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Abstract— The drive toward the implementation and
massive deployment of wireless sensor networks calls for
ultra-low-cost and low-power nodes. While the digital
subsystems of the nodes are still riding Moore's Law, there is
no such trend vegarding the performance of analog
componeitts, This work presents a fully integrated
architecture of both digital and analeg components (including
local oscillator) that offers significant reduction in cost, size
and power consumption of the overall node. While such a
radical architecture cannot offer the reliable tuning of
standard designs, it is shown that by using randomized signal
processing techniques, a dense network of such nodes can
achieve throughput linear in the number of channels available
for communication. Maoreover, the ratio of the achievable
throughput of the untuned network to the throughput of a
tuned network with perfect coordination is shown to be close

to l/e.

Index Terms—Sensor Networks, Network Coding, Untuned
Radios

1. INTRODUCTION

HE emerging field of wireless sensor networks has

become a very active area of both academic research
[1]-[3] and industrial development [4]-[8]. The potential
scenarios for use of sensor networks are far ranging. Some
of the near-term applications include monitoring the
structural  integrity of buildings and bridges [9],
environmental control within living and working spaces
[10], habitat monitoring in animal sanctuaries [11], and
warehouse inventory tracking [12]. The potential
applications that are being considered in the long-term
include such science-fiction-like concepts as smart surfaces
that can respond fo contact or serve as a communication
backplane and airplane wings that can provide real-time
monitoring of and alerts regarding the state of every square
centimeter of the wing surface. It may even be possible to
eventually produce sensor nodes small enough to be
inserted into the blood-stream to provide real-time
diagnostics of factors such as blood pressure, bleed flow,
glucose and insulin levels, etc. '

To make such deployments economically and
technologically feasible, it is necessary to drastially reduce
the cost, size and energy consumption of the nodes
available today. Moore’s Law still provides for exponential

reduction of these metrics over time when it comes to the
digital components that comprise the memory, computation
and coding of the nodes. However, there is no equivalent
trend 1o Moore’s Law that applies to the analog
components needed for the radios that enable the nodes to
communicate with one other. This work introduces an
architecture for the analog radios that can greatly reduce the
cost, size (5x reduction) and energy consumption (10x
reduction) of the nodes. In fact it is expected that the
proposed architecture will allow the energy consumption of
the nodes to be so low that they could be fully powered by
energy scavenged from the environment [13]. The penalty
for using such a radical architecture is that the radios
become untuned and it is no longer possible to guarantee
that any arbitrary pair of nodes will be able to communicate
with each other, Instead, it becomes necessary 1o rely on the
density of nodes to make the overall network capable of
providing reliable communication,

Narrowband radios have shown to be the architecture of
choice for low-power applications [5],[6], as they are low
in complexity and consume less power than spread
spectrum or other wide-band technigues. One fundamental
requirement of narrowband radios is that the transmitter’s
carrier frequency and the receiver’s detection frequency
must be well-matched. This is traditicnally accomplished
by employing a crystal at both the transmitter and receiver
to provide the same low frequency reference. This
reference frequency is multiplied via a phase-locked loop
(PLL) to generate the carrier wave. However, the off-chip
crystal contributes significantly to the cost, size, and power
consumption of such transceivers. Therefore, great savings
in all three of these areas could be obtained by eliminating
the off-chip crystal and PLL.

This paper proposes a fundamentally different way of
designing and operating a transceiver. The quartz crystal is
eliminated and replaced by an on-chip resonator such as an
inductor-¢capacitor (LC)-circuit or a nano-electromechanical
resonant structure. This makes it possible to economically
produce millions of nodes and densely deploy them by
weaving them into fabrics or mixing them with paint. The
proposed architecture allows a sensor node to be developed
entirely out of thin-film technologies (radio, digital, battery,
energy scavenging, and sensing). However, the drawback

This work was sponsored in part by NSF grants CCR-0325311 and CCR-0330514

0-7803-8867-4/05/$20.00©2005 |IEEE

1083



—

Signal BW

P(fcarrinr) [ \
+ /'_3 G variation _'\ ]

ft‘,an’ier
Figure 1. Signal bandwidth relative to process varjation when
using on-chip LC resonators to provide the carrier frequency for
narrowband radios. When using an LC resonator without a crystal
reference, it is not possible for a radio to know exactly at what
frequency it is operating.

of such architectures is that the wvariations in the
manufacturing process are large, resulting in un-tuned
radios. Therefore, two narrowband radios produced by such
a process are not likely to be able to communicate with
each other. To address this problem, we propose to make
use of the density of nodes to ensure reliable
communication within the network

Main Result: We consider using the nodes to form a
communication backplane carrying data between a source
and a destination. The data is transported in a multi-hop
fashion by a network of nodes that employ untuned
narrowband radios. Let N denote the aumber of unit-
capacity channels available for communication. We show
that by using random linear network coding, achievable
throughput of the network is O(N), same as in a fully-
coordinated network of tuned radios. Moreover, the ratio of
the achievable throughput of the untuned network to the
achievable throughput of a tuned network is shown to be
close to 1/e . This work makes use of known results from
network coding theory that show that throughput equal to
the max-flow in a graph is achievable even when the
connectivity of the network is not known a priori. flowever,
the challenge here is in finding the max-flow of the random
graph corresponding fo the network.

II. UN-TUNED RADIOS
The drawback of using an on-chip resonator is that the

variations in the manufacturing process are large meaning -

that the distribution of the resonant frequency of the
manufactured oscillators will have large variance.

Figure 1 presents a qualitative illustration of the
challenges presented by this approach. In a traditional
narrow-band architecture with a quartz crystal reference,
the signal bandwidth is typically orders of magnitude larger
than the center frequency tolerance. When using un-tuned
receivers, the situation is reversed and the carrier frequency
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variation is orders of magnitude greater than the signal
bandwidth, which means that two narrowband radios
produced by such a process are not likely to be able to
communicate with each other. If the input frequency range
of a particular receiver did admit the transmitter’s carrier
frequency, the transmission would be received successfully.
Otherwise, the result would be the same as if the transmitter
were communicating on a channel orthogonal to the one
that the receiver is monitoring, This means that the
unreliable manufacturing process results in having multiple
chamnels available for communication but neither the
transmitting nor receiving nodes can sefect on which
particular channel to communicate. Instead the channel on
which a transmitter or receiver communicate are random.

Even though a particular transmit-receive pair may not
be able to communicate because they would be effectively
tuned to different channels, a sufficiently high density of
nodes ensures a high probability that there are pairs of
transmitters and receivers that can communicate with one
another. The number of channeis available in the system is
determined by the ratic of the variations of the
manufacturing process to the receiver bandwidth. As long
as the bandwidth admitted by the receive filters is greater
than the signal bandwidth, there will be a non-zero
probability that two randomly selected nodes will be able to
communicate with each other.

In the rest of the paper, the abstraction of having multiple
channels available for communication is made. Note that it
is not necessary for the channels to be orthogonal (in fact,
they are not!). What is important is the number of
transmitter carrier frequencies that fall within the
bandwidth being monitored by a particular receiver, The
probability that any given transmitter falls within the
receiver’s range is dependent only on the ratio of the range
of possible carrier frequencies to the receiver bandwidth.
This ratio is equivalent to the number of channels in our
analysis because it is equal to the maximum number of
independent transmissions that can be made simultaneously
without interfering with one another,

To maximize the throughput of the network, it is
necessary to maximize the probability that during
communication a channel is occupied by exactly one
transmitter. This will maximize the number of channels that
contain a decodable transmission. It can be shown that
when there are N channels available for communication
and each transmitter is independently and randomly
assigned to a chamnel with the same probability
distribution, the probability that a channel is occupied by
exactly one transmitter is maximized when there are exactly
N transmitters and each transmitter is equally likely to be
assigned to any of the channels. In this case, the probability
that a channel contains exactly one transmission is



asymptaotically, for large N, equalto 1/e (the proof of this
result is omitted due to space constraints, but it can be
found in [20]). This implies that, in order to maximize the
throughput, the network should be operated with N active
transmitters within commmmication range of each other, in
which case each transmission will experience a collision
with probability 1-1/¢.

Having N active transmitters within communication
range rmaximizes the probability that a receiver will have
exactly one transmitter in the range of frequencies it
monitors; however, it may still be possible that a transmitter
occupies a unique channel, but no receiver is tuned to that
channel. In order to increase the probability that a non-
colliding transmission is heard as well as the probability
that a receiving node hears at least one packet, each one is
equipped with several receive radios, with each radic tuned
to a different channel (by using a different LC-circuit as the
local oscillator for each radio - this also allows the nodes to
transmit on different random channels at different times by
selecting any of its LC-circuits to provide the carrier
frequency for the transmitter).

Denote the number of receive-radios on each node with
L. In Section IV, we derive the relationship between the
value of [ and the throughput of the network. We show
that it is possible to achieve throughput that is linear in the
number of channels even with a constant value of L. Itis
important to show that this is achievable with a constant L
because requiring L to grow with the number of channels
would correspond to requiring more hardware on each
node, and this is exactly what we are trying to avoid. It
should be noted that the theoretical results use bounding
techniques, so the constants of this linear throughput that
are guaranteed by any particular value of L are pessimistic.
To complement the theoretical result and give guidelines
for practical deployments, simulations are used to estimate
the throughput that can be achieved with different values of
L.

IIT. MuLTI-HOP COMMUNICATION

We consider using the nodes to form a communication
backplane carrying data between a source and a destination.
This scenario is shown in Figure 2. The source sends its
data to the destination in a multi-hop fashion using
geographic routing. The region between the source and the
destination is divided irto blocks such that any two nodes
in adjacent blocks are within communication range of each
other. This aliows the nodes fo make use of the broadcast
nature of wircless communication by having multiple
potential forwarders for each transmission. Usually, this is
exploited by using beaconing to establish a connection
between a transmitting node and a forwarder [14],[15], but
in our scheme, the transmitters simply broadcast their data
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Figure 2. Proposed multi-hop communication method. Nodes in
each block listen to I randomly selected frequency bands. If a
node detects transmissions from the previous block in any of those
bands, it combines the inputs using random linear network coding
and broadcasts the resuit to the next block.
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and assume that at least one node in the next block will
receive and relay the packet.

In the proposed scheme, anytime a node transmits a
packet, it includes in the packet’s header the coordinates of
the next block downstream as well as the coordinates of the
destination so that only nodes in the next block will relay
the information, again specifying the direction in which the
data should propagate. It is assumed that the nodes know
their position [17] to within the accuracy of one block, or
that they know their position relative to each other and the
destination, which can be achicved by sending out a one-
time flood from the destination and having each node
remember its hop-count to the destination. The source has
to send its data at the same time and in waves. After
sending one wave of data, it has to wait long enough for
that wave to propagate four blocks so as to ensure that the
next wave of data will not interfere with the retransmissions
of the previous wave by the nodes in downstream blocks.
By having the source send a wave of data simultaneocusly
and the intermediate nodes relay wave as soon as they
receive it, the network is made to operate as a time-slotted
communication system.

Sending the data in waves prevents collisions among
broadcasts from different blocks, however the fact that the
transmitters are wuntuned results in collisions by
transmissions within the same block. If every node in a
block transmits on a random frequency, it is likely that
there will be transmissions at frequencies close to each
other, thus any receiver tuned to those frequencies will
detect a collision and will not be able to decede the
individual transmissions. These collisions effectively erase
some of the packets, making it seem as if nodes in
neighboring blocks communicate with each other through
an erasure channel. The question we are interested in is,
given N unit-capacity communication channels, how much
data can simultaneously be sent to the destination and have
this data successfully received and decoded by the
destination that is H hops away (for now, let us assume
that H is a constant, though later it will be shown that H
may be allowed to grow with ¥, as long as log{ H{(M)/N



goes to zero as N grows, without affecting the asymptotic
throughput). We want to compare this to a fully-
coordinated network employing tuned radios, in which case
exactly N packets could be sent in each wave, provided
that there are N nodes in each block and every node
selects a unique frequency on which to communicate.

IV. THROUGHPUT

We will find the throughput of the untuned network by
showing that the connectivity of the network can be
modeled as a random graph and then applying known
results from network coding literature. Namely, we make
use of the result that for communication in a graph of unit
capacity links for which the connectivity is not known a
priori, a throughput equal to the max-flow between the
source and the destination is achievable with arbitrarily
high probability by using random linear network coding'
over a2 high enough field size [18). However, in order to
make use of this.result, we must find the max-flow of the
graph. This is done by Result 1. Since the connectivity of
this random graph is not static {i.e. each wave of data will
encounter a different set of links), the packets have to camy
the encoding vectors in their headers to provide the
destination with just the right information needed to decode
the source packets as in the scheme introduced in [19]. It
can also be shown that simple routing (in which forwarding
nodes are only allowed to forward one of the packets from
each wave rather than combining all the packets they
receive in each wave) achieves performance that is strictly
sub-linear in N [20].

A. Random Graph Representation

We now create the random graph, shown in Figure 4,
that models the connectivity of the network. The N
vertices in each colunm correspond to the N nodes in sach
block during communication. The H columns correspond
to attempting to communicate over H blocks. Each of the
vertices has [ incoming links corresponding to the £
receivers on each node. Each link connects a vertex to a
randomly, independently chosen vertex in the previous
column. Since transmissions experience collisions with
probability 1-1/e, each of the vertices in the graph is
deleted with probability 1-1/e, in which case all of its
incoming and outgoing links are also deleted. This means
that each of the links is deleted with probability 1-1/¢
because each receive-radio has probability 1-1/e of being
tuned to a frequency range that does not contain a

' In random linear network coding, forwarding nodes send on each
outgoing link a random linear combination of the packets it receives on the
input links, Each input packet is multiplied by a randomly chosen element
from some Galois Field and these products are added together to form the
outgoing packet [18].
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decodable transmission (i.e. either no transmission or more
than onej. The links that are not deleted are equatly likely
to connect to any of the vertices in the previous column that
are not deleted because, given that a receive-radio has
exactly one transmission int its receive frequency range, the
source of that transmission is equally likely to be any of the
transmitters that do not experience a collision.

We label the resulting random graph as Gp;,, and

show that the max-flow of G, 4/, isclose to 1/¢ if L is

large enough.

B. Muax-flow of Random Graph

Result 1; For any constant f such that §<1/e there
exists a constant number of inputs/node I such that the
max-flow of G,,,,, is greater than F-N with high
probability as N goes to infinity.

Due to space constraints, the full proof of the result is not
given here (interested readers are referred to [20] for a full
proof). Instead, an outline of the proof, describing the
method and intuition of the proof, is presented.

1) The result is proven by applying a modified version of
a technique used in Percolation Theory [21]. The first step
is to relate the likelihood of having many disjoint end-to-
end (E2E) paths to the likelihood of having even a single
path E2E. Consider two graphs G; , and G, that are

formed in the same manner as G, ;,,,. Both graphs have

the same connectivity among the vertices, their vertices are
deleted with probability p; and p, respectively with

0<p,<p<1. It is possible to lower bound the
probability of having at least B-N E2E pathsin G, , to
the probability of having at least one E2E pathin G, , .

2) The second step is to show that the probability of
having at least one E2E path in G, , growsto 1as N

goes to infinity. This is done by showing that the number of
vertices in each columm with a path back to the 1™ column
forms a Markov chain and that the probability of this chain
being absorbed at the zero-state over H steps decays
exponentially to zero as long as log(H(N))/N goes to

zeroas N grows.

The result is proven using bounding techniques, so it is
not tight, For example, for L =10, the result proves that
the thronghput is guaranteed to be at least 2%, whereas
simulations show that L =10 is good enough to give
throughput of 30%. Figure 3 shows the result of
simulations for various values of L at N =1000.
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Figure 4. Random graph representing connectivity in the network
of nodes with untuned radios. Each vertex {node) in columns
{2,...H} has L inputs, each one coming from a randomly and
uniformly selected node in the previous column. Each node, along
with its incoming and outgoing links, is deleted with probability
1-Ve.

This max-flow result, together with the random network
coding result of [18] tells us that cach wave of data can
deliver nearly N/e packets from the sovrces to the
destination, compared to N packets that could be
transported in each wave if the network were composed of
nodes with tuned radios and perfect coordination.

In practical deployments, having about 10 radios per
node would be realistic. In this case, the theoretical results
tell us that a throughput of only 0.02-N can be
guaranteed. However, simulations show that a throughput
of 0.3-N can be expected. This is a good trade-off for
many applications in which the demand on bandwidth is
not as strict as the demand for low-cost nodes that can
operate at power levels comparable to the power levels that
can be supplied by the energy scavenging mechanisms.
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