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Abstract—This paper presents the design and evaluation of
an ultrasonic time-of-flight (TOF) measurement system in the
context of a smart sensor wireless network. In particular, the
ZigBee protocol is used for data transmission and synchronization
purposes. Low-cost and low-power restrictions are taken into
account in the design. A synchronous measurement scheduling
approach is used to minimize the network traffic and, therefore,
the power consumption, while avoiding the need of wired connec-
tions between the nodes or the use of specific radio link to provide
synchronization. A theoretical model that describes the accuracy
of the proposed system is derived. This model takes into account
both clock drift effects and finite clock resolution of the network
nodes. According to the model, the estimation of the TOF is biased
due to the clock drifts, and a solution is proposed to compensate
this bias. The compensation is based on an accurate estimation
that each node performs for its own clock drift. An error analysis
of this estimation procedure is also developed, and its effects on
the TOF accuracy are presented. A theoretical model of the system
that predicts the system performance in terms of TOF accuracies
is proposed. An implementation of the TOF measurement system
is presented, from which experimental results that validate the
theoretical derivations and the effect of the clock drift compen-
sation are obtained. Experimental evaluation of the system also
demonstrates that TOF accuracies better than 2 μs are achievable,
which will be more than adequate for achieving subcentimetric or
even submillimetric precisions in ultrasound-TOF-based distance
measurement systems. Even though a particular approach for
TOF estimation is considered in this work, most of the derived
results are also applicable to other systems involving time syn-
chronous measurements.

Index Terms—Local positioning systems (LPSs), ultrasonic
pseudorange measurement, wireless sensor networks.

I. INTRODUCTION

THE USE of location information and its potential in the de-
velopment of ambient intelligence applications has led in

recent years the design and implementation of location systems.
The main differences between local positioning systems (LPSs)
are related to the type of technology used, conditioned by the
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requirements of infrastructure and system accuracy. Systems
based on radio signals require fewer infrastructures than other
technologies but offer lower precision: from tens of centimeters
in ultrawideband systems using time-of-arrival measurements
[1] to several meters for systems using the received-signal-
strength-indicator measurements (Wi-Fi [2], ZigBee [3], and
radio-frequency identification [4]). Advances in machine vision
make achieving accuracies of several centimeters possible [5]
at the cost of using an expensive infrastructure, low modularity,
and high processing requirements.

An alternative solution is the use of ultrasonic signals. Unlike
other technologies, ultrasound technology has certain advan-
tages such as a slow signal propagation speed, no penetration of
walls, lack of regulatory control, or low-cost transducers. This
technology allows obtaining centimetric or even subcentimetric
accuracies with a relatively low processing resource demand.
In the literature, we find several examples of ultrasonic LPSs
based on the measurement of the time of flight (TOF) of
ultrasonic signals, the most representative being Active Bat [6],
Cricket [7], Dolphin [8], and 3D-Locus [9], [10].

The time for the ultrasonic signal to travel the distance be-
tween a sending node and a receiving node is used for the esti-
mation of the distance between these two nodes considering the
sound propagation speed. Accurate TOF measurements require
a proper synchronization of transmitter and receiver devices.
In a wireless system architecture, the use of radio-frequency or
infrared signals to provide such synchronization is common.

Recent developments on low-power smart sensor networks
technology facilitate the implementation of low-cost low-
energy ad hoc networks that can be used as the basic infrastruc-
ture for indoor location [11]. Therefore, adding ultrasonic TOF
measurement capabilities to a smart sensor network opens the
possibility to develop precise, low-cost, and versatile LPS or in-
dustrial positioning systems [9] with the advantage of removing
the need of wired connections between ultrasonic sensors.

Several alternative solutions have been proposed for ultra-
sonic TOF measurement [12] with different levels of com-
plexity and precision. For the present work, we have selected
a TOF measurement technique based on a digital quadrature
correlation receiver. A quadrature bandpass sampling [13], [14]
scheme allows one to implement this technique with the limited
memory and computational resources of the smart network
nodes.

In this paper, we focus on the design and evaluation of an
ultrasonic TOF measurement system to be used in a low-power
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wireless sensor network recently developed by the authors
(TELIAMADE) [15], [16] based on the ZigBee network
protocol [17].

TELIAMADE’s nodes are built around a low-power micro-
controller and an 802.15.4 wireless modem and interconnected
through the ZigBee low-power network protocol. The restric-
tions of low cost and low power consumption (and therefore
low network traffic) condition the design of the measurement
system.

Both time division multiple access (TDMA) and code divi-
sion multiple access (CDMA) techniques have been proposed
in the context of ultrasonic TOF measurement systems. Using
the first approach, each TOF measurement is scheduled at a
different time to prevent signal overlapping. This is the case in
[8]–[10], in which a master controller schedules each measure-
ment by sending an appropriate synchronization signal (either
using a wired connection or a specific radio link).

CDMA allows the simultaneous transmission of several ul-
trasonic signals [8]–[10]. Using BPSK modulation with an
appropriate set of pseudorandom codes, each signal can be
separated by correlation at the receiver. Even in this case, a
synchronization signal is needed [9], [10] to be able to measure
the TOF of each individual signal. Without this synchronization
information, the receiver can only measure the TOF difference
between different emitters’ signals, provided that all of them
have been emitted at the same time. Although the receiver
can be operated asynchronously in this case, synchronization
must be guaranteed among transmitters, which is implemented
in [8] by sending a synchronization signal through a wired
connection.

In both approaches, each TOF measurement needs a separate
synchronization signal. In the proposed wireless architecture,
this would involve the transmission of a ZigBee message to syn-
chronize each measurement. This would generate high network
traffic and, therefore, high power consumption of the wireless
nodes.

TDMA is also used in [11] without the need of a specific
synchronization signal for each measurement. Time instants
of ultrasonic signal transmission and reception are scheduled
based on timing provided by a TDMA temporal structure. In
this approach, the need of a specific synchronization signal for
every new measurement is removed. This avoids the need of
wired connections or the use of a specific radio link. Due to
these clear advantages, a similar TDMA scheduling approach
is used in TELIAMADE but with higher synchronization ac-
curacy. In addition, the impact of the synchronization accuracy
in the achievable TOF accuracy is extensively discussed in this
paper.

To illustrate the achievable network traffic reduction, con-
sider the situation of performing five TOF measurements per
second. Using one synchronization message per measurement
will result in a five-messages-per-second traffic load. Using a
TDMA scheduling approach, this value will only be dependent
on the time interval between synchronization messages and not
on the measurement rate. In the implementation described in
this paper, we will show that an appropriate synchronization
can be maintained with less than 0.3125 message per second,
which represents a network traffic reduction by a factor of 16.

By using this approach, wired connections and specific radio
links are avoided within a low complexity solution with low net-
work traffic. The solution is implemented on standard ZigBee
nodes with minor hardware and software modifications. Both
theoretical and experimental results show that synchronization
and TOF accuracies are similar or even better than those
reported in [9] and [11].

Within this approach, management of all timing informa-
tion in the system is based on the clock signal of the smart
nodes. Although accurate crystal oscillators are used in the
microcontroller of the nodes, different drifts in the nominal
resonant frequency of the crystals entail synchronization errors
affecting the measurements. Furthermore, the finite resolution
of the clocks of the nodes introduces additional uncertainty.
These potential error sources are studied in detail, and solutions
are given to minimize the total TOF error.

Many synchronization protocols have been proposed in the
context of wireless sensor networks with different accuracy
levels. An extensive survey can be found in [18]. In this paper,
we focus on protocols using the master–slave approach, in
which the clocks of the nodes are synchronized with the clock
of a special reference node (master node). Furthermore, we
will also consider only those protocols designed for one-hop
networks, in which all nodes in the network are accessible
from any node in a single packet transmission. The main
advantage is that a message transmitted by the master node
is received at virtually the same time by all network nodes.
Exploiting this fact, better synchronization accuracies can be
obtained.

Most protocols are based on comparing the time stamps of
message transmission and/or reception over the network. In
the reference broadcast synchronization protocol [19], a set of
receivers are synchronized with one another. A transmitter node
sends a synchronization broadcast message, and the reception
time is recorded by all receiver nodes according to its local
clock. The receivers then exchange their observations, and
based on this information, each receiver can compute the offset
of its local clock with respect to each other. Considering a
sequence of synchronization messages, each receiver can also
compute the relative drift of its clock with respect to any other.
The main drawback of this protocol is the high network traffic
involved in the information exchange of reception time stamps
and its high computational load.

To overcome this problem, alternative algorithms have been
proposed in which the clocks of a set of slave nodes are
synchronized to the clock of a master node. In this way, the
need of information exchange between nodes is removed, and
the computational complexity is reduced.

In continuous clock synchronization (CCS) [20], the master
node sends a broadcast message which is received by all nodes
(including the master node) at the same time. Each node time-
stamps this message with its own clock. In a second message,
the master node sends the time stamp obtained at the reception
of the previously sent synchronization message. Using these
time stamps, the nodes can estimate their clock offset. Using
several consecutive synchronization messages, the nodes can
also compute an estimation of its clock drift. The main limi-
tation of this protocol is that the master node must be able to



MEDINA et al.: TDMA ULTRASONIC TOF MEASUREMENT SYSTEM FOR LOW-POWER WIRELESS SENSOR NETWORKS 601

receive the synchronization messages sent by itself, and this
requires a major modification of the network protocol. Reported
accuracies are on the order of 150 μs.

With the aim of avoiding the CCS limitations, at least two
variants of the protocol have been proposed. In [21], the authors
consider a linear relation between clocks that accounts for a
time offset and a clock drift. Two consecutive synchronization
messages are sent by the master node that are time-stamped
by the master node and by the slave nodes. The differences
between the time stamps are used by the slave nodes to perform
an estimation of the offset and the drift of their clocks. The
accuracy of this protocol is greatly dependent on the assumption
of a constant delay between the time stamps of the transmission
and reception of messages. By time-stamping the messages at
the Medium Access Control (MAC) layer, the random varia-
tions are reduced, and accuracies on the order of ±2 μs are
reported. Another limitation of this protocol is the fact that only
constant clock drifts are considered. Temporal variations of the
clock drifts can degrade the performance, but this topic is not
discussed in [21].

In [22], the authors propose a variant of CCS in which
messages are also time-stamped at the MAC layer to minimize
random variations between transmission and reception time
stamps. Even doing that, the time differences between the
transmission and reception of messages have a random behavior
with a reported standard deviation of around 3.6 μs. As in [21],
the differences between transmission and reception time stamps
are used to estimate a linear model for each node that takes
into account both a time offset and a clock drift for each node.
Synchronization errors on the order of five clock periods are
reported.

In this paper, we present a synchronization algorithm that is
based on a similar approach to the ones used in [21] and [22].
The time differences between accurate time stamps of broadcast
messages transmitted at the beginning of each multiframe of a
TDMA temporal structure are used to compute a lineal model
relating the clock of the end nodes to the clock of the master
node. This allows the nodes to obtain a precise estimation of
their own clock drift that is used to synchronize the emission
and reception of ultrasonic signals. We provide a theoretical
study of the effects of the resolution and drift of the clocks in
terms of its impact on the accuracy of the TOF estimations. To
the best of our knowledge, this is the first time that such an
analysis is presented. From this analysis, we conclude that the
contribution to the TOF standard deviation due to synchroniza-
tion errors can be as low as 0.6 μs even with clock resolutions
of 1 μs and clock drifts on the order of 50 parts per million
(ppm). Experimental evaluation of the proposed measurement
technique also demonstrates that TOF accuracies better than
2 μs are achievable even with inexpensive hardware within a
wireless sensor network.

The rest of this paper is organized as follows. In Section II,
the proposed synchronous TDMA measurement system is de-
scribed. Section III is devoted to the timing issues in the
proposed system. The effect of different clock drifts in TOF
estimations is analyzed, showing that a bias in the TOF mea-
surements appears as a result. A solution is presented to avoid
this problem based on an estimation of the relative clock drift

between nodes. Section IV discusses the proposed relative drift
estimation algorithm along with a detailed error analysis. In
Section V, a theoretical error analysis of the complete TOF
measurement system is presented that takes into account both
the clock drifts and the finite clock resolution of the smart
nodes. A mathematical expression is derived for the effect of
these error sources, from which a precision limit is obtained for
the proposed system. Section VI shows the experimental results
of the implemented measurement system which validate the
theoretical derivations. Experimental results also demonstrate
that, even with clock resolutions of 1 μs and clock drifts on
the order of 50 ppm, subcentimetric pseudorange precisions
can be easily achieved with the proposed system at distances
of 2–5.5 m. Finally, Section VII summarizes the conclusions of
this work.

II. MEASUREMENT SYSTEM DESCRIPTION

The TELIAMADE system is based on a wireless network
of smart nodes. Network architecture is based on the ZigBee
protocol which fits the low power requirements for the smart
sensor network design. A star network topology is used with
a network coordinator and a set of end nodes. End nodes are
equipped with a low-power microcontroller (PIC18F4620) [23]
and a radio chip (CC2420) [24] implementing the 802.15.4
physical layer. The rest of the ZigBee stack is implemented by
software in the microcontroller.

Each TELIAMADE node is also equipped with a couple
of low-cost ceramic ultrasonic transducers (400ST/R120) [25]
with a center frequency of 40 kHz and a 6-dB bandwidth
of 2 kHz. Therefore, a given node can be configured to
transmit or receive an ultrasonic signal at a given time. TOF
estimations are obtained by measuring the propagation delay
of a 1-ms ultrasonic signal between a couple of nodes, one
acting as an ultrasonic emitter and the other as an ultrasonic
receiver. The ultrasonic receiver node also performs the TOF
estimation.

Generation of an ultrasonic burst is performed by the
Enhanced Universal Synchronous Asynchronous Receiver
Transmitter (EUSART) of the microcontroller. A sequence of
alternating 0 and 1 b is generated at a baud rate of twice the
nominal frequency of the transducer (i.e., 80 kb/s) with an
appropriate length (i.e., a 1-ms burst requires the transmission
of a sequence of 80 alternating bits). The EUSART output is
buffered though a digital inverter gate (74HC04) [26] to provide
the needed current gain to drive the ultrasonic transducer.

Computation of the TOF is performed by the receiver node
using a quadrature digital correlator. The signal from the ultra-
sonic transducer is amplified and filtered using a second-order
analog active filter with a center frequency of 40 kHz and a
quality factor Q = 8. This preamplification and filtering stage is
implemented with a dual operational amplifier chip (LMC6482)
[27]. The conditioned signal is then sampled and stored in a
memory buffer. A bandpass sampling scheme [13], [14] is used
to reduce the required memory and processing resources. In
this way, the computation of the TOF can be autonomously
performed by the receptor node. The digital receiver is op-
erated at a sampling frequency of 17.78 kHz, which allows
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managing single-sided reception bandwidths of 4.45 kHz. A
buffer size of 1067 B is used to store the samples (assuming
2-B samples and a maximum TOF of 30 ms). In-phase and
quadrature components are obtained from the sampled data, and
two correlators are used to obtain the in-phase and quadrature
outputs. Finally, the envelope at the correlator output is obtained
from these two components. The position of the maximum
value of the correlator output is used as the first estimation
of the TOF. Parabolic interpolation [28] around the position of
this maximum is then used to obtain a time resolution much
better than one-half sample. Finally, an estimation of the TOF
is obtained as an integer number of samples (position of the
maximum) plus a fractional number of samples (output of the
parabolic interpolation) and then converted to time units using
the nominal value of the sampling frequency.

The overall complexity and cost of the additional hardware
are very low in comparison with those of the standard ZigBee
hardware. It only consists of a couple of ultrasonic transducers,
one operational amplifier chip, one digital inverter buffer, and
several resistors and capacitors. The average consumption of
the ZigBee module is 25 mA, and the additional hardware
consumption is 5 mA, which leads to a total amount of 30 mA
in normal operation. When the system is put in sleep mode, the
consumption is reduced to 1.7 mA. Therefore, when powered
with a typical 2000-mA battery, a node can be operated during
67 and 1176 h in normal measurement mode and in sleep mode,
respectively. The consumption is further reduced with the use of
the synchronous TDMA measurement scheduling presented in
the next section.

A. TDMA Synchronization

In order to obtain an accurate estimation of the TOF, the
receiver needs to know the time instant when the transmitter
starts the generation of the ultrasonic pulse. A possible solution
is to use a ZigBee message to fire the TOF measurement process
simultaneously in both the transmitter and the receiver. In this
way, the receiver can estimate the TOF as the time delay be-
tween the start of the reception and the time that the ultrasonic
pulse is detected. Although this scheme guarantees adequate
time synchronization and therefore corrects TOF estimates,
it has some disadvantages. First, it requires that all network
nodes remain actively listening to the radio interface. This
prevents the nodes to be in sleep mode with the consequent
increase in power consumption. Second, this scheme involves
high network traffic, particularly considering situations with
high measurement rate.

A more efficient solution is to use a periodic prescheduled
measurement scheme based on a TDMA approach. This is a
common approach in digital communication systems to provide
time synchronization [29]. Using this approach, the network
nodes can be programmed to start transmission or reception
of ultrasonic pulses at given time instants. These time instants
can be fixed using a temporal structure like the one shown
in Fig. 1.

In this example, the TDMA structure is organized in periods
of 6.4 s, which we will refer to as a multiframe. The beginning
of each multiframe is signaled by the network coordinator by

Fig. 1. TDMA temporal structure used for measurement scheduling.

sending a synchronization message (Msync) which all network
nodes receive at the same time (neglecting the propagation
delay of the radio signal1). Each multiframe is divided into 32
frames of 200 ms, and the beginning of each frame is used as
the time instant to begin a TOF measurement process. Using
this scheme, the network traffic due to synchronization is now
independent of the measurement rate, and it is only conditioned
by the information needed to maintain a proper synchroniza-
tion. As we will show later in Section IV, two messages per
multiframe are enough to maintain synchronization. Therefore,
the network traffic due to synchronization is reduced to two
messages per multiframe, which corresponds to a reduction in
a factor of 16.

An additional advantage of using this measurement schedul-
ing approach is a reduction in the average consumption of the
nodes. Without the need of sending a specific synchronization
message for every new measurement, the end nodes put its radio
chip in an idle state most of the time and only activate it to
receive the synchronization message at the beginning of every
new multiframe. The averaged consumption of an end node
with the radio chip in receive state is around 30 mA, while the
consumption of the radio chip alone is 18.8 mA. By maintaining
the radio chip in an idle state during all but the first frame of the
multiframe, the averaged consumption of the nodes is reduced
to 11.8 mA. This will enlarge the life of the batteries in a factor
of 2.5. When powered with a 2000-mA battery, the nodes can
operate in measurement mode for around 167 h.

In order to find the beginning of a given frame in the multi-
frame, each network node maintains a local tick counter that is
reset at the beginning of each multiframe (upon the reception of
the synchronization message). At any given time instant, each
node can compute the frame number as follows. Consider Δt
as the time offset from the reception of the synchronization
message at the beginning of the multiframe. Then, the frame
number is computed as

nF =

⌊
Δt

TF

⌋
(1)

where TF is the frame duration. The time offset from the
beginning of the current frame is

Δto = Δt− nFTF . (2)

1For typical ultrasound distance measurements of less than 10 m, the
propagation delay of a radio signal is on the order of 0.033 μs. The distance
error due to this delay (for a typical sound speed of 340 m/s) would be only
0.011 mm, at least one order of magnitude inferior to other error sources
considered in this work.
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Fig. 2. Schematic timing diagram of TOF measurement.

In a general scenario, each transmitter node starts the ultra-
sonic pulse generation at the beginning of a predefined frame of
the multiframe. The receptor node starts the reception process
of the ultrasonic pulse at the beginning of this same frame,
which guarantees that both processes start at the same time.
The time elapsed since the beginning of the reception process
until the pulse is detected is therefore the TOF of the ultrasonic
signal, from which the distance can be obtained using the sound
speed. The frame duration in this example (TF = 200 ms) is
selected to allow a maximum of five pseudorange measure-
ments per second. The number of frames is selected to allocate
a maximum of 32 transmitter nodes (each one assigned to a
different frame of the multiframe). Changing the number of
frames and the frame duration, the TDMA structure can be
configured to fit other measurement scenarios.

III. TIMING ISSUES

Timing information in the network nodes is derived from
the clocks of their microcontrollers, which are, in turn, driven
by crystal oscillators. Variations on the order of several tens
of parts per million of the nominal resonant frequency are
common for commercial crystals. As a result, all time measure-
ments made with a microcontroller clock are affected by a drift.
Different clock drifts for each node result in synchronization
errors that degrade the system performance by adding an un-
known bias to the TOF estimations.

In this section, a timing analysis of the TOF measurement
process is presented, and the effect of clock drifts is analyzed. A
different clock drift βn is assumed for each node to account for
the relative variation of the crystal oscillator nominal period.2

The relation between a time interval Δt and the corresponding
value (Δt)n measured by a node with a clock drift βn is

Δt = (1 + βn)(Δt)n. (3)

In the following, the subindex n is used to refer to a given
node (either an ultrasonic transmitter or receiver node). It can
be replaced by T when referring to a transmitter node and by R
for a receiver node.

Fig. 2 shows a schematic diagram of times involved in the
TOF computation between a transmitter (T ) node and a receiver
(R) node. ΔtT is the time elapsed between the start of the
multiframe and the start of the ultrasonic pulse generation
by the transmitter node. Similarly, ΔtR is the time elapsed

2Note that, contrary to what is common, in this paper, we define the drift as
a relative period variation rather than as a relative frequency variation.

between the start of the multiframe and the start of the sampling
process in the receiver node, and ΔtE is the delay of the
ultrasonic pulse from the beginning of the sampling process.
The TOF can be written down in terms of these values as

ΔtE = TOF + (ΔtT −ΔtR). (4)

In the following, we will analyze the effect of clock drifts,
assuming for the moment that the clocks have an infinite
resolution. Consider the case of a TOF measurement scheduled
at frame nF of the multiframe. Each node n (transmitter or
receiver) implements the nominal delay nFTF (from the mul-
tiframe start to the beginning of the frame nF ), but due to its
clock drift, the actual value of the delay will be

Δtn = nFTF (1 + βn). (5)

As both transmitter and receiver proceed in the same way, the
following relations can be written for the ΔtT and ΔtR delays

ΔtT =nFTF (1 + βT ) (6)

ΔtR =nFTF (1 + βR) (7)

where βT and βR are the drifts of the transmitter and receiver
clocks, respectively. Using (4), (6), and (7), we can write down
a new relation between ΔtE and TOF as

ΔtE = TOF + nFTF (βT − βR) (8)

from which it is evident that ΔtE is a biased estimate of the
TOF. The bias is a function of the difference between the clock
drifts, the frame number, and the frame duration. The maximum
bias error occurs at the last frame nF = 31. For TF = 200 ms
and clock drifts on the order of 50 ppm, this bias can be as
large as 620 μs (or 21 cm for a typical sound speed of 340 m/s).
Direct compensation of this bias requires the receiver node to
precisely know its own clock drift βR and also the transmitter
node clock drift βT . This needs a calibration process with a
precise reference clock. A simpler solution is presented in the
following section, which also allows one to track temporal
variations of the clock drifts (for example, those due to thermal
variations).

A. Avoiding the Bias Due to Different Clock Drifts

The bias term can be avoided if all network nodes share a
common time base provided by the network coordinator. To this
end, each network node performs an estimation of the common
time (the coordinator time) using a linear transformation of its
local time.

The relation between the measurement of a time interval Δt
with the coordinator clock (Δt)c and with a network node clock
(Δt)n is

(Δt)c = (1 + αn)(Δt)n (9)

where αn is the clock drift of the node n relative to the coordi-
nator clock and is related to the clock drifts of the coordinator
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βc and the node βn by

1 + αn =
1 + βn

1 + βc
. (10)

By using (9), each node can transform (given that αn is known)
a time interval measured with the coordinator clock into units
of its own clock and vice versa.

Consider again the case of a TOF measurement scheduled at
frame nF of the multiframe. Each node assumes that this value
is expressed in units of the coordinator clock and transforms it

using (9) into its own clock units, yielding a value of ˜nFTF =
nFTF /(1 + αn). Due to the clock drift βn of the node, the
implemented delay will be

Δ̃tn = ˜nFTF (1 + βn)

=
nFTF (1 + βn)

(1 + αn)

=nFTF (1 + βc) = Δtc. (11)

This is nothing but the delay that the coordinator would have
waited. Note that this is a fixed value, independent of the
considered node. This way, both the transmitter and receiver
nodes implement the same delay, and therefore, the bias in (8)
is removed.

IV. ESTIMATION OF α

To implement the previously described algorithm, each net-
work node must estimate its α value. This can be done by using
synchronization information sent by the network coordinator at
the beginning of each multiframe. In this section, we present
the complete α estimation algorithm along with a detailed error
analysis that takes into account the finite clock resolution.

Let us define the α estimator for a given network node as
follows:

α̃n(k) =
ΔNc(k)Tc

ΔNn(k)To
− 1

=
(Nc(k)−Nc(k − 1))Tc

(Nn(k)−Nn(k − 1))To
− 1 (12)

where Nc(k) and Nn(k) are the numbers of coordinator and
node clock ticks at the arrival of the synchronization message
signaling the beginning of multiframe k and Nc(k − 1) and
Nn(k − 1) are the corresponding values at multiframe k − 1.
Tc and To are the coordinator and node clock nominal resolu-
tions, respectively.3 As we will show later, this is an unbiased
estimator of αn.

Obtaining the tick count Nn(k) is easy. It only requires
retrieving the local clock tick count at the reception of the
synchronization message. Obtaining the corresponding tick
count of the coordinator Nc(k) is more difficult because it
corresponds to the coordinator’s tick count at the time that the

3We use To instead of Tn to designate the nominal clock resolution of the
nodes to emphasize the fact that this resolution is considered equal for all nodes
either acting as transmitter or receiver of ultrasonic signals.

synchronization message was sent. In our current implementa-
tion of the protocol, two consecutive messages are sent by the
coordinator at the beginning of each multiframe.

From the first message, only the reception tick count Nn(k)
is used (which is obtained from the node clock). In the second
message payload, the coordinator sends the tick count Nc(k)
corresponding to the time instant that the previous message
was sent (these are ticks of the coordinator clock). Therefore,
Nn(k) and Nc(k) are tick counts corresponding to a common
time instant but obtained from the node and coordinator clocks,
respectively. In this way, each network node can retrieve the
needed information to estimate its own α.

To implement this algorithm, a minor modification of the
MAC layer is needed to record the clock tick values just at the
beginning of the reception of a radio packet and just at the end
of the transmission of a radio packet. In our implementation,
the MAC layer code of the ZigBee protocol stack is modified to
record these tick counts.

A. Mean and Standard Deviation of the Estimator

The time at which the multiframe k synchronization message
arrives at the node can be expressed as

ts(k) = (Nn(k) + εn(k)) (1 + βn)To (13)

where Nn(k) is an integer number of clock ticks of a given node
n at the arrival of the synchronization message k and εn(k) is
an uncorrelated random process uniformly distributed in [0, 1]
that takes into account the quantization effects due to the finite
clock resolution To of the node.

The time interval between the arrival of two consecutive
synchronization messages at multiframes k − 1 and k will be

Δts(k) = (ts(k)− ts(k − 1))

= (ΔNn(k) + Δεn(k)) (1 + βn)To. (14)

A similar expression can be used for the same time interval
measured with the coordinator clock

Δts(k) = (ΔNc(k) + Δεc(k)) (1 + βc)Tc (15)

where Tc is the nominal coordinator clock resolution. By equat-
ing (14) and (15) and using the definition (12), we can write
down the following expression for the estimator:

α̃n(k) = αn +
Δεn(k)(1 + αn)−Δεc(k)

(
Tc

To

)
ΔNn(k)

. (16)

Since εn(k) and εc(k) are uncorrelated uniformly distributed
random processes in [0, 1], Δεn(k) and Δεc(k) will be the
difference of two uncorrelated uniformly distributed random
processes. We can obtain the expected value and variance of
the estimator as follows:

E [α̃n(k)] =αn (17)

Var [α̃n(k)] =
(1 + αn)

2 +
(

Tc

To

)2

6 (ΔNn(k))
2 (18)
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TABLE I
THEORETICAL AND SIMULATED STANDARD DEVIATIONS σ OF

α ESTIMATIONS FOR DIFFERENT COORDINATOR (Tc) AND

NODE (To) CLOCK RESOLUTIONS. THEORETICAL VALUES (THEO)
ARE OBTAINED WITH (18). MONTE CARLO SIMULATED VALUES (SIM)

ARE SHOWN FOR TWO DIFFERENT VALUES OF THE IIR FILTER

COEFFICIENT a. AVERAGED MEAN VALUES ARE

EQUAL TO 50.0013 ppm IN ALL CASES

where ΔNn(k) is the number of node clock ticks between
two consecutive synchronization messages that can be approx-
imated as

ΔNn(k) =

⌊
TM

To

⌋
(19)

assuming that the mean time between consecutive synchroniza-
tion messages is equal to the multiframe duration (TM ).

The variance (18) can have a significant contribution to the
total variance of the TOF estimation, as we will show later.
For example, for Tc=2 μs, To = 1 μs, αn=50 ppm, and
nFTF =6.4 s, the square root of (18) will be 0.1426 ppm.
A variance reduction can be obtained by averaging the consec-
utive estimations.

The network nodes compute their α̃n(k) estimate every new
multiframe k, and this information can be used to obtain a better
estimation with a lower variance. For a constant or slow varying
random process, a simple first-order IIR filter can be used to
track the mean value

α̂n(k) = aα̃n(k) + (1− a)α̂n(k − 1) (20)

where the optimal a can be estimated based on the autocorrela-
tion of α̃n(k) or can be experimentally adjusted.

Monte Carlo simulations have been conducted to validate
the aforementioned results. The time interval between syn-
chronization messages was simulated as a Gaussian random
variable with a mean of 6.4 s (the multiframe duration) and
a standard deviation of 0.25 ms (to simulate a coordinator
random delay in sending the synchronization messages). The
relative coordinator and node clock drifts were fixed at βc =
−25 ppm and βn = 25 ppm, respectively, corresponding to an
αn value of around 50 ppm. A total number of 200 simulations
of 106 multiframe synchronization messages were performed
for different coordinator and node clock resolutions. Averaged
results are shown in Table I for different values of the IIR
filter coefficient a. The mean values in all cases are equal to
the theoretical value of 50.0013 ppm given by (10) for βc =
−25 ppm and βn = 25 ppm. The standard deviations in the case
of a = 1.0 also agree with the theoretical values given by (18)
(when no IIR filtering is used). Finally, for the case of using an
IIR filter with a = 0.2, the simulation predicts a reduction of
the standard deviation in a factor of around 6.7 and in a factor
of 13.7 for a = 0.1.

V. ERROR ANALYSIS OF TOF ESTIMATION

In this section, a complete error analysis of the TOF measure-
ment system is presented. Clock drifts and finite clock resolu-
tion are taken into account in the derivation. We consider that
each node n implements the α estimation algorithm described
in the previous section and that an estimated value

α̂n = αn + ξn (21)

is available at the current multiframe (reference to the mul-
tiframe index k is removed in the following to simplify the
notation) with ξn as a zero mean error term with standard
deviation given in Table I.

Consider again the case of a TOF measurement scheduled
at frame nF of the multiframe. Each node n implements a
delay of nFTF /(1 + α̂n) seconds (in its own clock units)
from the multiframe start before starting the transmission or
reception process (depending on its configuration) by counting
the corresponding number of ticks Mn given by

Mn =

⌊
nFTF

(1 + α̂n)To

⌋
=

nFTF

(1 + α̂n)To
− υn (22)

where υn is considered a random variable uniformly distributed
in [0, 1] and independent of εn. Therefore, the time at which the
node starts, the generation or reception of an ultrasonic pulse is

tn = (Nn +Mn)(1 + βn)To. (23)

This leads to a delay (using (13) for the current multiframe start)

Δ̂tn= tn−ts=nFTF
1+βn

1+α̂n
−(εn+υn)(1+βn)To. (24)

To simplify the error analysis due to the variance of α̂n, we
perform the approximation

1

1 + α̂n
=

1

1 + αn + ξn
� 1

1 + αn
− ξn

(1 + αn)2
. (25)

Using (24), (25), and (10), we can derive the following
expression for the delay:

Δ̂tn=nFTF (1 +βc)−nFTF
1+βc

1+αn
ξn−(εn+υn)(1+βn)To.

(26)

Using (26) for both Δ̂tT and Δ̂tR, the time difference (4) is
now given by

Δ̂tE=TOF+

(
ξR

1 + αR
− ξT
1 + αT

)
(1+βc)nFTF

+((εR+υR)(1+βR)−(εT +υT )(1+βT ))To. (27)

A. Other Error Sources

Estimation of ΔtE is performed by the receptor node using a
digital correlator, and the delay is obtained in units of samples
of the ultrasonic signal. The estimation can be modeled as

ΔtE = Δ̂tE + b+ η (28)
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where b is a bias term due to the group delay of the transducers
and the analog bandpass filter and η is a zero mean random term
which depends on the SNR of the received ultrasonic signal.

For a nominal sampling period Ts, the actual sampling period
of the receptor node is T̃s = Ts(1 + βR). The measured delay
in units of samples will be

Ns =
ΔtE

Ts(1 + βR)
. (29)

Moreover, the estimated delay (obtained using the nominal
sampling period) will be

Δ̃tE = NsTs =
ΔtE

(1 + βR)
. (30)

Although Δ̃tE and ΔtE are related by (1 + βR), the latter
value is unknown to the receiver, and therefore, its TOF estima-
tion can be based only on Δ̃tE . For this reason, we choose to
perform the error analysis in this variable.

By using (30), (28), and (27), we can finally write down the
following expression for the TOF estimation:

Δ̃tE =TOF + b− βR

1 + βR
(TOF + b) +

η

1 + βR

+
nFTF

1 + αR

(
ξR

1 + αR
− ξT

1 + αT

)

+ To
(εR + υR)(1 + βR)− (εT + υT )(1 + βT )

1 + βR
. (31)

The expected value and variance of the estimator can be
evaluated by considering that all random terms in (31) are
independent

E[Δ̃tE ] =TOF+b− βR

1+βR
(TOF+b)

+ To
βR−βT

1+βR
(32)

Var[Δ̃tE ]=
σ2
η

(1+βR)2

+

(
nFTF

1+βc

1+βR

)2
((

1+βc

1+βR

)2

+

(
1+βc

1+βT

)2
)
σ2
ξ

+
T 2
o

6

(
1+

(
1+βT

1+βR

)2
)

(33)

where σ2
ξ is the variance in the estimation of α for both

transmitter and receiver nodes. An approximation for the mean
and variance can be obtained by letting 1 + βc � 1 + βR �
1 + βT � 1

E[Δ̃tE ]�TOF+b−βR(TOF+b)+To(βR−βT ) (34)

Var[Δ̃tE ]�σ2
η+

T 2
o

3
+2(nFTF )

2σ2
ξ . (35)

B. Estimated Order of Magnitude of the Different Errors

To show that the proposed approach can be accurate enough,
we perform here an evaluation of the order of magnitude of
errors affecting the TOF estimate using (34) and (35). The
typical values considered for the parameters will be To = 1 μs
for the clock resolution, |βT | ≤ 50 ppm and |βR| ≤ 50 ppm for
the relative clock drifts, and TOF ≤ 30 ms (for a maximum
pseudorange of around 10 m) and b = 0.25 ms for the group
delay.

For the aforementioned values, the bias term To(βR − βT )
in (34) has a maximum value of 10−4 μs and can therefore be
neglected. The term βR(TOF + b) is a TOF-dependent bias
whose maximum values are 1.5 μs at 10 m and only 0.75 μs at
5 m. However, in any case, it can be partially removed along
with the constant bias b by calibration.

The variance in (35) contains three terms. The first one
corresponds to the variance of the correlator output estimate
σ2
η . The second term T 2

o /3 depends on the clock resolution. For
a 1-μs resolution, the standard deviation will be 0.58 μs. The
last term is the contribution of the variance in the estimation
of α. Its value depends on the time offset nFTF from the
beginning of the multiframe. Therefore, TOF measurements
will have a different variance depending on the frame at which
the measurement is performed. The measurements performed in
the first frame (nF = 0) will have no contribution of this term,
while the measurements performed in the last frame (nF = 31)
will have a significant contribution of this term. Considering
a typical value of σξ = 0.1426 ppm (see Table I without IIR
filtering), the maximum rms contribution of this term will be
1.25 μs. When the IIR filtering is used with a value a = 0.1, a
typical value of σξ = 0.0104 ppm is obtained instead, and the
maximum rms value of this term is reduced to 0.09 μs.

The joint contribution to the TOF rms error of the last two
terms in (35) will be less than 0.6 μs or 0.2 mm at 340 m/s.
This is the theoretical performance limit due to the finite clock
resolution and the different clock drifts of the network nodes.
Reducing the clock resolution To from 1 to 0.25 μs will reduce
the corresponding rms contribution to 0.14 μs and the joint rms
contribution to 0.17 μs or 0.06 mm at 340 m/s. For these values,
the total TOF rms error will be almost independent of the clock
drifts and resolution and more than adequate for subcentimeter
precisions.

VI. EXPERIMENTAL RESULTS

In this section, experimental results showing the effective-
ness of the proposed synchronous measurement system are
shown. The algorithms presented in this paper have been imple-
mented in the TELIAMADE local positioning sensor network.

A. Experimental Setup

For the following experiments, one coordinator node (Nc)
and six end nodes (numbered from N1 to N6) are used.

Several factors can cause additional TOF estimation errors;
one of the most important is the multipath effect. The reflection
of the ultrasonic signal in surrounding obstacles can create
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alternative propagation paths between emitter and receiver. In
some situations, the multipath effect can cause the overlapping
of two or more replicas of the ultrasonic signals at the receiver,
modifying therefore the shape of the received signal. This
shape modification will introduce an unknown bias in the TOF
estimation obtained by the receiver correlator. Dealing with
such effects is not the purpose of this work, and therefore, we
have used an experimental setup specifically designed to avoid
them. When measuring the TOF between two network nodes,
they are placed one in front of the other at a height of 1.6 m
above the floor and 1.6 m farther away from walls and any
other obstacle. For distances between emitter and receiver of
less than 6 m, this setup ensures that any possible echo of the
ultrasonic signal will reach the receiver at least 2.35 ms later
than the main signal (the one propagated through the direct
path). Considering that 1-ms ultrasonic signals are used in the
experiments, this setup will avoid signal overlapping at the
receiver due to multipath effects.

Unless otherwise stated, the system parameters were fixed
as follows: number of frames nF = 32, frame duration TF =
200 ms, carrier frequency Fc = 40 kHz, sampling frequency
Fs = 17.78 kHz, IIR filter coefficient a = 0.1, ultrasonic pulse
duration of 1 ms, coordinator clock resolution Tc = 2 μs, and
end-node clock resolution To = 1 μs.

B. Clock Drift Characterization

Clock drift characterization was based in measuring the
frequency shift of the EUSART clock signal of each node. Due
to the node clock drift, the nominal frequency Fb will result in
an actual frequency

F̃b = Fb +ΔFb =
Fb

1 + βn
. (36)

Therefore, the drift can be obtained as

βn = − ΔFb

Fb +ΔFb
. (37)

For a nominal frequency of the EUSART clock Fb = 80 kHz
and a clock drift value of βn = 50 ppm, the value of the
frequency shift will be ΔFb = 4 Hz. Measuring this small fre-
quency deviation is difficult by directly analyzing the EUSART
clock signal.

Instead of doing that, one can translate the signal to a lower
frequency band by mixing it with a second signal of an appro-
priate frequency [30]. By multiplicative mixing the EUSART
clock signal F̃b with a reference signal of frequency Fm =
Fb + Fx/4 and band-limiting the resulting signal to Fx/2, it
is easy to show (although out of the scope of this paper) that
the resulting signal will have only one frequency component at
Fd = Fx/4−ΔFb, provided that |ΔFb| < Fx/4.

If we select Fx = 500 Hz, the measurable range for the
frequency shift ΔFb will be ±125 Hz. This will be adequate
for estimating clock drifts up to several hundreds of parts per
million. The frequency shift can be more precisely estimated
because the frequency range of the new signal is centered
on Fx/4 = 125 Hz instead on Fb = 80 kHz. The following

Fig. 3. Normalized Power Spectral Density of node N1 data showing a
frequency shift of 4.4032 Hz corresponding to a relative drift of 55.04 ppm.

TABLE II
ESTIMATED β AND α VALUES FOR THE DIFFERENT NODES

(IN PARTS PER MILLION). βn DENOTES THE VALUES OBTAINED

WITH THE PROCEDURE DESCRIBED IN SECTION VI-B.
α(βn) IS OBTAINED FROM βn VALUES USING (10),

AND αn VALUES ARE OBTAINED WITH THE PROCEDURE

DESCRIBED IN SECTION IV. THE LAST ROW SHOWS THE

DIFFERENCE BETWEEN THE TWO ESTIMATIONS

procedure is used to obtain a precise estimation of the clock
drift.

The EUSART nominal clock frequency is fixed at Fb =
80 kHz, and the sampling frequency is fixed at Fx = 500 Hz. A
reference square signal of frequency Fm = 80125 Hz is synthe-
sized using a digital signal generator. The two square signals are
mixed using a XOR gate, and the resulting signal is band limited
at Fx/2 = 250 Hz and sampled with a digital oscilloscope.
From a discrete Fourier transform (DFT) [31] analysis of the
sampled signal, the frequency Fd of the maximum absolute
value is then found, and the frequency shift is computed as
ΔFb = Fx/4− Fd. Finally, (37) is used to obtain the relative
clock drift. A total number of 50 000 samples were acquired for
each node EUSART clock, and a 625 000 point DFT was used
to find the frequency Fd. The achieved frequency resolution
is 0.8 mHz, which allows estimating the relative clock drift
with a resolution of 0.01 ppm. Fig. 3 shows an example of
the DFT of node N1 data showing a 4.4032-Hz frequency shift
corresponding to a relative drift of 55.04 ppm. The measured
drifts4 for all nodes (including the coordinator) are shown in
the first row (βn) of Table II.

C. Clock Drift Effect Evaluation

Fig. 4 shows the effect of clock drifts in TOF measurements.
Values are obtained using a pair of nodes, with N1 configured as
transmitter and N6 as receiver. The distance between the nodes
was approximately 3.5 m. The system was scheduled to perform

4The drift values are relative to the signal generator clock used as reference.
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Fig. 4. TOF estimations using a couple of network nodes (N1 transmitter and
N6 receiver) at an approximate distance of 3.5 m. The filled dots correspond to
measures without clock drift compensation. The unfilled dots correspond to the
same measures after correcting the bias due to the different clock drifts.

32 measurements in each multiframe (one measurement every
frame). The filled dots correspond to 192 TOF measurements
(six multiframes) obtained without drift compensation.

In this case, the TOF error increases linearly with time
and is reset at the beginning of every new multiframe. This
is because a resynchronization occurs at the reception of a
new synchronization message sent by the coordinator at the
beginning of every multiframe. From Table II, the difference
between the drifts of the transmitter (N1) and receiver (N6)
nodes is (βT − βR) = 7.07 ppm. As predicted by (8), the
maximum TOF error due to the different clock drifts occurs
at the beginning of the last frame, which is 6.2 s from the
beginning of the multiframe (considering 32 frames of 200 ms).
The expected value of this error can be evaluated using (8) as
6.2× 7.07× 10−6 = 43.83 μs, which explains the difference
between maximum and minimum TOF values in the figure.
The mean value of the data is 10 688.40 μs, and its standard
deviation is 12.28 μs, which would correspond to 4.17 mm if
the velocity of sound would be 340 m/s.

To obtain an estimation of the bias caused by the clock drifts
of the nodes, the mean value of all measurements performed
at the beginning of a given frame nF of the multiframe is
computed. The resulting values are plotted against the time
offset from the beginning of the multiframe nFTF , as shown
in Fig. 5, in which a clear dependence of the bias with this time
offset is evident.

The linear model (8) is fitted to these data by minimum mean
square error linear regression of the estimated TOF (identified
with ΔtE) versus the time offset from the beginning of the mul-
tiframe nFTF . The obtained intercept is 10 667.85 μs, which
corresponds to the average value of the compensated TOF.
The obtained slope is 6.62× 10−6, which is identified with
Δβ = (βT − βR) and very close to the 7.07-ppm theoretical
value. From these values, a corrected TOF estimation can be
obtained using (8) as ˜TOF = ΔtE − nFTFΔβ. These values
are plotted with unfilled dots in Fig. 4. Now, the linear trend
is removed, and the mean value and standard deviation are
10 667.85 and 1.06 μs, respectively. These results show the
correctness of the proposed linear model.

Fig. 5. Mean value of TOF estimations ΔtE versus the time offset from
the multiframe start nFTF . Measurements obtained for a couple of nodes
(N1 transmitter and N6 receiver) at an approximate distance of 3.5 m.

Fig. 6. Time evolution of the α estimation of node N2. The thin line corre-
sponds to raw α estimations, while the thick line corresponds to the filtered
version with a = 0.1.

D. Estimation of α Values

To evaluate the clock drift estimation algorithm, α values
from a set of 100 consecutive multiframes were recorded for
each of the six end nodes (N1 to N6). The mean values for
each node are shown in the third row of Table II. Comparison
with the values obtained from the estimations of β (second row
of the table) shows that the two methods provide consistent
estimations with a difference of less than 0.5 ppm.

The time evolution of α estimations is shown in Fig. 6 for
node N2. The thin line corresponds to raw values a=1.0, while
the thick line corresponds to filtered values witha=0.1. The var-
iance reduction due to the IIR filter is evident from this figure.

The standard deviations of α̂n for all six end nodes are shown
in Table III for values of the IIR filter coefficient of a = 1.0,
a = 0.2, and a = 0.1 for each node. The last column also shows
the averaged values for all nodes in each case. These values
are consistent with those predicted by the simulations. For the
coordinator and node clock resolutions (second row of Table I),
the simulations predict standard deviations of 0.1426, 0.0213,
and 0.0104 ppm for IIR filter coefficient values of 1.0, 0.2, and
0.1, respectively; the corresponding measured values are (the
last column of Table III) 0.144, 0.023, and 0.012. These results
validate the proposed α estimation algorithm.
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TABLE III
STANDARD DEVIATIONS OF α VALUES IN PARTS PER MILLION FOR THE

DIFFERENT NODES AND FOR a = 1.0, a = 0.2, AND a = 0.1 VALUES OF

THE IIR FILTER COEFFICIENT. THE VALUES FOR EACH NODE ARE

OBTAINED FROM 100 α ESTIMATIONS FROM CONSECUTIVE

MULTIFRAMES. THE LAST COLUMN (AVG) SHOWS THE AVERAGE

VALUES CONSIDERING DATA FROM ALL SIX NODES IN EACH CASE

Fig. 7. TOF standard deviation as a function of the frame number.
The discontinuous line is the standard deviation of TOF measurements in each
frame nF . The solid line is the result of fitting the model (35).

E. Effect of the Variance of α

Fig. 7 shows the variation of the TOF standard deviation with
the frame number nF . As discussed in Section IV, α variance
contributes with a different weight to the total TOF variance
depending on the frame number nF . In this experiment, 8640
TOF measurements were recorded between a pair of nodes (N1
as transmitter and N6 as receiver) at an approximated distance
of 2 m. The α estimation in the nodes was performed without
IIR filtering, with coordinator clock resolution Tc = 2 μs and
node clock resolution To = 1 μs. The system was scheduled
to perform 32 TOF measurements per multiframe. A total of
270 TOF measurements is available for each frame of the
multiframe. Each group of TOF measurements corresponding
to the same frame index was used to estimate the correspond-
ing variance. The theoretical relation (35) was fitted, and the
resulting values are plotted with a solid line in the figure.
The value σξ = 0.111 μs obtained for the fitted curve is close
to the theoretical value σξ = 0.1426 μs (see Table III) and
explains the different standard deviation of TOF measurements
in each frame of the multiframe.

F. System Evaluation

In this section, we present an experimental evaluation of
the whole system in terms of the achieved TOF accuracies.
First, the same experimental study presented in Section VI-C
is repeated for the pair of nodes N1 and N6 and using the same
setup. Fig. 8 shows the estimated TOF after using the clock drift
compensation algorithm described in Section III-A and the α
estimation procedure described in Section IV with a value for
the IIR filter coefficient a = 0.1. By comparing Figs. 8 and 4,
it is evident that the clock drift effects have been removed. The

Fig. 8. TOF estimations using a couple of network nodes (N1 transmitter
and N6 receiver) at an approximate distance of 3.5 m. Measurements have
been obtained after using the clock drift compensation procedure described in
Section III-A and the α estimation procedure described in Section IV with a
value for the IIR filter coefficient a = 0.1.

TABLE IV
TOF STANDARD DEVIATIONS FOR FIVE PAIRS OF NODES AT THREE

DIFFERENT DISTANCES FROM 1600 TOF MEASUREMENTS OF THE

COMPLETE SYSTEM WITH CLOCK DRIFT COMPENSATION.
α ESTIMATION IS PERFORMED WITH IIR FILTER COEFFICIENT

a = 0.1. NODE N1 WAS CONFIGURED AS TRANSMITTER, AND NODES

N2 TO N6 WERE CONFIGURED AS RECEIVERS. THE SYSTEM WAS

SCHEDULED TO PERFORM 32 TOF MEASUREMENTS PER MULTIFRAME.
THE LAST COLUMN SHOWS THE AVERAGED RESULTS

FOR EACH DISTANCE ACROSS ALL NODE PAIRS

mean value and standard deviation of the corrected TOF are
now 10 668.19 and 1.27 μs, respectively. By repeating the same
linear regression analysis previously presented in Section VI-C,
the new slope and intercept values are 10 667.98 μs and 0.07
ppm, respectively, confirming that the clock drift effects have
been effectively removed.

To evaluate the performance of the complete system, a set
of TOF measurements was obtained from five different pairs of
nodes at three different approximated distances of 2, 3.5, and
5.5 m. Node N1 was configured as transmitter, and nodes N2
to N6 as receivers. In all cases, α estimation was performed
with an IIR filter coefficient a = 0.1 and with coordinator clock
resolution Tc = 2 μs and node clock resolution of To = 1 μs.
Clock drift compensation was also applied in all cases.

For each distance and node pair, a total of 1600 TOF
measurements was recorded. Standard deviations are shown
in Table IV for each node pair and distance along with the
averaged values for each distance across all node pairs.

The TOF variance increases as a function of the distance,
which is due to the SNR decrease of the ultrasonic signal that
affects the ση term in (35). At a distance of 2 m, the averaged
TOF standard deviation is 0.92 μs. Considering that the stan-
dard deviation contribution of the clock drift and resolution (see
(35) and Section VI-D) is 0.58 μs, the contribution of ση can
be approximately estimated as 0.71 μs. Increasing the distance
yields to greater values of the TOF standard deviation. As the
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contribution of the clock effects is independent of the distance,
this greater TOF standard deviation is explained by an increase
in the value of ση . The clock effects have less influence on the
total TOF standard deviation value for greater distances, and
therefore, in the current configuration, no significant improve-
ment in the accuracy of the TOF estimation would be expected
from improving the clock resolution.

Evaluation of the system performance in terms of standard
deviation of the measured distance (for a typical sound speed
value of 340 m/s) can be obtained from the standard deviation
of TOF values in the last column of Table IV. For a distance
of 2 m, the standard deviation of the distance will be 0.31 mm,
while the corresponding values for 3.5 and 5.5 m are 0.39 and
0.64 mm, respectively. From these values, we can conclude that
the system, in the absence of other error sources, is able to reach
subcentimetric or even submillimetric precisions for distances
below 6 m.

VII. CONCLUSION

In this paper, an ultrasonic TOF measurement system has
been proposed in the context of wireless sensor networks.
Restrictions due to the low-power, low-cost, and low-bit-rate
conditions are considered in the design.

Generation and detection of ultrasonic signals are digitally
performed with a reduced number of analog components and
using low-cost ceramic ultrasonic transducers. TOF estimation
is performed by the receptor nodes using a digital quadrature
correlator based on a bandpass sampling scheme. Measurement
synchronization is provided based on a TDMA scheduling
approach.

Potential error sources due to the clock drifts of the micro-
controller nodes are theoretically characterized, and techniques
have been proposed to correct them. A theoretical error char-
acterization of the whole measurement system is derived. The
model takes into account both the drift and the finite clock
resolution effects.

The measurement system has been implemented in a smart
sensor network based on the ZigBee protocol. Experimental
results supporting the theoretical derivations are shown. Even
with clock resolutions on the order of 1 μs and clock drifts
around 50 ppm, the system evaluation demonstrates the vi-
ability of obtaining subcentimetric distance precisions using
inexpensive hardware.

The results of this paper are applicable to other ultrasonic
distance measurement techniques within the proposed network-
based measurement system.

However, the precision of the system depends not only on
the node synchronization. There are several factors that can
degrade the system precision in a real environment, such as
multipath effect, air flows or variations in temperature, and
relative humidity that may affect the speed of propagation of
the ultrasonic signal. On the other hand, the use of passive
components in the hardware design of the nodes introduces an
additional delay in the TOF measurement. The estimation of
such delay involves a calibration process of the nodes. Finally,
the accuracy of the position of the mobile node also depends
on a correct determination of the coordinates of the reference
nodes. All these topics will be addressed in future works.

A frame duration of 200 ms allows performing a maximum
of five TOF measurements per second. Considering a typical
speed of the mobile node of 2 m/s, a displacement of 0.4 m
will appear between consecutive measurements, leading to po-
sitioning errors. However, TELIAMADE system has a flexible
configuration that allows using different strategies to address
this problem.

The first strategy is to reduce the duration of frame to 50 ms,
allowing a higher measurement rate and thus reducing the
error due to displacement of the mobile node. However, a
shorter frame period would reduce the available time for per-
forming the position estimation and would require a faster
microcontroller.

The second strategy is to reverse the operation way of nodes
in TELIAMADE. The fixed nodes (typically located in the
ceiling) can be configured as ultrasonic receivers, and the
mobile node can be configured as an ultrasonic transmitter. So,
the distance between the mobile and all the reference nodes can
be estimated simultaneously, therefore avoiding possible errors
due to the mobile node displacements. The main disadvantage
of this configuration is that the privacy of the positioning is not
guaranteed.

The third strategy is to use a synchronous CDMA scheme. By
using pseudorandom codes, the fixed nodes can start simulta-
neously the signal transmission at the beginning of each frame.
The orthogonality of these codes allows the receiver node to
estimate the TOF of each individual signal. The location privacy
is guaranteed since the mobile is responsible for estimating
its position. On the other hand, the positioning rate is also
increased and is conditioned by the selected frame period.
Nevertheless, this strategy increases the computational load of
the receiver node.

Selecting the most appropriate strategy will depend on the
particular application.
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