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Abstract— As the cost of embedded sensors and actuators drops, new
applications will arise that exploit high density networks of small devices
capable of a variety of sensing tasks. Although individual devices may
have limited functionality, the true value of the system comes from the
emergent behavior that arises when data from many places in the system
is combined. This type of data fusion has a number of requirements, but
two of the most important are: 1) synchronized time, precise enough to
resolve movement in the sensed phenomenon (e.g., sound); and 2) known
geographic locations, on a similar scale to the sensors’ size and deploy-
ment density. However, the installation cost of a localization system with
sufficient granularity is considerable, because of the large amount of effort
required to deploy such a system and make all the measurements required
to tune it. In this paper, we describe a system based on COTS compo-
nents that incorporates our novel time synchronization and acoustic rang-
ing techniques. The result is a low-cost, readily available platform for dis-
tributed, coherent signal processing.

I. INTRODUCTION

Recent advances in miniaturization and low-cost, low-power design
have led to active research in large-scale, highly distributed systems
of small, wireless, low-power, unattended sensors and actuators [2].
The vision of many researchers is to create sensor-rich “smart environ-
ments” through planned or ad-hoc deployment of thousands of sensors,
each with a short-range wireless communications channel, and capa-
ble of detecting ambient conditions such as temperature, movement,
sound, light, or the presence of certain objects.

In almost any distributed sensor application, there are two critical
pieces of infrastructure:

1) Time synchronization, precise enough to resolve significant

movement in the sensed phenomenon; and

2) Spatial localization, with resolution similar to the nodes’ size

and deployment density.

There are many examples of sensor network tasks that require both
synchronized time and known sensor locations: for example, to in-
tegrate a time-series of proximity detections into a velocity estimate
[3]; to measure the time-of-flight of sound for localizing its source
[6]; to distribute a beamforming array [13]; or to suppress redundant
messages by recognizing that they describe duplicate detections of the
same event by different but nearby sensors [9].

While spatial localization of nodes is possible to implement
manually—hby carefully measuring and “hard-coding” the locations of
the sensors—systems that discover location autonomously are advan-
tagous for reasons of convenience, cost, and application to ad-hoc de-
ployment scenarios.

In this paper, we discuss the development of a system, based on
commercial off-the-shelf (COTS) components, which is capable of au-
tomatic localization and time synchronization with sufficient precision
(on the order of 10cm and 10usec) to support distributed, coherent
signal processing. Our system’s time synchronization is an implemen-
tation of Reference-Broadcast Synchronization (RBS), described more
fully in [4]. Localization is based on an underlying ranging system that
works by timing the flight of a wideband acoustic pulse, described in

(5]

The remainder of this paper is organized as follows. In Section I,
we describe the hardware platforms that compose our testbed. We give
an overview of the software components of our system in Section III.
A more detailed description of the subsystems is found in Section IV
(time synchronization) and Section V (acoustic ranging and localiza-
tion). Finally, in Section VI, we describe our conclusions and future
work.

Il. HARDWARE PLATFORMS

Although Moore’s law predicts that hardware for sensor networks
will inexorably become smaller, cheaper, and more powerful, techno-
logical advances will never prevent the need to make tradeoffs. Even
as our notions of metrics such as “fast” and “small” evolve, there will
always be compromises: nodes will need to be faster or more energy-
efficient, smaller or more capable, cheaper or more durable.

Instead of choosing a single hardware platform that makes a par-
ticular set of compromises, we believe an effective design is one that
uses a tiered platform consisting of a heterogeneous collection of hard-
ware. Small, cheap, and computationally limited nodes (“motes”, after
the Berkeley Smart Dust project [10]) can be used more effectively by
augmenting the network with larger, faster, and more expensive hard-
ware (“bases”). An analogy can be made to the memory hierarchy
commonly found in desktop computer systems. CPUs typically have
an expensive but fast on-chip cache, backed by slower but larger L2
cache, main memory, and ultimately on-disk swap space. This or-
ganization, combined with a tendency in computation for locality of
reference, results in a memory system that appears to be as large and
as cheap (per-byte) as the swap space, but as fast as the on-chip cache
memory. In sensor networks, where localized algorithms are a pri-
mary design goal [9], similar benefits can be realized by creating the
network from a spectrum of hardware ranging from small, cheap, and
numerous, to large, expensive, and powerful.

A. Motes

The smallest nodes in our testbed are the “COTS Mote,” originally
developed at U.C. Berkeley [10], [7] and now commercially avail-
able from Crossbow Technologies®. It is equipped with a low-power,
4MHz, 16-bit microprocessor (Atmel 90LS8535), with 8K of pro-
gram memory and 512 bytes of SRAM. An integrated RF Monolithics
916.50 MHz transceiver (TR1000) provides narrowband wireless con-
nectivity at 19.2Kbps. Communication with a directly attached host
is possible via a serial port. A number of GPIO pins, A/D, and D/A
converters are also available for 1/0 purposes.

The original COTS Mote is pictured in Figure 1. Different versions
of the basic design have various combinations of sensors: temperature,
light, humidity, acceleration, and so forth. In our localization testbed,
we use a locally developed variation of the mote, the “acoustic mote,”
on which one of the D/A converter outputs is attached to an audio
amplifier circuit and speaker.

http://www.xbow.com



Fig. 1. Pister’s “COTS Mote”, developed at U.C. Berkeley

The motes’ operating environment is TinyOS [8], [7], asmall, event-
based operating system developed specifically for the mote by Hill,
et.al. at U.C. Berkeley.

B. Bases

Although the motes have advantages (small, cheap, low-power,
long-lived), they have very limited capabilities. For example, it is im-
possible to do anything more than the most basic forms signal pro-
cessing: the mote is too slow to process a time series in real-time, and
doesn’t have enough memory to buffer more than a few dozen samples
for offline analysis. We have found that it is possible to implement
much richer applications if there are a few larger, more computation-
ally endowed nodes available in the network as well.

Our bases are Compag iPAQ 3760s, which are handheld, battery-
powered devices normally meant to be used as PDAs. We selected
the iPAQ because it has reasonable battery life, has the peripherals
needed by our project, supports Linux, is readily available, and is us-
able right off the shelf.? The iPAQ has a 137MHz Intel StrongARM-
1110 processor, 32MB of RAM and 32MB of FLASH for persistent
storage. The standard model also comes equipped with a built-in
speaker and microphone which we use for acoustic ranging, as we will
see in Section V. Finally, the iPAQs have a serial port, and a PCM-
CIA bus, for which a wide variety of peripherals are available. All
of our iPAQs have spread-spectrum wireless Ethernet cards (802.11b
direct sequence, 11Mbit/sec), making them capable of communicating
at higher bandwidth, longer range, and with greater reliability than the
motes.

Our testbed’s iPAQs use the StrongARM port of the Linux operating
system (the “Familiar” distribution [1]). This combination of hardware
and operating system provides a powerful and convenient development
environment similar to a standard desktop operating system.

I11. SYSTEM OVERVIEW

Ultimately, the goal of our system is to first establish a coordinate
system defined by the positions of the iPAQs at startup, then continu-
ously monitor the position of the motes within this coordinate system.
We assume the iPAQs are initially placed around a room “at random”
but then remain in fixed locations, or move rarely. The iPAQs form an
ad-hoc infrastructure, while the smaller motes are assumed to be con-
stantly in motion—perhaps attached to people or objects that are being
tracked as they move through the environment.

The functional components of the localization system are shown in
Figure 2. Localization is based on an acoustic ranging system that
uses a wideband pseudonoise sequence to measure the time of flight of
sound from one point to another (bottom panel). Ranging is first used
to determine iPAQ-to-iPAQ distances and federate an iPAQ coordinate
system; this mode uses both the iPAQ’s speaker and microphone (cen-
ter panel). Once the coordinate system has been established, ranging

2Previous incarnations of our tetsbed [3] were based on harware platforms
that we integrated ourselves from components; we have since learned not to
underestimate the value of a platform that comes with its own integrated power
supply, enclosure, 1/0, etc.
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Fig. 2. High-level System Diagram. At the lowest layer, a ranging system
generates pairwise range values. These ranges are propagated to a cluster head
that runs an optimization algorithm to construct a consistent coordinate system
and reject the many forms of error in the source data. Once a coordinate system
has been computed, the system can localize devices in the region.

from an acoustic mote’s emitter to the iPAQs’ microphones is used to
localize motes within this coordinate system (top panel).

Many existing acoustic ranging systems use a somewhat ad-hoc
time synchronization strategy that assumes there is a tight coupling
between the acoustic and RF components in the system. Those sys-
tems are designed to generate an acoustic pulse and an RF synchro-
nization packet at exactly the same time. We have found this to be a
poor design choice for a number of reasons—for example, the system
tends to be more complex due to tight inter-module dependencies, and
ranging experiments are vulnerable to individual lost packets. In con-
trast, our system contains a separate module that continuously main-
tains timebase conversion metrics among all the components in the
system, providing this information to the ranging system when neces-
sary. By abstracting this part of the system away, the overall design is
simplified and the system becomes much more robust to packet loss.
In addition, the precision of the synchronization is improved: by av-
eraging over many packet observations, outliers can be rejected and
clock skew corrections are possible.

We mentioned in the previous section that motes use narrowband
900MHz radios to communicate with each other, while the iPAQs use
802.11b wireless Ethernet cards. To bridge the gap between these two
domains, several of the iPAQs are configured with a “MoteNIC”"—that
is, a mote attached to the iPAQ via the serial port. Such motes can act
as a network interface visible to processes running on the iPAQ (under
Linux). These iPAQs are then capable of routing information between
the mote and iPAQ domains.

IV. TIME SYNCHRONIZATION

The time synchronization module is responsible for computing pa-
rameters that relate the phase and frequency of all of the system’s
clocks to one another. This is, perhaps, a more complex task than it
might seem—in addition to being a distributed system, it is a hetero-
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Fig. 3. Our hardware configuration, where multi-hop timesync is required to
relate the acoustic mote’s timebase to the iPAQs.

geneous one. Specifically, there are three types of components in the
system whose clocks run independently and must be reconciled:
« The system clock in each mote
« The system clock in each iPAQ
« Each iPAQ’s codec sample clock
The synchronization service builds up a table of conversion parame-
ters that relate many of the different clocks in the system to each other.
A series of conversions may be necessary to convert a timestamp in
one timebase to a timestamp in another. For example, consider the
configuration shown in Figure 3. iPAQ 1 is configured as a gateway
node, i.e., with a MoteNIC as described in Section Ill. Imagine that
we wish to measure the time of flight of a sound from an acoustic mote
to iPAQ 2. This means we need to relate the timebase of the acoustic
mote to the timebase of iPAQ 2’s codec sample clock. This requires a
series of 4 conversions:
1) Network time synchronization (via mote radios) from the acous-
tic mote’s clock to mote clock in iPAQ 1’s MoteNIC
2) Intra-node synchronization from iPAQ 1’s mote clock to iPAQ
1’s system clock
3) Network time synchronization from iPAQ 1 to iPAQ 2 (via
802.11)
4) Intra-node synchronization from iPAQ 2’s system clock to iPAQ
2’s clodec sample clock
The methods for intra-node and network time synchronization will
be discussed in detail below. On each iPAQ, those synchronization
methods populate a table of conversion parameters between the clocks
in the system, annotated with an estimate of the RMS error of each
conversion. Given the parameters that make up this graph, the series
of parameters that make up the minimum-error conversion between the
desired source and destination timescales is automatically computed,
using a weighted shortest-path search algorithm.

A. Network time synchronization

In our system, network time synchronization (mote-to-mote and
iPAQ-to-iPAQ) is performed using an implementation of Reference-
Broadcast Synchronization, or RBS, described in more detail in [4].
Briefly, the fundamental property of RBS is that it synchronizes a set
of receivers with one ancther, as opposed to traditional protocols in
which senders synchronize with receivers. In this way, the largest
sources of nondeterministic latency are removed from the critical path.
This results in significantly better-precision synchronization than algo-
rithms that measure round-trip delay. The residual error is often a well-
behaved distribution (e.g., Gaussian), so precision of the phase offset
estimate can be significantly improved by sending multiple reference
broadcasts.
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Fig. 4. Typical linear regression to recover relative phase and skew between
two nodes in the system using RBS. Each point represents the phase offset
between two nodes as implied by the value of their clocks after receiving a
reference broadcast. A node can compute a least-squared-error fit to these ob-
servations (diagonal line), and thus convert time values between its own clock
and that of its peer. The vertical impulses (read with respect to the y2 axis)
show the distance of each point from the best-fit line.

Our RBS daemon simultaneously acts in both “sender” and “re-
ceiver” roles. Every 10 seconds (slightly randomized to avoid un-
intended synchronization), each daemon emits a pulse packet with a
sequence number and sender ID. The daemon also watches for such
packets to arrive; it timestamps them and periodically sends a report
of these timestamps back to the pulse sender along with its receiver
ID. The pulse sender collects all of the pulse reception reports and
computes clock conversion parameters between each pair of nodes that
heard its broadcasts. These parameters are then broadcast back to lo-
cal neighbors. The RBS daemons that receive these parameters make
them available to users. (RBS never sets the nodes’ clocks, but rather
provides a user library that converts UNIX t i meval s from one node
ID to another.)

Complex disciplines exist that can lock an oscillator’s phase and
frequency to an external standard [11]. However, we selected a very
simple yet effective algorithm to correct skew: a least-squares linear
regression on the time series of phase differences between nodes, after
automatic outlier rejection. This offers a fast, closed-form method for
finding the best fit line through the phase error observations over time.
The frequency and phase of the local node’s clock with respect to the
remote node can be recovered from the slope and intercept of the line.

An example of such a linear regression on real data from our system
is shown Figure 4. Each regression is based on a window of the 30
most recent pulse reception reports. Outliers are rejected based on an
adaptive threshold equal to 3 times the median fit error of the set of
points not yet rejected. (Early versions used a more traditional “35”
approach, but the standard deviation was found to be too sensitive to
gross outliers.) The remaining points are iteratively re-fit, and the out-
lier threshold recomputed, until no further points are rejected. If more
than half the points are rejected as outliers, the fit fails.

Motes and iPAQs both participate in this scheme separately. That
is, iPAQs synchronize with each other using 802.11 broadcasts, while
motes synchronize with each other using their narrowband radio
broadcasts. The basic scheme is the same on both motes and iPAQs,
except that motes do not compute their own conversion parameters, as
iPAQs do—they forward all of their broadcast reception reports to an
iPAQ for post-processing instead.

In practice, iPAQ-to-iPAQ synchronization via 802.11 has an error



of = 1.5usec; this is limited primarily by the iPAQ’s lusec clock
resolution. Motes use slower (19.2kbit/sec) radios with a bit time of
53usec; nevertheless, RBS achieves 10usec error through averaging
and outlier rejection. A detailed performance study of RBS can be
found in [4].

Of course, motes and iPAQs can not directly observe each other’s
broadcasts since they use different radios (different frequencies, dif-
ferent MAC layers, etc.). An extra piece is needed to relate the mote
timescales with the iPAQ timescales. This is where intra-node syn-
chronization comes into play.

B. Intra-node synchronization

As we discussed at the beginning of this section, each iPAQ can con-
sist of three separate clocks: 1) the system clock; 2) the audio codec’s
sample clock, and 3) if the iPAQ has a MoteNIC attached via serial
port, the mote’s system clock. In addition to supporting RBS as de-
scribed above, our time service daemon also supports synchronization
between components within a system. The system’s device drivers pe-
riodically inject pairs of time values into the time daemon, where each
pair represents the value of two of the system’s clocks at the same in-
stant. This allows the clocks to be related. There are two types of
intra-node synchronization in our system:

« iPAQ to MoteNIC. One of the output pins of the serial port is
attached to an interrupt-generating input on the MoteNIC. Peri-
odically, the iPAQ raises its output high and records the time ac-
cording to its CPU clock. The MoteNIC timestamps the resulting
interrupts according to its internal clock, and reports the times-
tamps back to the iPAQ via the serial link. Once the MoteNIC
device driver receives this interrupt time back from the MoteNIC,
it injects the pair of time values into the time daemon. Each of
these points represents a single mapping of the iPAQ’s system
clock timescale to the MoteNIC’s system clock timescale.

« iPAQto codec sample clock. Cheap consumer-grade audio codecs
such as the variety typically sound in a low-end PC or handheld
device tend to have nondeterminstic latency bounds when they
are asked to start recording or playback. It is important to mini-
mize these effects—delay between the time we ask the codec to
start sampling and the time it actually starts contribute directly
to errors in the time-of-flight measurement. We have found that
this problem can be avoided by running the codec continuously,
timestamping each block of audio data as it arrives. Our system
includes an “audio server” that continuously records, buffering
the most recent 10 seconds of input and making it available to the
acoustic ranging process. With the help of a modification to the
Linux kernel’s codec device driver, the audio server also times-
tamps each DMA transfer from the codec’s chipset as it arrives.
It then injects synchronization pairs into the time daemon, each
consisting of an audio sample number and corresponding system
clock time when the DMA transfer completed.

As these time pairs are fed to the time synchronization daemon, it
computes conversion parameters that allow the iPAQ CPU clock to
be related to the MoteNIC and codec clocks. The daemon uses the
same linear least-squares regression and outlier rejection as it does for
RBS. This makes it very robust against outliers due to (for example)
an occasional late DMA transfer or late interrupt on the mote.

These intra-node parameters allow us to complete the synchroniza-
tion chain: from acoustic mote to MoteNIC (via RBS); MoteNIC to
attached iPAQ 1 (via pairs synchronization); iPAQ 1 to iPAQ 2 (via
RBS over 802.11), and finally iPAQ 2 to its codec sample clock (via
pairs synchronization). The exact synchronization path is computed
automatically, transparently to users of the time sync service. This sig-
nificantly simplifies the localization service, as we will describe in the
next section.

V. LOCALIZATION

The localization subsystem consists of two main components. First,
the acoustic ranging component estimates the distances between nodes
in the network. Next, a coordinate system is constructed using the
range estimates. The following sections describe each of these com-
ponents in more detail.

A. Acoustic Ranging

Our acoustic ranging system, described in more detail in [5], uses a
wideband pseudonoise sequence to measure the time of flight of sound
from one point to another. In the current implementation, the detec-
tor is implemented in software, and requires considerable memory and
CPU time (far beyond the capabilities of a Mote). However, the high
process gain of the detector enables long ranges, accurate phase de-
termination, and excellent noise and multipath immunity. The use of
wideband coded signals has two positive effects. The first advantage
is that the frequency diversity of the wideband ranging signal enables
it to work well in a variety of environments. Because we use audible
sound, the wavelengths of sound making up the signal spans from a
meter to a centimeter, increasing the resilience of the signal to scatter-
ing. The second advantage is that different emitters can select orthog-
onal codes that can be detected even when they collide. This enables
a drastic reduction in the system complexity, as it reduces the need for
tight coordination and sychronization.

Because of the limited capabilities of the Mote as an emitter, we
emit a position-modulated pulse train by toggling a digital output pin.
Passed through the filter of a speaker, each pulse results in a decaying
oscillation. The psedonoise code is represented by variations in the
inter-pulse spacing, with an overall rate that is low enough to allow
most of the oscillations to decay during each gap. The advantage of
this scheme is that, even without exercising control over the dynamics
of the speaker, precise timing on the Mote can reproduce the pulse
timing with high precision, yielding a high degree of phase accuracy.

The bottom panel of Figure 2 shows how the ranging system works.
Timebase conversion metrics between the sender and receiver are
maintained by the synchronization service we described in Section V.
To compute the range between two devices, one device sends a mes-
sage to the other, advertising that it is planning to emit an acoustic
signal with a given code at a particular time, referenced in terms of its
local timebase. Using the conversion metrics, the receiver can know
approximately when to start listening. The audio DSP’s are then sam-
pled, and the resulting time series is compared with a locally generated
reference signal using a sliding correlator.

In a sliding correlator, the correlation of two signals is computed at
different relative phase offsets. Figure 6 shows a graph of correlation
as a function of “lag”. By analysing this correlation function, we can
estimate the most probable time of arrival of the ranging signal. The
maximum value of the correlation function indicates the time of arrival
of the strongest component of the signal. Figure 5 shows a portion
of the observed signal, aligned with the reference signal at the “best”
offset.

Echoes and other environmental distortions result in many succes-
sive peaks, among which the earliest peak represents the most di-
rect path. The directional nature of speakers and microphones means
that the maximum value of the correlation function often represents a
strong reflection; for example, if the speaker is pointed at the ceiling.
To resolve this problem, we use an adaptive noise threshold function
based on a low-pass filter of the correlation function. We use this low-
pass filter to select the earliest “cluster” of peaks, by finding the first
region in which the low-pass filter crosses a fixed threshold of 1.5 times
the RMS average of the correlation function. Within that region, we
select the first peak after the low-pass filter crosses the RMS average.
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This algorithm tends to locate the first peaks from the region in which
the power level abruptly increases.

Using the timebase conversion metrics and the offset of the earliest
peak in the correlation function, the time of flight can be calculated.
Given a model for the speed of sound in air, the time of flight can
be converted to a distance. Since the speed of sound varies based on
temperature and humidity, a value from a temperature sensor may be
integrated into the model to get a more accurate distance estimate.

Once distance estimates are collected, multiple trials are combined
statistically into a mean and variance, with outlier rejection. However,
as we will see below, in general outliers cannot be completely filtered
at this layer: long ranges resulting from detection of reflections in ob-
structed conditions typically exhibit a low variance.

B. Coordinate system construction

The middle layer in Figure 2 represents the configuration phase of
the system. Although we refer to a “configuration phase”, we plan
to apply the soft-state design philosophy of treating exceptional cases
through the same code paths as typical cases. In such an implementa-
tion, there is no distinct state in which configuration is occurring, but
rather there is a period of time where a larger number of nodes are join-
ing the system. However, in the current version configuration is done

once at the time of system startup. Future protocol enhancements will
support online reconfiguration as the node population changes.

To construct a coordinate system we combine range data from nodes
in a given region of space into a single consistent coordinate system.
Range data between nodes in the region is collected at a single aggre-
gation point, and an initial coordinate system is accreted around that
point. This accretion process is performed iteratively using a “mass
and spring” model. The process starts with a fully connected, non-
coplanar set of four points, selected to be near (possibly including) the
aggregation point. These four points form the kernel of the new co-
ordinate system. Note that there is a mirror-image ambiguity in con-
structing this system, that cannot be resolved without some kind of
3-D physical geometry, such as a device with three microphones that
is solid and does not transmit acoustic energy.

Using the mass-spring system, an initial configuration of nodes is
determined. This initial configuration is iteratively improved using
non-linear regression to reach a solution that minimizes Gaussian mea-
surement error.

Unfortunately, measurement error is not the only type of error that
appears in range data. Several other types of error are present:

« Quantization error on the order of a sample.

« Excess path length caused by clutter, diffraction around objects

in the environment, and travelling along surfaces.

« Error caused by the accurate detection of reflections in the case

that line-of-sight is obstructed.

Because the conditions that cause excess path length tend to be cor-
related to the environment, these errors are generally very difficult to
remove. Both the spring system and studentized residuals (as sug-
gested in [12]) can be used to detect and eliminate them, although
both of these techniques can fail in the presence of multiple ranges
exhibiting correlated error.

Figure 7 shows the result of the configuration step with ten receiver
devices, compared against ground truth. In the figure, the ’+’ symbols
are ground truth, and the ’x’ symbols are the receivers. The RMS
position error (average per node) in this set of nodes is 11.5cm. The
ten receivers are positioned around our lab; none of their positions are
known a priori. After placing the receivers, we took measurements to
establish “ground truth”. Then, each of the ten receivers performed ten
acoustic ranging trials, outliers were removed, and the average value of
the trials was computed. Thus the ten receivers form a fully connected
range graph. In addition to the receivers, several “observation points”
are also factored into the minimization. To generate these observations
we placed a Mote in various spots in our lab, and took several trials.

In order to relate the coordinate system to our ground truth, we se-
lected an additional four “observation points” and defined their coor-
dinates in terms of our ground truth measurements.

C. Providing a Location Service

The third layer of our system is the interface that small devices such
as motes use to query the system for their location. Unlike those in
the configuration step, the algorithms used in this layer are intended
to provide faster responses, with an end to supporting the real-time
requirements of mobile nodes.

These algorithms consider the locations of the infrastructure nodes
to be fixed. The algorithm selects the receivers most relevant to po-
sitioning the new node and performs a local optimization to estimate
coordinates for the target.

To test our prototype implementation, we performed an experiment
to use the infrastructure we just configured. After forming the initial
coordinate system, we then placed a mote in several other locations
and used the network of receivers to measure its location. The results



Fig. 7.

Positions of receivers after the configuration step. In this diagram
only the receivers and four additional points are considered.
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system. With 80% probability, the position error is less than 10cm.

of these measurements are shown in Figure 8. The RMS position error
in this set of nodes is 9.2cm.

In order to evaluate the performance of our localization system, we
compared the results produced by our system to our ground truth mea-
surements. For each position that our system estimated, we computed
the distance between the computed value and ground truth. A his-
togram of these values is shown in Figure 9. This histrogram plots po-
sition error on the X axis, and shows the percentage of measurements
exhibiting less than that amount of error on the Y axis.

VI. CONCLUSIONS

As the size and cost sensors and actuators has fallen, it has become
feasible to build distributed sensor nodes capable of being embedded
in the environment at high density. In this paper, we present a practical
system capable of exploiting that density, achieving 10usec time syn-
chronization and 10cm spatial localization on a low-cost, low-power,
ad-hoc deployable sensor network. This is possible on COTS hardware
by making using of novel techniques, including Reference-Broadcast
Synchronization and wideband acoustic ranging. We look forward to
continuing to develop the platform’s capabilities in support of a variety
of applications for high-resolution distributed data fusion.

Fig. 8. Positions of receivers and other observed devices. In both diagrams,
’X’ indicates computed positions and ’+’ indicates ground truth. The lines
represent cubicle walls and a table in the room.
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