) :m. The bounds are now Pie =
and Pilin —= T Again A(p) =
A(p) = o(1) for p—0.

(6) A Summary of the Results:

T+p+1p?
0(1) for p—oo and

e The Egs. 11, 12, 17, and 18 suggest that the call
acceptance decreases with system load, this decrease
being rapid at high loads.

e For an incoming call’s chances of acceptance to be
maximized, Eqs. 6 and 9 suggest that the minimum p(j)
across the network be maximized: this suggests that
load-balancing would help improve the acceptance rate.

Table 1 Transition matrix and steady state probabilities for the
system described in Example 2 of Sect. 3B.5

State 0 1 2 3 Probability
) 1
[7
2 e 0 0 0 (l+2[))gl+p)
2p
3 0 2 0 0 T2)(57)
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e If all the nodes are within the transmission range of one
another (all communications are single-hop), then the
upper and lower bounds (Eqgs. 11 and 17) converge
with p.(j) = Nﬁ—i.

e To ensure that the call acceptance is always above a
certain threshold irrespective of the load, Eqs. 17 and
18 indicate that the network must be well-provisioned
i.e., B must be sufficiently high.

e The Eqgs.22-25 suggest that the call acceptance
decreases with bandwidth requirement and system
load, this decrease being rapid at high loads.

e As boundary cases, the following are seen to hold for
the call acceptance rates: As the number of slots
increases, it tends to unity. As the call duration
increases, it approaches zero.

(7) The case when the interference range is not equal to the
transmission range: In this section, we relax the assumption
that the interference range of a node is equal to the transmis-
sion range. Nodes that lie within the transmission range of a
node j can send packets to and receive packets from node j. On
the other hand, a node that lies in the interference range of
node j but outside the transmission range can disrupt com-
munication involving node j in a slot by transmitting in the
same slot, although they typically cannot communicate reli-
ably with node j itself. We denote the interference range by O
and the transmission range by R. When Q > R, we now have
nodes that lie outside the transmission range of a node j that
can interfere with the communication involving node j. This
reduces the spatial reuse of slots. The decrease in spatial reuse
is indicated by an increase in the constant ¢ introduced in
Sect. 3A. Ifthe paths chosen for routing are such that, less than
¢ consecutive nodes on the path lie within the interference
range of one another, then the call can be routed along the path
using at most ¢ slots. Here, we estimate ¢ as a function of Q and
R. Thus, for the more general case of Q > R, our earlier
analysis can be carried through using the appropriate ¢ and by
replacing the notion of transmission range with that of inter-
ference range.

We maintain the earlier assumption that for three nodes A,
B, C that are within distance R of one another, calls will
always be routed from A to C along the direct link (A, C)
instead of links (A, B) and (B, C). Consider a path consisting
of nodes (1, 2,..., ¢). We denote the distance between two
nodes (i, j) as d(i, j). We want to place these ¢ nodes so that

dii+1)<R, ie{l,2,...¢—1} (26)
R(1+40)<d(i,j) <0,

J@lii—lit1)ie{l,2,. .. ¢} (27)
R(1+0)<d(l,¢)<Q (28)

Here ¢ is a small positive constant and we need Q >
R(1 4+ ). These constraints ensure that the consecutive

nodes on the path (i, i + 1),i € {1, 2,..., ¢ — 1} can
communicate, the non-consecutive nodes cannot
communicate, and that any pair of nodes can interfere
with one another.

To construct ¢ such points, consider a regular polygon
of ¢ + 1 points with the nodes {1, 2,..., ¢} mapped to
consecutive points of the polygon (except the point ¢ + 1
which has no node mapped to it). Let r be the radius of the
circumcircle of this polygon. Then the distance between
consecutive nodes d(i,i+ 1) =2rsing’; <R. The dis-
tance between non-consecutive nodes d(i,j) > 2r sin 2% >

P+ =
R(1+ ). The maximum distance between any pair of
nodes 2rsin ) L@ = Q. Combining these three
constraints
sin(z7) _ R - 1 sin(ﬁ) 29)
R 1\ — = R 1
sin(Z7 [44]) T @ 7 1+ dsin(E [4)

We are interested in the maximum value of ¢ 4+ 1. This
gives us the value of the parameter ¢ for the given ratio % .To
see this, consider a call whose path includes the path from 1
to ¢ i.e., the call arrives at node 1 from some node j &
{1, 2,...,¢}, follows the path {1, 2,..., ¢}, and then is
transmitted from node ¢ to some node k ¢ {1,2,...,¢}. Say
node 1 receives the call onslot 1. Each of the links (i, + 1),
€ {1,2,..., ¢ — 1} must use a different slot, say i + 1,
because these nodes interfere with each other. Finally node ¢
transmits the call to node k on slot ¢ 4+ 1 due to interference
from the remaining nodes in slots {1, 2,..., ¢}. Thus

B sin(7fy) R(1+5)
c=arg mfx (sin(” L% ) > 0 > (30)

P+l

The dependence of ¢ on the ratio % is shown in Fig. 7.

We see from the figure that for the common case when the

11

10t 1

QR

Fig. 7 The dependence of the parameter ¢ on the ratio of the

interference range to the transmission range (¥)
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interference range is not much bigger than the transmission
range, c is at most 6.

(8) The failure of shortest-path routing: The analysis
tells us that the parameters, the call acceptance probability
and the system saturation probability depend on the load on
the network, the hopcount of the path, and the routing
protocol. We first look at the performance of shortest-path
routing relative to the theoretical guarantees. The routing
protocol is related to the call acceptance and the system
saturation probability through the factor fi(i, j) specified in
Eq. 1.

Shortest-path routing: Shortest-path routing computes
the shortest-path between the source and the destination
where the distance refers to the Euclidean distance between
the nodes. In a highly dense network, the authors of [15]
proved that the average path length obtained when shortest-
path routing is employed in 0.905R where R is the radius of
the network. This leads to heavier load at the center region
of the network. We simulate shortest-path routing and
measure the call acceptance rate. The Figs. 8 and 9 indicate
the loading of the center of the network, and decreasing
load away from the center where the ring can be regarded
as a unit of distance from the center (refer Sect. 5 for more
details). The Figs. 10-12 show that the shortest-path
routing has a call acceptance rate much below the theo-
retical limit. Note that even in Fig. 10, the system has
several calls with varying hops, which would be the case in
a realistic scenario. The results shown in Figs. 10-12 are
got by measuring the acceptances for single-hop, 2-hop,
and 3-hop calls, respectively. The reason that shortest-path
routing performs badly is due to the fact that a majority of
the calls are routed through the center of the network
resulting in a high load in the center. This problem suggests

5 T T T
4 i
3 ]
2 ]
11

0 I

Ring O Ring 1 Ring 2 Ring 3
Ring number

Normalized average f

Fig. 8 The normalized average fraction of calls being routed to a
node with increasing distance from the center for shortest-path
routing. The arrival rate is 0.04 call per second at a node

@ Springer

N
!

Normalized average f

1 I

0’ , , ,

Ring 0 Ring 1 Ring 2 Ring 3
Ring number

Fig. 9 The normalized average fraction of calls being routed to a
node with increasing distance from the center for shortest-path
routing. The arrival rate is 1 call per second at a node

PAcc vs p
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p

Fig. 10 Call acceptance of single-hop calls using shortest-path
routing versus varying load

the use of load-balancing to alleviate the formation of
hotspots and to increase the call acceptance.

(C) Deterministic guarantees: Our aim is to ensure that a
certain number of calls in the network can be assured of
acceptance. We can do so by pegging these calls at a high
priority. Consider the following rank-based priority
scheme: (Fig. 13) Calls are prioritized according to the
classes to which they belong. In addition, calls that belong
to the highest priority are further allocated to sub-classes
which are based on the address or ID of the source of the
call. Further, call admission ensures that only one call of a
given sub-class exists in the system. This implies that a
particular node can originate only one such highest priority
call. Preemption is permitted amongst the sub-classes
themselves so that a high-priority sub-class has a better
chance of acceptance. Hence a scenario can be envisaged
as follows: the network is deployed in a military scenario in
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Fig. 11 Call acceptance of 2-hop calls using shortest-path routing
versus varying load
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Fig. 12 Call acceptance of 3-hop calls using shortest-path routing
versus varying load

—— PAcc=1

Class 1
—— PAcc =PAcc_Classl <=1

Class 2
—T— PAcc = PAcc_Class2 < PAcc_Class1

Fig. 13 Rank-based priority scheme

which the nodes are under the control of various commu-
nicating officers. The node ID can be assigned based on the
rank of the officer using the node. Calls are prioritized at
the time of call admission into various classes. These calls
then have probabilities of acceptance depending on the

class to which they have been assigned and the network
state. In addition, the calls of the highest priority class are
assigned to sub-classes based on their node ID. Thus, to
ensure that the call of the highest-ranking officer (say the
General) always gets through, the general’s node would be
assigned a high-priority node ID. Thus, a set of nodes can
be designated to ensure certain call acceptance. To ensure
that these guarantees provided are effective, we need to
estimate the number of calls (which is equivalent to the
number of sub-classes) for which certain call acceptance
can be ensured, and the call acceptance for the sub-classes
which lie outside the former class.

(1) Deterministic Guarantee Limit: The Deterministic
guarantee limit D refers to the number of sub-classes of the
highest priority class that can be ensured deterministic call
acceptance as outlined at the beginning of this section.
These sub-classes are referred to as the deterministic sub-
classes. From

Number of callsin R(j) = x
= Number of used slots in R(j) <cx

(31)

Ifx= LEJ, then the number of used slots in R(j) < B. If

the total nilmber of sub-classes in the network = L%J, then
for every node j, the number of used slots in R(j) < B.
Thus, this is the number of sub-classes that can be
definitely accepted by every region of the network at a
given time. By allocating a unique set of slots to each of the
|2] sub-classes, we can ensure that calls of these sub-
classes are accepted (of course, any lower priority calls
may need to be preempted in the process). Thus, the
Deterministic guarantee limit D> |2|. This implies that |2|
sub-classes can be ensured deterministic call acceptance.
However, this being a lower bound it may be possible for
some more sub-classes to be ensured of this deterministic
acceptance.

Independence of the guarantee limit and mobility: At
this point, we also would like to point out the effect of the
mobility of the nodes on the limit. The deterministic
guarantee limit is independent of the mobility. The set of
sub-classes {1,...,|8|} are ensured of deterministic
acceptance even in the face of node mobility. Mobility in
the network leads to path breaks and, subsequent, route
reconfiguration attempts. In any such attempt, the calls
belonging to the deterministic sub-classes retain their pri-
ority. Thus, these calls are guaranteed resources during the
reconfiguration.

(2) Probability of acceptance for the probabilistic sub-
classes: The sub-classes other than the deterministic sub-
classes are referred to as the probabilistic sub-classes.
Since sub-classes are assigned based on node IDs, there are
N sub-classes, designated {1,..., N} in decreasing order of
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priority. We are considering the call acceptance of a call
belonging to a sub-class n > LIEJ (all calls in any of the
sub-classes {1,..., |2|} are of a higher priority than this
call and are within the deterministic guarantee limit) at a
time t. We denote the probability that a call of sub-class i
exists in the network at time ¢ by p;(¢).

Let g,(t) = 1 — pi(¢). Denote: the acceptance of call of
sub-class n as ACC,,, and the number of calls € sub-classes
{1,...,n — 1} as Count(1,n — 1). Asin Eq. 31, if Count(1,
n — 1)is less than ||, then for every node j, the number of
slots used by calls of these sub-classes is < B — c¢. All the
remaining c slots are either free or are used by lower-priority
calls which can be preempted by the call belonging to sub-
class n. Thus, the call of sub-class n can be accepted. Thus

B
At time ¢, Count(1,n — 1) < {—J
¢

= Call of sub-class n is accepted (32)

B
P(Call of sub-class n is accepted|Count(1,n — 1) < EJ)

=1
(33)

By denoting the probability of acceptance of the call
belonging to sub-class n at time ¢ as P, (2):

Py(1) = {P (ACC,1|C0unt(l,n 1)< FD

c

Xp(Counf(lvn_ < EJ)}

+ {P(ACCACount(l,n 1) > {BD

xP(Count(l,n— 1)> {gJ)} C (34)
P,(t)>P| Count(1,n—1) < g
Py(1) 2 ( > Hl’l(f)D q:(t) (3)
SC{1,...n—1}|8] < H les re{l,...,n—1}-S

When the calls at each node follow an identical
probability distribution i.e., p;(t) =p(t),Vj € {1,...,N},
Eq. 35 simplifies to

PN
Py(t)> ) ( . 1>P(t)’q(t)"_"l (36)

1

4 Load-balancing

We consider the following strategies for load-balancing:

e Ring-based routing: Ring-based routing [15] transfers
the load from the center to the periphery of the network.
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The scheme makes use of heuristics to balance the load.
We define the following terms:

— The center node or center of a network, C, is the
node for which,

maxy,(HC(C, x)) < miny,(maxy,(HC(y,z)))

for all nodes x, y, and z in the network.

Here HC(a, b) denotes the hopcount of the shortest path

from node a to node b.
Each node in the network belongs to a Ring
denoted by Ring(r;, r;11). A Ring is an imaginary
division of the network into concentric rings about
the center of the network. The thickness of the
ring is given by r;,; — r;.. A node that belongs to
Ring; lies at a distance in (r;, r;, ;) from the center
of the network.

e The load balancing heuristic that we use is a Preferred
Outer Ring routing Scheme (PORS) [15]. In this
strategy, traffic generated in a node in Ring; and
destined for a node in Ring; must not go beyond the
rings enclosed by Ring; and Ring;. Further, the packets
must be preferentially routed through the outer of the
two rings. Thus, for nodes belonging to the same ring,
packets must be preferentially transferred in the same
ring. For nodes belonging to different rings, all angular
transmissions must preferentially take place in the outer
of the two rings while the radial transmissions transfer
packets across the rings. Thus, PORS affects the
hopcount while at the same time moving most of the
load away from the center.

e Bandwidth-limited routing: Bandwidth-limited routing
is a more direct form of load-balancing that uses an
estimate or measurement of the available bandwidth to
select a path. It differs from the two previous methods
(shortest-path routing and PORS) in that it is dynamic:
constantly adapting to changes in the network state.
There are two opposing metrics that such a scheme
attempts to reconcile. It tries to choose paths with the
highest available bandwidth. These paths, usually, tend
to be longer than the shortest path. As a result, the
available bandwidth of the path, which is the minimum
of the available on the constituent links, is more likely
to decrease.

The scheme that we use is based on the Shortest-dist (P, n)
studies in [16]. We use a variant of this heuristic. The weight
for the link (u, v) is weighted by W where B(u, v) is the
estimated bandwidth of the link, and » is a weighting factor.
We simply estimate this as the minimum of the number of
free slots at nodes u# and v. The intuition behind this heuristic
is that when the links are weighted thus, shortest-path routing

will select a path that minimizes ZijBi where k is the
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number of hops, d; is the Euclidean distance of the ith hop,
and B; is the estimated bandwidth of the link traversed on the
ith hop. This heuristic tends to select links with high avail-
able estimated bandwidth that would also form a short path to
the destination. We set the exponent n to 1 for our
experiments.

5 Simulation studies

To study the actual behavior of the parameters of interest,
we built a TDMA based Ad hoc wireless network simulator
in C+4++. Our simulator models the wireless system
described in Sect. 3A and B by taking into account the
broadcast nature of wireless medium, in the same way as
the well known simulators such as NS-2 and QualNet
model the wireless networks. Unlike these simulators, our
simulator lacks any modeling of radio propagation path-
loss and fading effects in wireless environment. However,
as our objective in this work is to study the influence of
routing protocols on the call acceptance rate, which is a
measure of the number of calls that can be admitted into
the network, our work does not involve collecting any
results after a call is established. The call acceptance
measurement is performed by the call admission control
module while admitting calls into the network. Hence the
results presented in this paper do not get affected by actual
packet exchanges in the network. But metrics such as call
drop ratio, packet delivery ratio, and end-to-end delay
involve collecting measurements after calls get admitted
into the network and hence require sophisticated simulators
like NS-2 and QualNet implement radio propagation
models in wireless environment.

Call admission involves two steps: finding a path using
one of the routing protocols discussed and reserving slots
along the path. Slot allocation for a particular call is done
in a greedy manner. If at any intermediate node, the
number of free slots is found to be inadequate, the call is
rejected. Calls are generated at each node according to a
Poisson process and the accepted calls have an exponen-
tially distributed call duration. The nodes are not mobile.
The parameters of the simulation are specified in Table 2.
The simulated network has 50 nodes which are distributed
in a uniformly random fashion over a terrain of
1,000 m x 1,000 m. Transmission range of a node is
300 m. Interference range of a node is equal to its trans-
mission range. For each call the destination node is chosen
uniformly at random from all other nodes present in the
network. Simulation runs are carried out for 20 seeds and
each simulation run is for a duration of 200 s.

For the simulation studies, we vary the load by varying
the call arrival rate at each node. We compare the call
acceptance  probabilities for varying values of
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Table 2 Parameters used in the simulation
Parameter Value
Number of nodes 50
Number of slots 32
Terrain area 1,000 m x 1,000 m
Transmission range 300 m
Average call duration 30s
Simulation duration 200 s
Number of seeds 20

p = (Average Call Arrival Rate) x (Average Call Dura-
tion). In order to compare the theoretical values and the
experimental results, we need to translate the p value to the
pllvfﬁx value. Thus, we also measure the average fraction of
calls that pass through a region. This factor is an indication
of the nature of the routing protocol used. We then measure
the call acceptance of calls based on their hopcount for
different routing protocols and compare with the theoreti-
cal limits.

6 Simulation results

(A) Call acceptance probability: We have compared the
probability of call acceptance of shortest-path routing (SP),
Bandwidth-limited routing (BW), PORS, and the theoreti-
cal bounds at different values of load (in terms of p). We
have also studied the acceptance probability for hopcount
values of 1, 2, and 3 (Figs. 14-16). In all the results, the
call acceptance probability value decreases with an
increase in the network load, as expected. Further, the
curves depicting the call acceptance probability values of
SP, BW, and PORS lie within the region surrounded by
PR and PRL.
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Fig. 14 Variation of Call Acceptance versus p for Single-hop calls
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Fig. 15 Variation of Call Acceptance versus p for 2-hop calls
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Fig. 16 Variation of Call Acceptance versus p for 3-hop calls

PORS performs only marginally better than shortest-
path routing (and in fact worse for single-hop calls) while
BW performs significantly better. PORS attempts to bal-
ance the load implicitly by routing calls to the periphery:
this may not be the most effective strategy because nodes
in one ring can interfere with those in other rings. Also it
does not take into account the fact that a longer path would
result in more resources being consumed affecting the
acceptance rate of calls in the future. This is probably the
reason why the single-hop calls have a lower acceptance
rate in PORS. BW, by using an explicit bandwidth-based
load-balancing is evidently more effective. To bring out the
difference in the performance of the three routing algo-
rithms, we compute the fraction of all generated calls that
arrive at a node. We compute the average of this fraction
for all nodes that belong to a ring and hence can be con-
sidered to be at a fixed distance from the center of the
network. The Figs. 17 and 18 plot this average fraction
(normalized so that the least number is 1 and all the others
are divided by this least number) for two different loads on

@ Springer
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Fig. 17 The normalized average fraction of calls being routed to a
node with increasing distance from the center. The arrival rate is 0.04
call per second at a node
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Fig. 18 The normalized average fraction of calls being routed to a
node with increasing distance from the center. The arrival rate is 1
call per second at a node

the network. In both cases, shortest-path routing has a high
load near the center. PORS shifts this load to the periphery
but incurs the cost of higher path length. BW behaves like
shortest-path when the network is lightly loaded but shifts
the calls to the periphery with an increasing load. The
difference between the theoretical upper bound and the
experimental results is partly the result of the approxima-
tions and assumptions used in our model. However, the
difference also reflects the inadequacy of the existing
protocols in load-balancing.

The increase in the call acceptance probability of the
load-balancing schemes as compared to shortest-path
routing indicates the importance of load-balancing in
ensuring better throughput in terms of call acceptance. In
fact, load-balancing seems to be an important method of
approaching P4s. The results indicate that an ideal load-
balancing based routing protocol can come close to the
theoretical upper bound.

(B) System saturation probability: The variation of the
probability of system saturation with load is shown in
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Fig. 19. This metric remains near zero for moderate-to-
heavy loads, and takes on an appreciable value only at high
values of load. This indicates that system saturation is a
rare occurrence for the common values of load. Thus, the
network rarely enters a state where every new call is
rejected. This also implies that for the common values of
load, it is always possible to ensure that some fraction of
the calls are guaranteed acceptance. This fraction is based
on the values of the probability of call acceptance at that
load.

(C) Calls with varying bandwidth: We now consider the
case where the calls have varying bandwidth requirements
as discussed in Sect. 3B.4. The channel capacity is
54 Mbps and slottime is 1 ms. We consider 3 classes of
multimedia calls in the network (i.e., K = 3). Class 1 calls
require 54 Kbps (i.e., b = 1, voice calls), class 2 calls
require 108 Kbps (i.e., b = 2, low-quality video calls),
class 3 calls require 162 Kbps (i.e., b = 3, medium-quality
video calls). The total number of slots available in the

Saturation probability vs p

network is 150, (i.e., B = 150). We assume that the load
(p) is same for all classes of calls. We measure the call
acceptance probability of calls based on their class and
hopcount for SP, PORS, and BW protocols at varying
values of p and compare with the theoretical limits.

The Figs. 20-28 show the variation of the call accep-
tance probability versus load for hopcount values of 1, 2,
and 3. In all the protocols, the call acceptance probability
decreases with an increase in the bandwidth (in terms of
number of slots, b) requirement from Class 1 calls to Class
3 calls. As observed from the plots, the call acceptance
probability decreases more rapidly for multi-hop calls
present in the network. Since it employs explicit band-
width-based load-balancing in the network, BW routing
protocol out-performs other two routing protocols. As
observed from the plots, the curves depicting the call
acceptance probability values for all 3 classes of calls in
the case of SP, PORS, and BW routing protocols lie within
the region surrounded by P4 and P,
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Fig. 19 Variation of Saturation Probability versus p
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Fig. 20 Call acceptance probability of Single-hop calls (b = 1)

versus varying load
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Fig. 21 Call acceptance probability of Single-hop calls (b = 2)
versus varying load
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Fig. 24 Call acceptance probability of 2-hop calls (b = 2) versus
varying load
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Fig. 25 Call acceptance probability of 2-hop calls (b = 3) versus
varying load
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7 Conclusion and future directions

A realistic analysis of the nature of QoS guarantees is
crucial in the design of new protocols and the improvement
of existing ones to handle the growing diversity of
demands on networks. In this paper, we have analyzed a
TDMA based Ad hoc wireless network. We have derived
an upper bound on the probability of call acceptance: a
bound that gives us a measure of the number of calls that
can be allowed into the network, and a lower bound on the
probability of system saturation: a number that indicates
the likelihood of the network being unable to accept any
further calls. Our analysis takes into consideration the
behavior of the routing protocol and the inter-dependence
of resources (time-slots) of neighboring regions in a
wireless network. Further, our simulation studies indicate
that the set of protocols tested fall short of the established
bounds. Amongst the three protocols compared, the one
that incorporated load-balancing out-performed the short-
est-path routing based protocol. This clearly indicates the
importance of load-balancing in the attainment of high
network performance, and the provision of better QoS
guarantees.

We have estimated the deterministic guarantee limit.
This limit indicates that it is always possible to ensure QoS
guarantees for a certain sub-class of calls (the sub-class
being a function of the node ID of the source of the call)
irrespective of the mobility and resource constraints of the
network.

One of the key limitations of our analysis is our
assumption that nodes are not mobile. When the nodes are
moving, the number of nodes in a given region becomes
time-dependent. This in turn is reflected in the factor p
becoming time-independent. We would like to study the
effect of time-dependence of p on the call acceptance. The
experimental studies also need to be extended to compare
other protocols to infer the essential and desirable proper-
ties of protocols that approach optimal-behavior. This will
also serve as a guideline in the design of protocols that
attempt to meet specific QoS guarantees. Secondly, the
current bounds that we have derived are not tight. Closing
the gap between analysis and simulations will provide
further insights into the limits on the capacity of wireless
networks.

A main scope for future work arises from our consid-
eration of the call acceptance problem in the TDMA
setting. While attempting to provide bandwidth guarantees
in wireless networks, two important problems arise. The
first is the call acceptance in the presence of contention for
the system resources. The other important problem is call

dropping in the presence of changes in the configuration of
the system, due to issues such as interference and node
mobility. While this work has only considered the former
problem, the ability to provide QoS guarantees relies on
accurately modeling both problems in a unified framework.
Extending our analysis to non-TDMA wireless networks is
another interesting avenue for further research.
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