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1. Introduction 1

1

Introduction

1.1 Background

Robots in the United States have been practically introduced into many industries since

the mid-20thcentury. There are industrial robots more than 1,000,000 units around the

word in various fields, for examples, a production line in factories, home robots, and

underwater [1]. Nowadays, the researches and the developments of the next-generation

robots such as micro robots, service robots, and personal robots have been developed

rapidly with the various objectives and applications. A micro robot used in a narrow

space, in which an operator does not enter, is performed [2]. A service robot supports

the rescue activities in nursing assistances and disaster sites [3]. A personal robot,

the ASIMO or the AIBO, is widely contributed in the living environment because it

is capable of performing communication with human beings [4-5]. The realization of

these next-generation personal robots in accordance with the surrounding situation for

performing autonomous movement and human intellectual activity by the determina-

tion is required. The technology of autonomous robots using sensors for measuring the

spatial information and the actuators for controlling their performance is interesting.

The key point of developments in autonomous robots requires high accuracy, high res-

olution, small size and low cost. Therefore, the robot study of high-performance key

components moving toward the practical use has been actively carried out.
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Figure 1.1 Measurement range and accuracy using laser sensor and ultrasonic sensor.[6]

1.2 Spatial information measurements in autonomous mo-

bile robot

Spatial information is a type of key components required by autonomous robots to

achieve their own objectives, for examples, the presence or absence of obstacles, distance

measurement, velocity measurement, and localization. The laser sensor, the high speed

camera, the millimeter-wave sensor, and the ultrasonic sensor are typically utilized for

these quantities.

1.2.1 Distance measurement

In a case of the distance measurement, the laser in markets today has the measurement

rage and the measurement precision when compared with the ultrasonic sensor, shown

in Figure 1.1. The distance measurement of the target in the vicinity of the autonomous

mobile robot is in the range from a few centimeters up to several meters, and the

accuracy of measurement about 100 µm-10 mm is given. To understand advantages and

disadvantages of laser sensors, information of the laser for the distance measurement is

briefly explained. First, the confocal laser method provides the irradiated laser passing
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through the objective lens to the focal point on the surface of the object. It can measure

distance with a very high accuracy 10 nm -2 µm of the range measurement 1 mm-10

mm but there is a narrow range. Second, the triangulation principle [7], the laser beam

is projected from the instrument and is reflected from a target surface to a collection

lens. This lens is typically located adjacent to the laser emitter. The lens focuses an

image of the spot on a linear array camera (CMOS array). The camera views the

measurement range from an angle at the center of the measurement range, depending

on the particular model. The position of the spot image on the pixels of the camera is

then processed to determine the distance to the target. The camera integrates the light

falling on it, so longer exposure times allow greater sensitivity to weak reflections. The

beam is viewed from one side so that the apparent location of the spot changes with

the distance to the target. This instrument can carry out the distance measurement

with a high accuracy measurement 10 m-1 mm of the range measurement 1mm-1 m.

This method can provide a wider range of the distance measurement when relatively

compared with the confocal measurement method. Third, the laser sensor can measure

the distance by the phase difference reflected from the target. It can measure distance

with accuracy 1 mm-2 mm of the range measurement 10 cm-100 m. It is possible to

carry out the distance measurement on a very wide range. Since the propagation speed

of the laser in air is very fast to measure the distance, it is difficult to measure the short

distance (a few centimeters) in the laser sensor by phase difference method. Thus, the

laser sensor can be concluded that it has the sufficiently high precision and the wide rage

in the distance measurement; however, it is difficult to measure the distance reflected

from the target such as liquid, glass, and mirror surface.

The image measurement by high-speed camera can measure the distance from the

change in position of the target reflected in the camera image. However, the image

measurement by high-speed camera requires extensive measuring equipment and com-

plicated image processing [8]. It is not appropriate for spatial information measurement

of autonomous mobile robot.

Mitsubishi Electric Corporation has developed a millimeter-wave radar for automo-

tive application. Monolithic microwave integrated circuits (MMICs), developed specif-

ically for this application by Mitsubishi Electric, are used for the radio-frequency (RF)

module to obtain outstanding radar performance [9]. This millimeter-wave radar in-

corporates a signal-processing unit in the radar head, resulting in a more compact,

lightweight radar system that is easy to install on vehicles. The method of measur-

ing the distance from radar to a target vehicle depends on the type of radar system

employed. Millimeter-wave radar systems for automotive application include pulse
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radar, frequency-modulated continuous-wave (FM-CW) radar and spread spectrum

radar. The radar transmits a frequency modulated millimeter-wave signal, and the

signal reflected by a target is received by the radar. By mixing the received and trans-

mitted signals, the system obtains a beat signal having a frequency. This beat signal

features a time delay due to the distance from the radar to the target. This technol-

ogy can measure distance with accuracy 1 m of the range measurement 0 m-120 m.

However, it has very low accuracy and not appropriate at a total distance less than 5

meters due to high cost when used in autonomous robots.

Ultrasound, which has slow propagation in air when compared with the laser, is

easily reflected by the surface of the structure. The distance measurement using the

ultrasonic sensor can be determined by the time difference of the echoes reflected from

the target. This is called Pulse-echo method. When a high frequency pulse of ul-

trasound is used for determination of the distance measurement, accuracy obtained is

approximately 0.2-1 mm. Although it is possible to achieve the distance measurement

with high range resolution, but the distance is limited to the 1 m below the measure-

ment range under the influence of ultrasonic attenuation and noise. However, if we use

a low frequency burst wave instead of a high frequency pulse, the measurement range

can be improved up to 10 m, and accuracy is approximately 1 cm-10 cm. The distance

resolution is reduced to be 1 cm. To improve the distance resolution and signal to

noise ratio (SNR), a pulse compression, which is widely used in the field of radar and

communication by the pulse echo method, is performed. A duration time between a

received signal and a transmitted signal as a reference signal in the pulse-echo method

by the pulse compression is computed using a cross correlation method. However, the

computational cost of the cross - correlation method is greatly increased. Next, similar

to the laser, a phase shift method of a continuous ultrasonic wave observes the phase

difference between the transmitted and received signals. The phase difference is directly

proportional to the distance measurement.

1.2.2 Velocity measurement

Recently, the relative velocity measurement of autonomous robots can be performed

by many technologies, for examples, laser and ultrasound. First, when the laser is

reflected from a moving object, the change of the laser frequency due to the Doppler

effect is proportional to the relative velocity measurement to the moving object. A

laser Doppler method for measuring the Doppler velocity of the moving object from

the Doppler shift provides very high accuracy [10]. The velocity range of the laser
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sensor is about 30 m/s; however, the laser sensor is high cost and large size. A low

cost and small size laser sensor with a wide range (100 m/s) exists but it is low accuracy

[11].

There are several methods for measuring the velocity measurement by ultrasound,

such as continuous wave Doppler method, pulse Doppler method, and speckle method.

In the continuous wave method, when the ultrasonic wave is reflected from a moving ob-

ject, the change of the ultrasonic frequency due to the Doppler effect is proportional to

the relative velocity measurement to the moving object. In the pulse Doppler method,

a transmitted ultrasonic pulse, which is modulated by a sine wave or M-sequence code,

can measure the Doppler velocity of the object from the Doppler shift in the frequency

of the echo reflected from the moving object. Next, if the transmitted ultrasonic waves

are reflected by the somewhat rough surface, a punctate pattern called speckle can be

seen in the echo. The ultrasound speckle method is to measure the velocity of the

object from the speckle pattern.

The velocity measurement using ultrasonic wave can also be used in medical ul-

trasound applications, such as blood flow measurements. It is interesting that this

method has been not used much in autonomous mobile robots. When realization in

light weighted devices is expected, the ultrasound method, which is relatively compared

with the laser method, is low cost and small size. Nevertheless, the limitation is low

resolution in the range measurement and high - computational - cost time due to signal

processing.

1.3 Purposes

In general, ultrasonic distance measurement, which uses an ultrasonic system, is a rel-

atively flexible approach for environmental recognition in robotic systems. Ultrasonic

distance measurements can be determined simply by using the time-of-flight (TOF)

method, which is a measurement of the time for sound waves to travel between the

sound source and the object, multiplied by the sound velocity. TOF can typically be

computed by performing a cross-correlation between the transmitted and received sig-

nals. As a result, TOF is a measurement of the maximum peak during a sample time.

Chirp signals are an ingenious method of handling a practical problem in ultrasonic

distance measurement because they give the accuracy and resolution of TOF measure-

ments. A linear-period-modulated (LPM) signal, which is a type of chirp signal, has a

period that is swept linearly with time and, is presented. This signal allows the cross-

correlation function to determine the TOF via the Doppler effect. Resolution and signal



1.4 Organization 6

processing costs for measuring the distance and the velocity using ultrasound system

are in a trade-off relationship. Thus, a low-calculation-cost method of ultrasonic mea-

surement by pulse compression comprising two cycles of LPM signals and Doppler-shift

compensation has been proposed [12-13]. Accordingly, to achieve fast signal processing,

this paper has applied such a method. Ultrasonic distance and velocity measurements

have already been accomplished by using one microphone [14]. In the case of an ul-

trasonic two-dimensional system, a solution for two-dimensional position and velocity

measurements by exploiting two microphones has also been proposed [15].

Nevertheless, the development of position and velocity measurement under ul-

trasonic system is far from complete. This dissertation presents ultrasonic three-

dimensional position and velocity measurements using a simple algorithm to provide

fast signal processing, which is accomplished via one-bit signal processing. The pro-

posed systems are simply designed to support low cost devices. Additionally, to support

real-application, FPGA has been used to achieve the parallel computation.

1.4 Organization

This dissertation is organized to nine chapters. Chapter 2 can serve as a review and a

summary of traditional one, two, and three dimensional position and velocity measure-

ment techniques using ultrasonic technology. Chapter 3 is then covered on a basis of 1 -

bit Delta - Sigma (∆Σ) modulated signal, an implementation on acoustical devices and

a field programmable gate array (FPGA) involving with this dissertation. Chapter 4

expresses a principle of Doppler-shift, Doppler velocity estimation using LPM signals,

and reflections from different-shape objects. Chapter 5 proposes an ultrasonic position

and velocity measurement by an iterative method. Chapter 6 presents an ultrasonic

position and velocity measurement by a Direction of - Arrival method. Chapter 7

explains an ultrasonic position and velocity measurement by a linear algebra method.

Chapter 8 introduces performance evaluation, testing, and comparisons in different

types of noise. Chapter 10 is conclusions of this dissertation.
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2

Ultrasonic position and velocity

measurement

2.1 Traditional distance measurement techniques

2.1.1 Pulse echo method

The pulse- echo method is one of the typical ultrasound distance measurement tech-

niques. This method determines an ultrasonic waves time of flight (TOF) [16]. The

TOF is the interval from the transmission of an ultrasonic pulse to the reception of an

echo reflected from a target. The targets distance is estimated from the product of the

TOF and the propagation velocity of an ultrasonic wave. TOF is:

TOF =
2d

v0
, (2.1)

where d is a distance and v0 is sound propagation. The reflection model f(t) can be

represented in a form of TOF as follows:

f(t) = δ(t− TOF ), (2.2)

Assume that the transmitted signal h(i), which has a length of N samples, is sent to

the target, and the received signal x(t) is then obtained, show as Figure 2.1. The echo

can be defined by convolution between the transmitted signal and the reflection model

in Equation (2.3).

x(t) = h(i)⊗ f(t)
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TOF 

Transmitted signal h (i) 

Received signal x (t) 
Target 

Distance 

Convolution 

( ) ( ) ( )x t h i f t 

Figure 2.1 Transmitted and received signals of the pulse echo method.

x(t) =

N−1∑
i=0

h(i)f(t− i) (2.3)

Otherwise, the reflection model f(t) can be computed from the transmitted signal

h(i) and the received signal x(t) using deconvolution. The higher-range-resolution

application is often seen for a relatively short distance such as in the field of medical

applications. To satisfy such a problem, the transmitted signal h(i) with a short wave

length (2-3 cycles) is used, and TOF computation by using the pulse echo method can

accomplish a high time resolution. However, when attenuation in environment is large,

ultrasonic energy of the transmitted signal h(i) is also small due to the short wave

length. If the signal is susceptible to the effects of noise, this deflect happened is a

narrow measurement range.

2.1.2 Phase difference method

A principle of phase difference method is the phase measurement of the echo reflected

from the ultrasonic continuous wave. The distance is determined from the phase dif-

ference between the transmitted signal and the received signal. In conventional phase
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Figure 2.2 Measurement principle of the phase difference method of multiple phase dif-
ference method.[6]

difference method, range resolution is determined by the wavelength resolution and the

transmission signal of the measured phase difference. To improve the distance resolu-

tion of the phase difference method, multiple phase difference method for performing

multiple modulated transmission signals has been proposed [17-18]. In the multiple

phase difference method, the measurement of the distance d1 from ϕAxλA by using the

phase difference ϕA of the measured wavelength λA is shown in Figure 2.2. Measur-

ing the distance d1 with a high resolution is expressed by (n + δϕB) · λB using phase

difference ϕB of the wavelength λB. We can obtain n from the measurement of d1.

However, since the phase difference method is the measurement accuracy depends on

the echo of the SNR, it is sensitive to noise. In the case the moving target, phase and

the wavelength of the echo becomes difficult to accurately measure the distance due to

the Doppler effect.

2.1.3 Cross-correlation method

The cross-correlation method is to correlate between the received signal and the refer-

ence signal [19 -20]. In a case of frequency domain, we can express a relationship of

the received signal X(ω), the transmitted signal H(ω), and the reflection model F (ω)



2.1 Traditional distance measurement techniques 10

shown as follows:

X(ω) =

M−1∑
t=0

x(t)exp−jωt

=

M−1∑
t=0

[N−1∑
i=0

h(i)f(t− i)
]
exp−jωt

=
M−1∑
t=0

[N−1∑
i=0

h(i)f(t− i)
]
exp−jω(t−i)exp−jωi

=

[N−1∑
i=0

h(i)exp−jωi
][M−1∑

t=0

f(t− i)exp−jω(t−i)
]

= H(ω)F (ω).

(2.4)

Easily speaking from Equations (2.3) and (2.4), a convolution of time domain can be

expressed as a product of frequency domain. If H(ω) 6= 0, F (ω) = X(ω) / H(ω).

Inverse Fourier transform of F (ω) is:

f(t) =
1

N

N−1∑
i=0

F (ωi)expjωit

=
1

N

N−1∑
i=0

X(ωi)

H(ωi)
expjωit.

(2.5)

However, expression in influence of noise contained in the received signal x(t) in Equa-

tion (2.4) are not stable. Cross correlation between Fourier transform of the transmitted

signal H(ω) and the received signal X(ω) is shown in Equation (2.6):

C(ω) = F (ω)H∗(ω)

= X(ω)H(ω)H∗(ω),
(2.6)

where H∗(ω) is match filter. H(ω)H∗(ω) is the Fourier transform of the autocorrelation

function of the reference signal. Fourier transform of the cross-correlation function is

called the cross spectrum C(ω). Inverse Fourier transform of the cross spectrum, which

is convolution between the complex conjugate transmitted signal h∗(i) and the received
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Figure 2.3 A sinusoidal signal of 1 kHz and the autocorrelation function.

signal x(t), is shown as follows:

c(t) =
N−1∑
i=0

h∗(i)x(t− i)

=

N−1∑
i=0

h(N − i)x(t− i).

(2.7)

Moreover, the cross-correlation function in Equation (2.6) can be seen in a form of

convolution between autocorrelation of the transmitted signal and the reflection model.

The advantage of the cross-correlation method can improve the SNR of the received

signal included by white noise. Therefore, the cross-correlation method has properties

to improve the time resolution of the TOF. A chirp signal, which indicates the change

in instantaneous frequency with time, using the cross-correlation method for TOF

computation has been proposed [21-22]. The cross-correlation method for transmitting

a pseudo- random code in ultrasonic wave code modulation, such as M-sequence codes

and Gold sequence used for spectrum spread in the field of wireless communications

has been proposed [23-24].

A sinusoidal signal with 1 kHz and its own autocorrelation is shown as Figure

2.3. The sinusoidal signal as shown in Figure 2.3 does not have a sharp peak in the

autocorrelation function. A chirp signal, linearly varying frequency from 0 kHz to 5
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Figure 2.4 A chirp signal varying the frequency 0 kHz to 5 kHz and the autocorrelation
function.

kHz, and the autocorrelation is shown as Figure 2.4. The M-sequence code is a pseudo

-random code. A binary with the longest period is generated from a Linear Feedback

Shift Register (LFSR). n-order of M sequence code is a binary code having a period of

2n -1 samples generated from n-bit LFSR. 15 -order M-sequence code is the transmitted

signal and the autocorrelation function, pictured in Figure 2.5.There is a sharp peak

in the autocorrelation function of all Figures. Therefore, in all the presented signals,

TOF can be identified in a peak of the cross-correlation function.

The cross-correlation method as described above can improve the time resolution of

TOF, when SNR is quite low, by performing a cross-correlation between the received

signal and the reference signal. However, the cross-correlation process significantly

requires to the signal processing cost of the digital circuit including a large number of

product and sum operations.

2.1.4 Phase transform method

In the cross-correlation method, it is noticed that there are the side lobes near the cross-

correlation peak. A method to make the sharper peak is to whiten the cross-correlation

function using a weighting function. It is so-called a generalized cross-correlation tech-

nique. The generalized cross-correlation processor can be simply demonstrated in a

block diagram of Figure 2.6. The phase transform is typically the generalized cross-
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Figure 2.5 30 samples of 15-order M-sequence code and its autocorrelation function.

correlation step which has obtained considerable attention due to its ability to decrease

the side lobes causing spreading of the peak in the cross-correlation function [25]. This

method is shown mathematically by Equation (2.8):

r(t) =
1

N

N−1∑
i=0

C(ωi)Ψ(ωi)expjωit, andΨ =
1

|C(ωi)|
, (2.8)

where C(ωi) is the cross-spectrum between the transmitted signal and the received sig-

nal and Ψ(ωi) is the weighting function. According to (2.8), only the phase information

is preserved after the cross spectrum is divided by its magnitude. Ideally (there is no

additive noise), this processor approaches a delta centered at the correct delay.

A sinusoidal signal with 1 kHz and the generalized autocorrelation function is shown

as Figure 2.7. A chirp signal, linearly varying frequency from 0 kHz to 5 kHz, and the

generalized autocorrelation function is shown as Figure 2.8. 15-order M-sequence code

is the transmitted signal and the generalized autocorrelation function, pictured in Fig-

ure 2.9. Obviously, when relatively compared with the cross-correlation method, the

generalized cross-correlation method can concentrate only the peak and smooth the side

lobes. Although this method has a remarkable ability to sharpen the peak for TOF

measurement, it is weak to very low SNR. Moreover, it significantly requires the compli-

cated process because Fourier transform and inverse Fourier transform are performed.

The generalized cross-correlation method thus requires a huge of accumulations and
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Figure 2.6 Generalized cross-correlation processor.

summations.

2.1.5 Maximum likelihood method

The maximum likelihood method, which is identically defined as the Hannan and Thom-

son [26], is another significant idea of the generalized cross correlation category since

it provides the maximum likelihood solution for TOF problem. The accuracy of time-

delay estimation can be improved using the maximum likelihood weighting function

Φ(ω) to attenuate into the correlator in spectral region. The maximum likelihood es-

timator can provide comparatively simplicity of implementation and optimality under

appropriate situation. The maximum likelihood method of TOF estimation for un-

correlated Gaussian signal and noise condition i.e. no reverberation is asymptotically

unbiased and efficient in the limit of long observation duration [27]. This method can

be mathematically expressed by Equation (2.9):

m(t) =
1

N

N−1∑
i=0

C(ωi)Φ(ωi)expjωit, (2.9)
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Figure 2.7 A sinusoidal signal of 1 kHz and the generalized cross-correlation function.
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Figure 2.8 A chirp signal varying the frequency 0 kHz to 5 kHz and the cross-correlation
function.
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Figure 2.9 30 samples of 15-order M-sequence code and the generalized cross-correlation
function.

Φ(ωi) =
1

|C(ωi)|
|Υ(ωi)|2

1− |Υ(ωi)|2

|Υ(ωi)|2 =
|C(ωi)|2

A11(ωi)A22(ωi)
.

|Υ(ωi)|2 is the magnitude coherency squared, Φ(ωi) is the maximum likelihood weight-

ing function. A11(ωi) is the autocorrelation of the transmitted signal, A22(ωi) is the

autocorrelation of the received signal, and C(ωi) is the cross correlation. The maxi-

mum likelihood consists of the fundamental term Υ2/(1−Υ2). Accordingly, the better

weight is put on frequency bands providing near-unity coherence. M , frequency bands

appearing in the coherence near zero are deemphasizing [26]. The maximum likelihood

processor can develop the cross-spectral phase from estimation when the variance of

the estimated phase error is white noise.

When we carefully look back to Equation (2.9), the magnitude coherency squared

is one from the autocorrelation function. The maximum likelihood weighting function

becomes infinity, and then the maximum likelihood correlation cannot be computed. If

we want to notice the maximum likelihood correlation of autocorrelation, the maximum

likelihood weighting function has to be relaxed by adding a tiny noise to make the signal
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Figure 2.10 A sinusoidal signal of 1 kHz and the maximum likelihood cross-correlation
function.
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Figure 2.11 A chirp signal varying the frequency 0 kHz to 5 kHz and the maximum
likelihood cross-correlation function.
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Figure 2.12 30 samples of 15-order M-sequence code and the maximum likelihood cross-
correlation function.

very high SNR for the pseudo autocorrelation. A sinusoidal signal with 1 kHz and

the maximum likelihood correlation is shown as Figure 2.10. A chirp signal, linearly

varying frequency from 0 kHz to 5 kHz, and the maximum likelihood correlation is

shown as Figure 2.11. 15-order M-sequence code is the transmitted signal and the

maximum likelihood correlation, pictured in Figure 2.12. Although the maximum like-

lihood method has a remarkable ability to sharpen the peak for TOF measurement, but

it is still sensitive to very low SNR. Moreover, it significantly requires the complicated

process because a few numbers of Fourier transform and inverse Fourier transform are

performed. The maximum likelihood correlation thus uses a huge of accumulations and

summations.

In both the generalized cross correlation and the maximum likelihood correlation,

the spectrum of the weighting function cannot be obtained from infinite observations,

so only estimation can be computed. Finite time measurement causes a certain variance

of the estimated cross-power spectrum , which may affect the accuracy of TOF [28-29].

It leads to a large error when the actual observation interval is short. On the other

hands, the assumption of long observation interval is inconsistent with other prevailing

conditions, such as assumptions of stationary process and constant delay will only be

satisfied over a limited time interval.
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Figure 2.13 Coarse process of computing the cross ambiguity function.

2.1.6 Cross ambiguity method

As known in the previous methods, we can measure TOF by obtaining the echo reflected

from a target. A distance is then computed by multiplying TOF with sound velocity

but we do not know information of velocity. The cross-ambiguity function method is

applied to detect the stationary and moving targets in various target detection scenarios

[30]. The contour plots of the cross-ambiguity function are computed as a function of

delay and Doppler frequency shift. In Figure 2.13, the received signal, including the

time delay and the frequency offset, is s(t− τ)expjvt , where τ is TOF and v represents

Doppler shift, with respect to the transmitted signal s(t). The cross ambiguity function

can be viewed as Fourier transform of lag products and given by [31]:

A(τ, v) =

N−1∑
i=0

h(i)x∗(i+ τ)exp
j2πvn
fs , (2.10)

Where h(i) is the transmitted signal x(i) is the received signal and fs is a sampling

frequency. Though Equation (2.10) is mathematically correct, the ambiguity function,

which is computed using Equation (2.10) is a brute force method where no data re-

duction is performed. It may be advantageous in some applications [31]. In Figure
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Figure 2.14 Cross ambiguity function of a chirp signal.

2.14, a delay and a Doppler shift of a chirp signal are computed by means of the cross

ambiguity function. A peak can be located on both the delay axis and the Doppler shift

axis. Cross ambiguity function, which is often used in the radar technology, consists

of huge iterations of multiplications and accumulations, and requires high- cost digital

signal processing. Therefore, real-time distance measurements by the cross-correlation

method are difficult because of the limited computational ability in autonomous mobile

robots.

2.1.7 Threshold detection method

The easiest method for the TOF measurement is to check the arrival of the ultra-

sonic wave using a trigger when the ultrasonic sensor exceeds evaluated threshold. The

predetermined-wave type can be considered as a single frequency signal, or an impulse

signal. In general, tone-bursts several cycles of a single-frequency signal play an im-

portant role for the transmitted ultrasonic wave. Moreover, this method is usually

windowed to optimized spectral content. It is thus leaded into applications requiring

narrow-bandwidth transducers.

The advantages of threshold detection method are that it does not need complicated

calculations at all and can be achieved with a simple circuit. Therefore, low-cost

single-frequency narrow-band ultrasonic transducers can be implemented because of

economy reason. However, although a simple form is given for thresholding system,
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three significant problems exist: low sampling frequency, low SNR, and inherent bias

[32].

2.2 Conventional velocity measurement

2.2.1 Continuous wave Doppler method and pulsed Doppler method

The continuous wave Doppler method and the pulsed Doppler method, which is a

typical ultrasonic velocity measurement technique with a constant frequency, measure

the frequency of the echo reflected from a target. If the target is moving, the Doppler

effect is generated by the velocity of the target. The Doppler shift frequency of the echo

comes from the relative velocity between the target and the transmitter. This method

can determine the relative velocity of the moving object by measuring the Doppler

shift frequency of the echo. In this technique, the Doppler shift frequency is performed

using the signal processing of quadrature detection, shown in Figure 2.15. The echo,

which is obtained by the ultrasonic receiver, is blended with the reference signal and

the quadrature signal as follows in Equation (2.11) and Equation (2.12), and low pass

filters are operated to obtain the Doppler shift frequency as follows in Equation (2.13)

and (2.14).

s(t) = Acos

(
(ω0 + ωd)t

)
sin(ω0t)

= Asin

(
(2ω0 + ωd)t

)
−Asin(2ωdt)

(2.11)

c(t) = Acos

(
(ω0 + ωd)t

)
cos(ω0t)

= Acos

(
(2ω0 + ωd)t

)
−Acos(2ωdt)

(2.12)

sf (t) = lowpass(s(t))

= −Asin(ωdt)
(2.13)
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cf (t) = lowpass(c(t))

= Acos(ωdt)
(2.14)

The method of frequency analysis to determine the Doppler shift frequency ωd from

the cos function is to obtain the sin function from the quadrature detection. To do so,

there are several methods such as instantaneous frequency method, Discrete Fourier

transform method, and variable time window function method. They are available

depending on the applications. Therefore, Doppler shift frequency measurement for

the autonomous mobile robot is not suitable for the robot measuring system.

Discrete Fourier transform method, which is obtained from the quadrature detec-

tion, is a method of estimating Doppler shift frequency ωd from the frequency spectrum.

This technique is relatively fast. It has been used in blood flow measurement with mul-

tiple velocity components. There also needs to determine the sign of the relative speed

prior to Fourier transform. Frequency resolution of this approach is determined by the

time T to perform the Fourier transform as shown in Equation (2.15), where N is the

number of samples, fs is the sampling time.

∆fs =
1

Nts
=

1

T
(2.15)

In general, autonomous mobile, compared with the surrounding environment, can move

with the velocity about ± 5 m/s. It is relatively slow. When an ultrasonic wave

with 40 kHz and resolution of discrete Fourier transform with 10 Hz are transmitted

continuously, we can obtain a velocity resolution of 0.1 m/s in a continuous wave

Doppler method. However, discrete Fourier transform is a method requiring large

computational cost and circuit scale. It is hard to say that this technique is suitable

for signal processing of the dynamic type robot.

Instantaneous frequency method, obtained from the quadrature detection of the

sin function, can estimate the Doppler shift frequency ωd by calculating the phase

difference from four samples of adjacent time of the cos function [33]. This approach

does not need to determine the sign of the relative velocity, and computational cost

required is less than the discrete Fourier transform method. This method can compute

the Doppler shift frequency ωd as Equations (2.16)-(2.18).

tan(ωdt) =
sf (ωdt)

cf (ωdt)
(2.16)
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Figure 2.15 Signal processing for quadrature detection in the continuous wave Doppler
method and the pulse Doppler method.

tan(ωd(t−∆t)) =
sf (ωd(t−∆t))

cf (ωd(t−∆t))
(2.17)

ωd =
1

∆T
tan−1 sf (t)cf (t−∆t)− cf (t)sf (t−∆t)

sf (t)sf (t−∆t) + cf (t)cf (t−∆t)
(2.18)

If we carefully deem Equations (2.16)-(2.18) to identify velocity measurement, they

require various complicated processes. It is quite comparative slow for autonomous

robots.

2.2.2 Speckle method

Ultrasound speckle method to measure the velocity using speckle pattern is seen in the

echoes, which is reflected from somewhat rough surface [34]. Zero-crossing method of

the received signal containing the echo envelope detection is used in a velocity mea-

surement by ultrasonic speckle method [35]-[37]. Since the zero crossing number of the

results obtained is proportional to the velocity of the object, we can measure the veloc-

ity of the moving object directly. However, the coefficient of the zero-crossing number is
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directly proportional to the speed and the distance. It varies greatly depending on the

angle. In addition, since the speckle pattern changes depending on the surface shape of

the target, it is not suitable for measuring the speed of the autonomous mobile robot.

2.2.3 Velocity measurement technique from the signal length of the

echo

In the continuous wave Doppler method and the pulse Doppler method, they are nec-

essary to transmit the constant frequency of the ultrasonic wave. It is not possible to

simultaneously measure the cross-correlation method for transmitting ultrasonic chirp

wave. Furthermore, in order to measure the Doppler velocity of the target from the

frequency of the echo, Complex arithmetic processing are required extensive arithmetic

circuits. Frequency of echo by the Doppler effect to Doppler shift is shown in Equa-

tion (2.19). vd is the Doppler velocity of the object , v0 is the propagation velocity of

ultrasonic waves in air. Similarly signal period and signal length is also expressed in

Equation (2.20), and the Doppler shift can be computed in Equation (2.21), where p0

is the period of the transmit signal, l0 is a signal length. pd is the period of Doppler

shift signal, and ld is the Doppler shift length.

ωd = ω0
v0 + vd
v0

(2.19)

pd = p0
v0

v0 + vd
(2.20)

ld = l0
v0

v0 + vd
(2.21)

The Doppler velocity of the object is described above. It is understood that it can be

measured from the signal length of the echo. Signal length of echo, which is transmitted

by a chirp signal, can be estimated by cross-correlation method. It is relatively simple

signal processing method. We can improve the velocity resolution of Doppler velocity

by increasing the time resolution of the signal length of the measured echo.

2.3 Position and velocity measurement techniques for two

dimensions

The purpose of a planar mobile robot is defined by its lateral (x, y) and angular (φ) po-

sition. In absolute position, both lateral and angular positions are measured relatively
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to pre-defined objects A typical methods for absolute positioning are triangulation,

trilateration, GPSs etc. A method for measuring the relative position and orientation

between two mobile robots using a dual binaural ultrasonic sensor system is proposed

[38]. Each robot is equipped with a ultrasound transmitter that sends signals to two

receivers, which are mounted on the other robot.

An ultrasonic-based localization using ultrasonic sensors built on the poles serve

as receivers and the mobile robot serves as a transmitter, and all ultrasonic sensors

integrated with their Zig-Bee modules is proposed [39]. By the sequential ultrasonic

signal transmission between the robot and the poles, the ultrasonic sensors on the poles

can then measure the TOF without interference to calculate the distance between the

receiver and transmitter ends. According to an established two-dimensional coordinate

model, position of the robot can be obtained based on the distance measurements.

A two-dimensional position measuring method based on the principle of ultrasonic

position measurement by phase difference and its applications to human interface is

proposed [40]. It is computed with the phase difference between the waves received by

two pairs of sensors. By attaching a transmitter to an adequate device, various kinds of

motor actions of a computer user are available to screen pointing by the device, which

allows the user various pointing styles such as mouse-like one and pen-like one.

A method to extract multiple acoustic landmarks for the indoor navigation of a

mobile robot is described [41]. The environment is modeled by specular vertical walls.

An ultrasonic sensor mounted on the mobile robot scans around the surrounding walls

and detects multiple echo pulses. On the horizontal plane at the height of the ultrasonic

sensor from the floor, the two-dimensional environment is described by the distance as a

function of angle in the scan. Due to the specularity of the walls, the distance function

has a manageable number of retroreflective parts that can be used as landmarks. By

virtue of the constancy of the relative positions between the ultrasonic sensor and the

walls in scanning, the echo pulses reflected from a certain reflection points (RP) have

the same time-of-flight in the ultrasonic scan data.

Developing a blind robot which focuses on the study of continuous and discrete 2D

mapping is proposed [42]. Ultrasonic sensors are used to sense the obstacles while the

robot is moving. User is also allowed to vary the speed of robot and move forward

and backward with the robot. There is a two-dimensional memory map program to

track the robot position and obstacles detected by proximity sensor on the robot. The

program written is able to control the robot by displaying the two-dimensional map

that plots the location of the robot and obstacles, displaying coordinates of the robot,

control turning of robot at various degrees and move or stop the robot.
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A calibration model including probability directional diagram of the sensor, prob-

ability estimation of the sensor measurements is proposed [43]. An interface, which

enables an external microprocessor system to read correctly the information from a

POLAROID ultrasonic ranging system, is presented as well. In accordance with the

accomplished, an implementation of the developed means in mobile robot map building

is described.

An idea for position and velocity measurements for a moving object with the echolo-

cation technique under the ultrasonic system is presented [15]. The moving-object

location is based on the TOF. Cross correlation, low-calculation-cost Doppler-shift

compensation, plays an important role in the TOF determination. The velocity of

the moving object is determined from the peak interval and peak form in the cross-

correlation function. Linear-period-modulated (LPM) ultrasonic waves are employed

to support the influence of the Doppler effect.

2.4 Position and velocity measurement techniques for three

dimensions

A method describing a laboratory prototype capable of measuring the position of a

four-legged walking robot using a combination of electromagnetic and ultrasonic wanes

produced by a spark-generator, avoiding any physical link between the root and the

environment is proposed [44]. The 3D position is obtained from range data that can

be estimated from the travel time of the acoustical wave from the sparking point to

three static receivers. The track-data obtained by the position meter is used to know

the dynamic behavior of the robot and to study the improvement introduced by the

use of inclinometers.

A localization system for wireless sensor network based on ultrasonic TOF mea-

surements is presented [45]. The participants send out ultrasonic pulses while a central

localization unit measures the Time-Difference-of-Arrival (TDOA) between four ultra-

sonic sensors to compute the Angle-of-Arrival (AOA). The radio frequency transceiver

of the sensor nodes enables distance measurements using TDOA in addition. This tech-

nique requires several filter stages including Kalman-filtering minimize the number of

outliers and fluctuations of the calculated distance and angles.

The main sources of error in an ultrasonic 3D position measurement system includ-

ing shadowing of some of the receivers, air turbulence and the effect of the wind are

described [46]. This method is suggested which improves precision and robustness, by

taking advantage of the redundancy in the number of measurements and the use of a
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modified trimmed median (MTM) filter.

A simple low-cost 2D and 3D positioning system for mobile robots is proposed

[47]. The system makes use of both ultrasound and radio frequency signals to achieve

positional accuracies. This system integrates the positioning system into the simulation

tools Player/Stage, in order to combine simulated robots with real robots in a hybrid

embodied simulation.

A work presents the development of a 3-Dimensional Positioning Acquisition Sys-

tem, proposed for applications in real-time processing [48]. The system is based on

ultrasound sensors that present reasonable compromise between cost and flexibility.

The signals from the sensors are processed in real-time and a position within a limited

space can be obtained with a resolution of tenths of millimeters.

A system can simultaneously identify the 3D position and the velocity of a mov-

ing object. This system uses a method called Extended Phase Accordance Method

[49], which can precisely provide the distance between an ultrasonic microphone and a

moving transmitter by rapidly estimating the frequency shift of the transmitted signal.

However, this method is not enough to be used for real-time applications due to a

high-computational-cost time.

2.5 Summary

Many methods involving with the ultrasonic system for autonomous mobile robots are

described above. The most important points for enabling autonomous mobile robots

real-time signal processing are low computational time, reliability and low cost. Al-

though the most of proposed ultrasonic systems can provide high accuracy of the po-

sition measurement, they may use the complex devices, which require a long compu-

tational time and a high price. In addition, they have only the ability of measuring

the position without the knowledge of the velocity measurement. A system capable

of concurrently measuring the 3D position and the velocity measurements is proposed.

This method, in which an ultrasonic transmitter is a moving target, can be applied

in a special work. Nevertheless, the development of simultaneously measuring the 3D

position and the velocity under echolocation system with low computational cost is far

from complete.

One-bit stream signal processing is well known as a digital decoder of Super Audio

CD (SACD) with Direct Stream Digital (DSD) Technology. This processing allows

SACD to achieve high audio quality that is better than any other digital or analog

technology [50]. The third chapter will explain in more details of low-computation-cost
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cross correlation using one-bit technology. This signal processing plays a vital role in

dissertation.
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3

Delta-sigma modulation and

cross-correlation using one-bit

signal processing

3.1 Need for oversampling and Delta-Sigma modulation

Nowadays, digital signal processing is the most powerful method in dealing with several

signal processing problems because digital circuits are robust. They can be designed

and performed effectively in small structures to obtain very complicated, accurate, fast

systems. The development of the speed and density inside digital integrated circuits

is required. This makes researches of digital signal processing (DSP) growing up in

every year to predominately satisfy in almost areas of communication and consumer

products. In general, analog signals are original information, which can be observed

from surrounding, in the physical world. To perform them in the digital world, data

conversion methods are necessary to transform analog signal to digital signal. According

to the speed and capability of DSP cores increases, signal processing methods must

require the speed and accuracy of the converters associated with them.

Data converters can be classified into two categories due to sampling rate: Nyquist-

rate and oversampling. The Nyquist rate is the simplest basis of converters by directly

corresponding a one-to-one transformation between the input and output samples. Each

sample from input is processed without the knowledge of the earlier samples. It makes

this converter no memory. The sampling rate fs of Nyquist rate can be as low as

Nyquists criterion requires at least twice of the bandwidth fB of the input signal. In

many applications such as digital audio [50-52], they require higher resolution than an
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Figure 3.1 A delta-sigma modulator and its linear z-domain model.

usual case. The only Nyquist-rate converters capable of such accuracy are the inte-

grating or counting ones. These, however, require at least 2N clock periods to convert

a single sample, and hence they are too slow for most signal-processing applications.

Oversampling data converters can achieve higher resolution at high conversion speeds

by relying on a trade-off. They use sampling rates much higher than the Nyquist rate

by a factor between 8 and 512 [53], and generate each output utilizing all preceding

input values. Accordingly, the converter incorporates memory elements in its structure.

This property destroys the one-to-one relation between input and output samples. Now

only a comparison of the complete input and output waveforms can be used to evaluate

the converts accuracy, either in the time or in the frequency domain.

The name delta modulator is derived from the face that the output is based on

the difference between a sample of the input and a predicted value of that sample. In

general, the loop filter may be a higher-order circuit, which generates a more accurate

prediction of the input sample. This type of modulator is sometimes called a predictive

encoder. The advantage of this structure is that for oversampled signals the difference

of inputs is much smaller than only input itself, on average, and hence larger input

signals can be allowed. Hence, the basic structure of Figure 3.1 comes to be called
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Figure 3.2 Quantized noise distribution by modulation.

a Delta-Sigma ∆Σ modulator. Quantized noise, which is the instinct of Analog to

Digital conversion (ADC), can be relatively reduced inside the signal band by ∆Σ

modulation shown in Fig. 3.2. The order of ∆Σ modulator simply means the number

of the loop filters to be applied during the feedback of the quantization error. The order

number can change the noise shaping characteristics or the quantized noise distribution.

Although ∆Σ modulation is a technique that is also used in a multi- bit ADC converter,

it can convert a digital signal to be a bit stream signal by additionally using a digital

comparator.

In general, it is said that the minimum sampling frequency is at least twice of

signal bandwidth by the sampling theorem of Nyquist. The oversampling technique

has sufficiently higher frequency than the Nyquist frequency. Quantized noise caused

by the quantization is the DC component signal during conversion. If the oversampling

frequency is performed sufficiently, we can decrease quantized noise inside the signal

band according to Figure 3.3. Therefore, by combining the oversampling technique and

∆Σ modulation, even in 1 or 2 bits of quantization, a high quantization resolution in

the low frequency band is obtained.



3.2 ∆Σ modulators 32

A
m

p
lit

u
d

e
 

Signal band 

fs/2 

Quantized noise 

0 Frequency [Hz] 0 

Noise shaping A
m

p
lit

u
d

e
 

Signal band 

Quantized noise 

Frequency [Hz] fs/2 

Nyquist-rate sampling Oversampling 
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3.2 ∆Σ modulators

In a ∆Σ modulator, the noise shaping characteristic is tuned following to the order of

the loop. In general, 1 and 2 orders of ∆Σ modulator can guarantee stability of loops,

whenever increasing the order to be 3 or higher order ∆Σ modulator, the output of the

integrator is endlessly increased. The quantizer of the ∆Σ modulator becomes unstable

(overload). To design higher-order ∆Σ modulator, it is necessary to set the weighting

coefficient and the feedback coefficients of the input to obtain a proper loop gain. To

design higher-order ∆Σ modulator, it is necessary to set the weighting coefficient and

the feedback coefficients of the input to obtain a proper loop gain.

3.2.1 First order ∆Σ modulator

Figure 3.4 is a block diagram of first-order ∆Σ modulator. In first-order ∆Σ modulator,

a quantized noise generated during one-bit quantizer is to improve noise shaping. Input

(X), output (Y ) signals, and the quantized noise (Nq) of the first-order ∆Σ modulator
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Figure 3.4 Block diagram of first-order ∆Σ modulator.

can be expressed by Equation 3.1.

Y = X + (1− Z−1)Nq. (3.1)

The characteristics of the one -bit ∆Σ modulated signal obtained from the first-order

∆Σ modulator are generated using MATLAB computer simulation. An oversampling

frequency in this simulation is 12.5 MHz. Figure 3.5 is a comparison of 1 kHz sine wave

with a reconstruction of the first-order ∆Σ modulator. The frequency spectrum of the

one -bit ∆Σ modulated signal obtained from first ∆Σ modulator using 200,002 samples

is pictured in Figure 3.6. Quantized noise of one-bit ∆Σ modulated signal from Figure

3.6 can be seen that it is concentrated in the high frequency band. Figure 3.7 is a block

diagram of first-order ∆Σ modulator.

3.2.2 Second order ∆Σ modulator

In second-order ∆Σ modulator, a quantized noise generated during one-bit quantizer

is to improve noise shaping. Input (X), output (Y ) signals, and the quantized noise

(Nq) of the second-order ∆Σ
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Figure 3.5 1 kHz sine wave of input signal and reconstruction from first order ∆Σ mod-
ulator.
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Figure 3.6 The frequency spectrum of the one -bit ∆Σ modulated signal obtained from
first order ∆Σ modulator.
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Figure 3.7 Block diagram of second-order ∆Σ modulator.

Y = X + (1− Z−1)2Nq. (3.2)

modulator can be expressed by Equation 3.2. The characteristics of the one-bit ∆Σ

modulated signal obtained from the second-order ∆Σ modulator are generated using

MATLAB computer simulation. An oversampling frequency in this simulation is 12.5

MHz. Figure 3.8 is a comparison of 1 kHz sine wave with a reconstruction of the

second-order ∆Σ modulator. The frequency spectrum of the one -bit ∆Σ modulated

signal obtained from second-order ∆Σ modulator using 200,002 samples is pictured in

Figure 3.9. Quantized noise of one-bit ∆Σ modulated signal from Figure 3.9 can be

seen that it is concentrated in the high frequency band.

3.2.3 7-order ∆Σ modulator (AD7720)

In this dissertation, 7-order ∆Σ modulator using AD7720 of Analog Device is performed

in experiments [54]. AD7720 is performed converting the analog signal to a high speed

one-bit stream. The original signal can be reconstructed with an appropriate digital

filter. 12.5 MHz master clock frequency and 0 V to 2.5 V input range are required. In

Figure 3.10, a sine wave with frequency 1 kHz and amplitude 1 V, which is generated
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Figure 3.8 1 kHz sine wave of input signal and reconstruction from second order ∆Σ
modulator.
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Figure 3.9 The frequency spectrum of the one -bit ∆Σ modulated signal obtained from
second order ∆Σ modulator.
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by a function generator, is used to perform the one -bit ∆Σ modulation signal obtained

from AD7720. Input signal shown in Figure 3.11 is incorporated into the computer

as an 8 -bit digital signal using an oscilloscope. A sampling frequency of AD7720 is

12.5 MHz. The frequency spectrum of the one -bit ∆Σ modulated signal obtained from

AD7720 is 200002 samples. The frequency spectrum of the one -bit ∆Σ modulated

signal obtained from AD7720 is shown in Figure 3.12.

A block diagram of the 7 -order ∆Σ modulator consists of a cascade structure of

the resonator having an input and distributed feedback (CRFB structure) is shown

in Figure 3.13. MATLAB program computer supporting Delta-Sigma toolbox can

compute the coefficient parameter of 7-order ∆Σ modulator. We can model 7-order

∆Σ modulation structure to realize AD7720 characteristics [55]. AD7720 containing

the ∆Σ modulation including seven digital filters changes the analog signal into the bit

stream with very high resolution. The analog signal is continuously switched using a

capacitor at twice the sampling rate of the master clock. This type provides the bit

stream at a data rate equal to master clock with 12.5 MHz. In addition, an AD7720

board organized in this thesis for supporting 4 channels of one-bit signal converter was

made to perform bit stream, as shown in Figure 3.10.

3.3 Signal to noise ratio of one-bit ∆Σ signal

In general, we can improve the SNR of the digital signal of conventional multi-bit

signal by increasing the bit number of quantization. On the other hand, the SNR in

one-bit ∆Σ modulation signal can be increased by a digital low-pass filter to decrease

the quantized noise in the high frequency band. Therefore, enabling the high sampling

frequency to reduce the quantized noise of the cut-off frequency below the low pass

filter can improve the SNR of one-bit signal processing.

3.3.1 Multi-bit signal

Quantized noise in the multi-bit signals can be determined by the bit number of quan-

tization. Assume that the minimum step of N bits is set ∆; therefore, the full scale of

multi-bit signal is (2N − 1)∆. The effective power (S) of the multi-bit signal obtained

by converting the sine wave of full scale is given by the following Equation 3.3.

S =

(
(2N − 1)∆

)2

2
(3.3)
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Figure 3.10 Four channels of an AD7720 board for one-bit signal conversion.

Quantized noise (Nq) in the multi-bit signal obtained by converting the sine wave of

full scale can be formed as a value in the range of ±∆
2 . Quantized noise (Nq) in the
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Figure 3.11 1 kHz sine wave of input signal generated a function generator and recon-
struction from 7 order ∆Σ modulator (AD7720).
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Figure 3.12 The frequency spectrum of the one -bit ∆Σ modulated signal obtained from
AD7720
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Figure 3.13 Block diagram of the 7 -order ∆Σ modulator containing CRFB structure[6].

multi-bit signal obtained by converting the sine wave of full scale can be formed as a

value in the range of ±∆
2 . Assuming that noise is white; the quantized noise is uniformly

distributed in the range of ±∆
2 . Effective power (N0) quantized noise is given as follows:

N0 =
1

∆

∫ + ∆
2

−∆
2

N2
q dNq

=
∆2

12
.

(3.4)

SNR of the multi-bit signal with N bits by converting the sine wave of full scale from

Equation (3.4) is expressed as follows:

SNR = 10log10

(
S

N0

)
= 6.02N + 1.76[dB].

(3.5)

If the sampling frequency of the multi-bit is fs, the band width of the quantized noise
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is contained in the frequency band within the range of 0 ≤ fs
2 . The higher sampling

frequency, the lower quantized noise in the signal band becomes. This is a method to

improve SNR in the multi-signal. Oversampling ratio (OSR) indicating the ratio of the

Nyquist frequency fs (sampling frequency) and the input frequency fin is :

OSR =
fs

2fin
. (3.6)

The effective power (NOSR) of the quantized noise in the signal band by oversampling

can be explained in the form of OSR as follows Equation (3.7).

NOSR =
N0

OSR

=
∆2

12OSR

(3.7)

The oversampling method, when converting the sine wave of full scale N bits, can

improve the SNR of the multi-bit signal.

SNR = 6.02N + 1.76 + 10log10OSR[dB]. (3.8)

Assume that OSR is twice, SNR improved is equal to 3dB (0.5 bits). It means that

OSR is sufficiently high, SNR becomes higher even though the quantized-bit number

is small. However, in the coarse quantized-bit number (1 or 2 bits), it is not practical

to provide the sufficient SNR while a sampling frequency (GHz) is performed.

3.3.2 First-order ∆Σ modulation signal

The noise shaping of first-order ∆Σ modulator consisting of the quantized noise (Nq)

and the delay signal term (1−z−1) is shown in Equation (3.1). If we assign z = exp(2jf
fs ),

gain frequency characteristic of the quantized noise (Nq) is given by the following

expression in Equation (3.9).

g∆Σ1 = 2sin(
πf

fs
). (3.9)

Frequency characteristics of the effective power of the quantized noise inside first-order
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∆Σ modulation can be defined as

N∆Σ1(f) = g2
∆Σ2(f)

2N0

fs

=
8

3
sin4(

πf

fs
)
∆2

fs
.

(3.10)

If the sampling frequency is high enough (oversampling), we can approximate sin(πffs ) u
(πffs ) . Effective power (N∆Σ1) of quantized noise after passing through the low- pass

filter under a cut-off frequency (fc) can be expressed as Equation (3.11).

N∆Σ1(f) =

∫ fc

0
N∆Σ1(f)df

=

∫ fc

0

2π2

3

f2

f3
s

∆2df =
2π2

9

f3
c

f3
s

∆2

(3.11)

In addition, effective power (N∆Σ1) of quantized noise after passing through the low-

pass filter can be expressed in a term of OSR as well.

N∆Σ1(f) =
π2

36
OSR−3∆2 (3.12)

Thus, the SNR of first-order ∆Σ modulation signals with N bits can be expressed as

the following Equation (3.13).

SNR = 10log10(
S

N∆Σ1
)

= 10log10

(
9

2π2
(2N − 1)2OSR3

) (3.13)

Simply speaking, assume that the number of quantization bits (N = 1), SNR of the

one-bit ∆Σ modulated signal from Equation (3.13) can be expressed as the following

Equation (3.14).

SNR = 10log10

(
9

2π2
OSR3

)
= 30log10OSR− 3.14[dB]

(3.14)
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The first-order ∆Σ modulator as described above, SNR of the one -bit ∆Σ mod-

ulated signal in the signal band used is relatively increased when compared with the

multi-bit signal in Equation (3.8).

3.3.3 Second-order ∆Σ modulation signal

The noise shaping of second-order ∆Σ modulator consisting of the quantized noise

(Nq) and the delay signal term (1 − z−1)2 is shown in Equation (3.2). If we assign

z = exp(2jf
fs ), gain frequency characteristic of the quantized noise (Nq) is given by the

following expression in Equation (3.15).

g∆Σ2 = 4sin(
πf

fs
). (3.15)

Frequency characteristics of the effective power of the quantized noise inside first-order

∆Σ modulation can be defined as

N∆Σ2(f) = g2
∆Σ2(f)

2N0

fs

=
2

3
sin2(

πf

fs
)
∆2

fs
.

(3.16)

If the sampling frequency is high enough (oversampling), we can approximate sin(πffs ) u
(πffs ) . Effective power (N∆Σ2) of quantized noise after passing through the low- pass

filter under a cut-off frequency (fc) can be expressed as Equation (3.17).

N∆Σ2(f) =

∫ fc

0
N∆Σ2(f)df

=

∫ fc

0

8π2

3

f4

f5
s

∆2df

=
8π2

15

f5
c

f5
s

∆2

(3.17)

In addition, effective power (N∆Σ2) of quantized noise after passing through the low-

pass filter can be expressed in a term of OSR as well.

N∆Σ2(f) =
π2

60
OSR−5∆2 (3.18)

Thus, the SNR of second-order ∆Σ modulation signals with N bits can be expressed
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as the following Equation (3.19).

SNR = 10log10(
S

N∆Σ2
)

= 10log10

(
15

2π4
(2N − 1)2OSR5

) (3.19)

Simply speaking, assume that the number of quantization bits (N = 1), SNR of the

one-bit ∆Σ modulated signal from Equation (3.19) can be expressed as the following

Equation (3.20).

SNR = 10log10

(
15

2π4
OSR5

)
= 50log10OSR− 11.14[dB]

(3.20)

The second-order ∆Σ modulator as described above, SNR of the one -bit ∆Σ modulated

signal in the signal band used is relatively increased when compared with the first-order

∆Σ modulator in Equation (3.14).

Figure 3.14 shows the SNR comparison between second-order ∆Σ modulated signal,

one-order ∆Σ modulated signal, and multi-bit signal from Equations (3.20), (3.14), and

(3.8), respectively.

3.4 Cross correlation based on one-bit signal propessing

One-bit ∆Σ modulation signal can take advantage in areas of A/D conversion and

digital audio communication. Faster than multi-bit signal, one-bit signal conversion

requires high-speed sampling of circuit. Therefore, the ∆Σ A/D converter converts the

analog input into one-bit signal with high speed and high resolution. In the field of

digital audio, the audio signal, which is converted into one-bit ∆Σ modulated signal,

is called Super Audio CD (SACD). This technology records the audio signal at a high

frequency (2.8224 MHz). In SACD, using 24-bit digital filters, it is possible to obtain

an acoustic signal at 192 kHz. It can achieve higher sound quality than the recorded

music CD.
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Figure 3.14 SNR of multi-bit signal and a one-bit ∆Σ modulation signal.

3.4.1 Recursive cross-correlation function

Firstly, we assume that a chirp signal is the main part of the transmitted signal. Com-

putational cost of the cross correlation between the received signal converted one-bit

∆Σ Modulated signal and the reference signal (transmitted signal) changed to one-

bit digital signal is performed. l is the signal length of chirp and fs is the sampling

frequency of the ∆Σ modulator. In each sampling clock, one-bit signals from both

received signal and transmitted signal is in a process of multiplication and accumu-

lation. Cross-correlation function of one-bit signal from each other can reduce the

computational cost as compared with the computational cost of the cross- correlation

between the conventional multi-bit signal [56]. However, in order to actually increase

the sampling frequency of the ∆Σ modulator by oversampling, a number of operations

is increased proportionally. It cannot be said that computational cost is reduced much.

In general, the cross-correlation function using the one-bit signal with each other can

be expressed by Equation (3.21).

c1(t) =

N−1∑
i=0

h1(N − i)x1(t− i) (3.21)

Next, the difference during each clock of the cross-correlation function between the
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one-bit signals can be computed by Equation (3.22).

c1(t)− c1(t− 1) =

N−1∑
i=0

h1(N − i)x1(t− i)−
N−1∑
i=0

h1(N − i)x1(t− i− 1) (3.22)

We can reform Equation (3.22):

c1(t)− c1(t− 1) = h1(N)x1(t)− h1(1)x1(t−N)

+
N−1∑
i=0

h1(N − i)− h1(N − i+ 1)x1(t− i).
(3.23)

Assume that h1(i) is a chirp signal in which the frequency is swept from 50 kHz to 30

kHz during a period time (5 ms). Since the reference signal h1(i) is the chirp signal

converted into one-bit digital signal comparator, h1(1) is always 1 and h1(N) is always

-1. The zero-cross point Zi of the reference h1(i) is set to 399. h1(N− i)−h1(N− i−1)

can be expressed by the Equation (3.24) using a natural number (m).

= 2, · · ·N − i = Z2m−1

c1(t)− c1(t− 1)

{
= −2, · · ·N − i = Z2m

= 0, · · ·N − i 6= Zi

(3.24)

Difference per clock of the cross correlation function can be obtained by subtraction

during 401 samples of one-bit signal as follows:

c1(t)− c1(t− 1) = −x1(t)− x1(t−N)

+ 2x1(t−N − Z1)− 2x1(t−N − Z2) + · · ·+ 2x1(t−N + Z399)

(3.25)

The cross-correlation function c1(t) can be shown in a general form of the zero-cross
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Figure 3.15 Configuration of one-bit signal processing to perform a recursive cross-
correlation function.

points.

c1(t) = ct(t− 1)− x1(t)− x1(t−N)

+ 2

{
x1(t−N − Z1)− x1(t−N − Z2) + · · ·+ x1(t−N + Z399

}
(3.26)

The computational cost of the recursive cross-correlation process for one-bit signal is

operated under 401 samples. The recursive cross-correlation function using one-bit

signal [57] can be shown in Figure 3.15.

3.4.2 Implementation of recursive cross-correlation on FPGA

A field programmable gate array (FPGA) is a programmable semiconductor device,

which has complex connections inside its own structure. Many basic logics or combina-

tional logics are embedded on FPGA by means of computer programming to perform

the proper functions, for examples, decoders and timers. Moreover, the memory blocks,

which is made up of simple flip flop elements, is included in FPGAs for special func-
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Figure 3.16 Register implementation of one-bit stream using a RAM.

tions. To measure ultrasonic position and velocity in low computational time, the

recursive cross-correlation implementation in a FPGA is performed. FPGA used is

Altera Cyclone V GX installed in Starter Kit Board, which is a robust hardware plat-

form, lowest cost and low power requirement. The Cyclone V Starter Kit development

board includes hardware such as Arduino Header, on-board USB Blaster, audio and

video capabilities and much more [58].

As discussed in the previous section, employing a recursive cross-correlation function

by one -bit signal for a low computational cost is in this study. By using the zero-

crossing point of the reference signal, the cross-correlation computation is derived from

the difference between the current input and the earlier input. To satisfy this operation,

a shift register in the FPGA should have to have the twice of the signal length. The

bit stream of the ∆Σ modulator is set 1 (high level) and -1 (low level). Since the

master-clock frequency of the ∆Σ modulator to is 12.5 MHz and the signal length of

the reference signal is a 3.274 ms, so the shift register requires 40,926 logic elements

(LEs) per a channel for the recursive cross correlation. The proposed three dimensional

ultrasonic position and velocity measurement employs, at the most, four ultrasonic

receivers. Total logic elements for four channels are thus 163704 logic elements. Due to
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Figure 3.17 Register implementation of one-bit stream using a RAM (2).

the large size of circuit scale more than 100,000 LEs, a computational-cost problem is

happened. Since Cyclone V having 4884 Kbits embedded memory of RAM is presented,

this implementation is practically enough for four channels. Linear period modulated

(LPM) signal (the reference signal), which is one of chirp signals, is swept from 50 µs to

20 µs in the signal length 3.274 ms when sampled signals at a sampling frequency of 12.5

MHz have total 199 zeros-cross points. We can separate the shift register to perform

the zero cross point of the reference signal using RAM blocks as shown in Figure 3.16.

Because the number of RAM blocks embedded on cyclone V is 66 blocks but 199 zero-

cross points are required. It is impossible to actually implement. The zero-cross points

should be improved by multiple combinations from reducing the number of RAM blocks

into a single RAM block. However, when mounting the shift register using the RAM,

we can generate a plurality of one shift register at the same RAM-blocks length. It

is found that there is a restriction that is not possible to generate a plurality of shift

registers at different lengths. LPM signal used in this study are getting shorter interval

of the zero-cross point because of the down-chirp sweeping. Therefore, the multiple

zero-cross points into a single RAM block is devised as shown in Figure 3.17. Since the

reference signal used is known, the position of the zero-cross points can be calculated
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Figure 3.18 A tree type of summations from the zero-cross points.

beforehand. The interval from the sum of the zero-cross point is divided to four units.

Because the shift registers are the same length, it can be collectively mounted on one

of the RAM blocks. The value retrieved from the shift register which is generated in

the RAM will be taken out at a time earlier than the actual zero cross point. To make

the shift register by using the logic Elements for the timing error compensation, timing

is adjusted to zero cross point. The four zero-cross point consumes 50 RAM blocks.

The value of the odd-numbered zero-cross points are added by using a tree of adders

shown in Figure 3.18. Similarly, a process of the odd-numbered zero-cross points is

performed in the same manner. The total value of the odd-numbered zero- cross point

is 99 summations, and the total value of the even-numbered zero- cross points is 98

summations.

3.5 Summary

One-bit ∆Σ modulation signal rather than a multi-bit signal sampled by means of over-

sampling can obtain a high SNR. The cross-correlation using one-bit ∆Σ modulated

signal processing is compared with the cross correlation of multibit digital signal. This
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technique can be performed to reduce the circuit scale. To support a real-time ap-

plication, FPGA cyclone V is useful to calculate recursive cross correlation of one-bit

signals.
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4

Ultrasonic linear period

modulated signal and devices

4.1 Cross-correlation function of the LPM signal

In the ultrasonic position measurement using a cross-correlation method, if the target

object is moving, frequency and signal length of the echo is changed due to the Doppler

effect. Because of the influence of Doppler shift, the position measurement using a linear

frequency modulated (LFM) signal is quite difficult to obtain the cross-correlation func-

tion. Based on the cross-correlation method, two ultrasonic linear-period-modulated

(LPM) signals used for transmission is proposed to concurrently measure the position

and Doppler velocity of a moving object.

4.1.1 Cross-correlation function of the LPM signal

LPM signal, of which a signal period varies linearly with respect to time, is a type of

chirp signals. LPM signal can be defined by the expression of an angular frequency

(ωp) by integrating an initial time (T0), a period of chirp width (∆T ), and a signal

length (l0) as follows:

ωp = 2π
1

T0 + ∆T
l0
t

= 2π
1

∆T l0

t+ T0
∆T l

(4.1)
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We can express a phase (θp) of LPM signal as Equation (4.2).

ωp = 2π
1

∆T
l0ln(t+

T0

∆T
l0) (4.2)

Thus, LPM signal can be obtained from Equation (4.3).

sLPM(t) = sin(2π
1

∆T
l0ln(t+

T0

∆T
l0)− 2π

1

∆T
l0ln(

T0

∆T
)) (4.3)

LPM signal with varying a period from 20 µs to 50 µs at a signal length 3.274 ms

can be generated by MATLAB computer simulation. The autocorrelation function

and the frequency spectrum of LPM signal can be also computed using MATLAB

when amplitude of LPM signal is 1 and the sampling frequency is 12.5 MHz. The

autocorrelation function of the LPM signal is determined by the following Equation

(4.4).

c(t) =
N∑
i=1

sLPM(N − i)sLPM(t− i) (4.4)

The autocorrelation and the frequency spectrum of LPM signal are Figures 4.1. and

4.2, respectively. The maximum value of the autocorrelation function is normalized

to 1 and full scale of the frequency spectrum is a sine wave with the amplitude of

1. Sharp peak of LPM signal in the autocorrelation function c(t) is same as LFM

signal. The frequency spectrums amplitude of the LPM signal decreases when the

frequency becomes higher in the chirp bandwidth. The high frequency, which is out

of the chirp bandwidth and gradually moving toward the higher frequency band, is

reduced. Spread of the frequency spectrum from discrete Fourier transform is the

spectral leakage that occurs when performing frequency analysis. It is not actually the

frequency spectrum outside the band of LPM signal. In Figure 4.3, the amplitude of

LPM signal is inversely proportional to the frequency and the amplitude becomes zero

outside the band of the chirp signal. This is the frequency spectrum of the ideal LPM

signal. Moreover, the LPM signal can be obtained from Fourier transform in Equation

(4.5). Ei(x) =
∫ exp(x)

x df is called the exponential integral. It is the indefinite integral

and cannot be expressed by elementary functions.

sLPM(t) =

∫ − 1
T0+∆T

− 1
T0

(− 1

f
) exp(−j2πft)df +

∫ 1
T0+∆T

1
T0

(
1

f
) exp(−j2πft)df (4.5)
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Figure 4.1 The autocorrelation function c(t) of the LPM signal from 20 µs to 50 µs at
signal length 3.274 ms and enlarged view of the vicinity of t=0.

Figure 4.2 Frequency spectrum of the LPM signal when length is 3.274 ms and the period
is changed from 20 µs to 50 µs.
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Figure 4.3 Frequency spectrum of the ideal LPM signal.

4.1.2 LFM signal and LPM signal

Previously, LPM signal, which was considered a chirp wave, has been described for the

cross-correlation function. In the case of LFM signal, if the target is a moving object,

LFM signal, which is modulated due to the Doppler effect, cannot correlate completely.

To satisfy this phenomenon, LPM signal has been introduced [59-62]. Figures 4.4 and

4.5 show the change in frequency and period for time of LFM signal and LPM signal.

LFM signal is varying a frequency from 50 kHz to 20 kHz at a signal length 4 ms.

LPM signal is varying a period from 20 µs to 50 µs at a signal length 4 ms. LPM

signal is a linear variation as shown in Figure 4.6 when Doppler shift of the echo is

performed. When scrutinizing in Figure 4.6, LFM signal cannot take a correlation

between the transmitted signal and the received echo. On the other hands, LPM signal

cycle changes linearly with respect to a time and it can correlate together between

the transmitted signal and the Doppler shifted LPM signal as shown in Figure 4.6.

The cross-correlation function in the case of a moving object is also modulated due

to the Doppler effect. The cross-correlation function of the Doppler-shift echo can be

evaluated mathematically using MATLAB computer simulation, as shown in Figure 4.7.

In the simulation, assume that LFM signal as a transmitted signal has the frequency
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Figure 4.4 LFM signal varying from 50 kHz to 20 kHz at signal length 4 ms.
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Figure 4.5 LPM signal varying from 20 µs to 50 µs at signal length 4 ms.
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Figure 4.6 Period change and Doppler shift of both LFM signal and LPM signal.

swept from 20 kHz to 50 kHz at a signal length 3.429 ms. LPM signal is varied from 20

µs to 50 µs at 3.274 ms. The propagation speed of the ultrasonic wave is approximately

346.7 m/s at temperature 20o. The sampling rate in simulation process is 12.5 MHz.

The velocity of the moving object is 10 m/s.

4.1.3 Doppler- shift compensation of time-of-flight

The TOF of a pair of LPM signals is generally estimated from the maximum peak time

in the cross-correlation function. However, considering the case of a moving object,

the Doppler effect on the wave form of the modulated cross-correlation function is

caused by the phase shift of the received LPM signal, as illustrated in Figure 4.8. The

maximum peak value in the modulated cross-correlation function does not show the

TOF of the received LPM signal. Therefore, the peak time in the envelope of the cross-

correlation function te is obtained to estimate the TOF of the received LPM signal.

To identify the TOF due to the cross-correlation, the peak time in the envelope of the

cross-correlation function can still be compensated by the maximum peak Pmax and

the minimum peak Pmin , the time at the maximum tmax, the minimum tmin, and the

Doppler velocity measurements. The Doppler velocity measurements are required to
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Figure 4.7 The autocorrelation function c(t) of the Doppler shift LPM signal (left) and
LFM signal (right) when Doppler velocity 10 m/s.

adjust the length of the modulated LPM signal to account for Doppler effects. The

cross-correlation function between the pair of Doppler shift LPM signals and the single

reference LPM signal in Figure 4.9 has two peaks. Thus, the interval containing the first

maximum peak and the one containing the second maximum peak in the modulated

cross-correlation function displays the Doppler shift length of the single LPM signal.

The Doppler-shift length of the reference LPM signal is expressed as:

∆T =
v − vd
v + vd

l0 (4.6)

where ∆T is the Doppler-shift length of the received LPM signal, l0 is the length of

the reference LPM signal, vd is the Doppler velocity, and v is the propagation velocity

of an ultrasonic wave in the air. The original LPM signal is defined as Equation

(4.3). In [63], the compensated peak time can be estimated from the maximum and

minimum peak times and the Doppler velocity coefficient ξ. For a Doppler velocity

v

(
exp(∆T

l0
m)− 1

)
< vd < v

(
exp(∆T

l0
m+ 1)− 1

)

ξ =

∣∣∣∣− 2l0
∆T

ln

(
v − vd
v + vd

)
− (2m+ 1)

∣∣∣∣, (4.7)

te = ξtmax + (1− ξ)tmin (4.8)

where te is the compensated peak time and m is any integer. The TOF of the received
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Figure 4.8 Modulated cross-correlation envelope of the LPM signal.

LPM signal is estimated as

TOF = te −
vd

v + vd

T0l0
∆T

(4.9)

4.2 Ultrasonic transmitters (loudspeaker)

In this section, an ultrasonic transmitter, a loudspeaker, generating ultrasound wave

to a target, plays an important role. In general, the loudspeaker for converting elec-

trical signals into sound waves is an electromagnetic device. There are two types of

loudspeakers. First, the vibrating-surface type, well known as the diaphragm, gen-

erates sound wave directly to any obstacle. Second, it is so called a horn, which is

interposed between the air and the diaphragm. Both types can be technically called

direct-radiator loudspeakers. In this dissertation, we select to utilize the vibrating-

surface type because of its principle advantages: small size, low cost, and a satisfactory

response over a comparatively wide frequency range. The direct-radiator type is use-

ful in most home radio and in small public-address systems. However, the principle

advantages of the direct-radiator type are low efficiency, narrow directivity at high fre-
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Figure 4.9 The cross-correlation function between the pair of Doppler shift LPM signals
and the single reference LPM signal.

quencies, irregular response curve at high frequencies [64]. This is a very important

point in the loudspeaker selection because the object in front of the loudspeaker has

to be in a position that sound beam of the loudspeaker can radiate. In order fully to

specify a sound source, we need to know its directivity characteristics at all frequencies

of interest. Sound-beam radiation is somewhat necessary to study in the design of three

dimensional ultrasonic position measurement.

4.2.1 Sound radiation by a disc

Assume that a plane-disc surface with radius ρ on which every point vibrate in phase

with the same frequency ω and with normal velocity of amplitude V0.The sound beam

of waves distributed is symmetrical about the y-axis. To measure the potential at

any point, it is sufficient only one point P at a displacement r from the disc center 0

and with its radius vector 0P making an angle θ with y-axis as Figure 4.10. Velocity

potential φ produced in the point P, and integrated over the entire vibrating surface is

defined as shown in Equation (4.10).
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Figure 4.10 A uniform velocity with amplitude u0 at P on y-axis and sound pressure
distribution

φ =
V0

2π

∫∫
S

exp(−jkr)
r

dS

=
V0a

2

2y
exp(−jky)

(4.10)

where k is a phase fix k = 2π/λ and λ is sound length. A sound pressure at point P

can be computed as Equation (4.11).

pP = jωρφ

= jωρ
V0a

2

2y
exp(−jky)

(4.11)

At a surface element dS = ρdρdϕ, a distance r and air density ρ from the point P is

r ∼= r0 − ρcosϕsinθ when r0 � a. It is also possible to approximate r ∼= r0 except for

the phase term in the calculation of the integral equation 4.10. Therefore, the velocity
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potential of the point P is:

φ(θ) =
u0exp(−jkr0)

2πr0

∫ a

0

∫ 2π

0
exp(jkρcosϕsinθ)ρdρdϕ (4.12)

The velocity of the point P in the first order Bessel function J1 is:

φ(θ) =
u0exp(−jkr0)

2πr0
πa2 2J1(kasinθ)

kasinθ
(4.13)

In addition, if the velocity potential is on the central axis, it is equal to Equation (4.14).

φ(0) =
u0exp(−jkr0)

2πr0
(4.14)

From Equation (4.11), a sound pressure at θ can be expressed as follows:

p(θ) = jωρ
u0exp(−jkr0)

2πr0
πa2 2J1(kasinθ)

kasinθ
(4.15)

Directivity index and directivity factor D(θ) can be computed in Equation (4.16).

D(θ) =

∣∣∣∣φ(θ)

φ(0)

∣∣∣∣ =

∣∣∣∣2J1(kasinθ)

kasinθ

∣∣∣∣ (4.16)

An example of sound pressures is given in Figure 4.11, and directivity of radiation by

a disc is shown in Figure 4.12. If we fix a constant radius of the circular plate and

vary higher frequencies, sound-pressure directivity becomes narrower. Sound pressure

directivity can be improved by enlarging the circular plate but a trade-off is the big

size of devices.

4.2.2 Sound radiation by a rectangular plane

In this dissertation, a loudspeaker is assumed as a sound source, which radiates sound

directly into the air. The loudspeaker that we use is Pioneer model PT-R4, which is the

direct-radiator type. It is often used in a small public address system. The principle ad-

vantages of the direct-radiator type are small size, low cost, and a satisfactory response

over comparatively wide frequency range. However, the main disadvantages of this

type are low efficiency, narrow directivity pattern at high frequencies, and frequently

irregular response at high frequencies. In order fully to specify our loudspeaker, we

need to know its intensity levels of sound at all frequencies of interest. The loudspeaker

of Pioneer model PT-R4 has a rectangular plane surface source. It is featured in Figure
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Figure 4.11 Sound pressure at a = 0.003 m, f = 20 kHz, and u0 = 0.2 m/s.
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Figure 4.12 Directivity of radiation by a disc at various frequencies.
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Figure 4.13 Pioneer PT-R4 loudspeaker used in three-dimensional ultrasonic position
measurement.

4.13. Consider a rectangular plane with hight 2a and width 2b on which all points

vibrate in phase with the same frequency ω. The method developed as a part of

this chapter describes the field for the loudspeaker that can be divided in to small

rectangular elements. If dS is each small element on a diaphragm as in Fig. 4.14 and

has a center at (xn; zn), this rectangular plane is assumed, at an original point, with a

uniform normal velocity of amplitude un. The total potential for particle velocity φn

at some point P proportional to the area dS of the small element and to the amplitude

un at this area is given by the Rayleigh integral [65].

φn(r, t) = unexp(jωt)

∫
S

exp(−jkr)
2πr

dS, (4.17)

where r is the distance of the element dS to the point P, and k is the wave number.

According to the relation Equation (4.17), it is implied that acoustic waves generated

by a real source must be diverge, so that the sound pressure pn decreases with the

distance from the sound source. Hence, the sound pressure can be defined as

pn = ρ
∂φn
∂t

= jωρunexp(jωt)

∫
S

exp(−jkr)
2πr

dS,
(4.18)
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Figure 4.14 Sound radiation by rectangular surface source.

where ρ is the density of the air at rest. Consider the Equation (4.18), if we are

interested on only the directivity of the sound pressure, ignore t-domain, the total

pressure pT at a point P in the field is the pressure contributed from each element.

pT = jωρ

N∑
n=1

un

∫
∆A

exp(−jkr)
2πr

dA, (4.19)

where N is the number of elements of size ∆A = ∆hx∆w. Consider the equation

(4.19), the sound field computation for rectangular sources has been demonstrated in

[66] as

pT =
jωρ∆A

2πR

N∑
n=1

unsinc
k(x− xn)∆w

2R
sinc

k(z − zn)∆h

2R
(4.20)

The two assumptions used to support Equation (4.20) are that
kx2

0
2R +

ky2
0

2R is small

compared to π and r ∼= R in all elements. Thus, the total sound pressure due to an

area of rectangular plane 2ax2b in Figure 4.14, symmetrical about the +Y axis, can be

defined in a function of the angle of evaluation ξ and the azimuth angle γ at a center
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of plane.

pT =
jωρuT
2πR

4absinc(kacosξ)sinc(kbcosγ) (4.21)

where ∆A = 4ab and . Also, the sound pressure at any point on the +Y axis is given

with ξ = 90o and γ = 90o.

p0 =
jωρuT
2πR

4ab (4.22)

A number is computed at each frequency that tells the degree of directivity without

the necessity for showing the entire directivity pattern. This number is the directivity

index Dξ,γ [64].

Dξ,γ(dB) = 10log10|pT | (4.23)

thus, on the Z-Y plane

DZ−Y (dB) = 10log10

∣∣∣∣jωρuT2πR
4absinc(kacosξ)

∣∣∣∣ (4.24)

thus, on the X-Y plane

DX−Y (dB) = 10log10

∣∣∣∣jωρuT2πR
4absinc(bcosγ)

∣∣∣∣ (4.25)

Figures 4.15 and 4.16 show the directivity intensity of the loudspeaker, Pioneer model

PT-R4,using MATLAB computer simulation, for the rectangular plane with a= 25 mm.

and b = 3 mm. In this condition, the frequency ω is 20 kHz - 50 kHz, the density of

the air is 1.20 kg/m3, the amplitude of vibration on the plane is 2 µm, and the wave

number k is ω/v0 with the speed of the sound propagation v0 = 345 m/s. In Figures

4.15 and 4.16, this analysis can tell us how much radiation ability of the loudspeaker is

sufficient for detecting the object. The loudspeaker, at the normal position, can detect

the object, on Z - Y plane, at approximately 20o and, on X - Y plane, at 180o about

+Y axis. Since we use a pulse compression sweeping the frequency 50 kHz down to

20 kHz, so that expanding the area of vertical detection, this system is designed to

scan the object position by moving the loudspeaker position up and down along to Z

axis. It is noted that sound beam at frequency 20 kHz is wider that at frequency 50

kHz but sound pressure at 50 kHz is more powerful. In Figure 4.17, sound directivity

is illustrated as Figure 4.17. The sizes of rectangular plates are effective directly to

generate the sound directivity.
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Figure 4.15 The directivity beam of loudspeaker (a) sound intensity on Z - Y plane (b)
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Figure 4.17 Directivity of radiation by a rectangular plate at various frequencies.

4.2.3 Sound radiation of PT-R4 loudspeaker from measurement

In previous chapter, we use MATLAB computer programming to analyze intensity of

sound pressure. To realize the actual sound radiation, it is necessary to measure sound

amplitude on ground at various positions. PT-R4 pioneer loudspeaker is brought to

generate ultrasound propagation. LPM ultrasonic wave was produced by this loud-

speaker, in which frequencies were swept from 50 kHz down to 20 kHz at a signal

length 3.274 ms. A method of sound radiation estimation is that a ultrasound receiver

was set on various positions in front of the loudspeaker, and ultrasound wave was then

recorded by oscilloscope. An area used for sound detection was separated as a small

area 5x5 cm2. The total area is the width 60 cm, the high 60 cm, and the depth 100

cm. Sound radiation on X-Y plane from measurement is shown as Figure 4.18. Sound

radiation on Z-Y plane from measurement is pictured as Figure 4.19. The experiment

results can confirm that the sound beam on X-Y plane is approximately ±50o and

that on Z-Y plane is ±20o. These areas of both planes are the field of object-position

detection in the sound radiation. In addition, we can improve ability of measurement,

enabling the critical point, by moving the speaker’s position.
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Figure 4.19 Sound radiation from measurement on Z-Y plane.

4.3 Ultrasonic receivers (microphone)

Acoustic receivers are electromagnetic transducers for transforming acoustic energy to

electric energy. In general, a standard acoustic receiver for performing accuracy mea-

surements has a very high price. It is important limitation of developing measurements

that require using more sensors. This device is also weak to environment because it

is designed for the controlled room in calibration. It must be taken care to avoid the

damage. It is not convenient in setting up in the outdoor or robust applications. There-

fore, an acoustic receiver, that has low cost, small size, reliability and quite strong to

environment, is required. This topic is discussion for providing significant information

of microphone selection. We need low-cost microphone and it can be performed for
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three-dimensional ultrasonic position measurement. In previous works, B&K and ACO

microphones were candidate; however, they are not appropriate when the number of

microphone is required more. Thus, Knowles microphone can serve as an ultrasonic

receiver for this task.

In this section, comparison between B&K microphone, ACO microphone, and Knowles

microphone was presented in each other. A sound source used in experiment was PT-

R4 Pioneer speaker. It was forced to transmit an LPM ultrasonic wave, swept from 50

kHz down to 20 kHz in a period time 3.27 ms. The microphone was located side by

side with the speaker, and an object for measurement is a rectangular Aluminum flat

plate, 17x25 cm2. The object was in front of the speaker on a direct line with a few

distances, 0.7, 1, and 1.4 m. Echoes were recorded on an oscilloscope after that TOF is

obtained to compute the distance using Equation 4.26, where v0 is the velocity of sound

propagation d0 is a distance between the speaker and the microphone. The amplitude

of the input signal was expanded to 30 Vp−p and the distance between the speaker

and the microphone was approximately 17 cm. A bubble-plastic insulator for direct

ultrasonic-beam protection of the sound source was placed to absorb a transmitted ul-

trasonic wave. Temperature, humidity, and sound propagation under this environment

were 25.3 degree, 27.9 % and 345 m/s, respectively.

d =

√
(TOFv0)2 + d2

0

2
(4.26)

4.3.1 B&K microphone

B&K is the high standard for precision measurement microphone in the area of acoustics

and vibration. In general, B&K microphone is an omnidirectional microphone used for

calibration in control room monitors or studio room. Studio microphone design is

not used only a logical evolutionary step but its improvement has been at a perfect

time involving with the state-of-the-art of the recording technology with improved

analogue techniques. Undoubtedly, B&K series omnidirectional microphones can serve

many applications such as vocals, acoustic piano, percussion, string instruments, and

drums [68]. They are accurate with an excellent dynamic range and colourless transient

response. They can be said that they are the best choice of recording hardware. The

reflected echoes at various distances recorded on the oscilloscope are shown as Figure

4.20. Next, these echoes from various distances were correlated with a reference signal

by cross-correlation function for TOF computation. Cross-correlation function can be

depicted in Figure 4.21. In Figure 4.21, the direct echo from the speaker is relatively
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Figure 4.20 Echo measurements using B&K microphone at various distances (a) 0.7 m
(b) 1 m.
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Figure 4.21 Cross-correlation function from B&K microphone at various distances (a) 0.7
m (b) 1 m.

small when compared with that from the object.

4.3.2 ACO microphone

ACO Co, Ltd was established as a sound measuring instrument manufacture and

amassed an extensive performance record through its accumulation of research and

development in cooperation with user companies, and research institutes at universi-

ties [69]. ACO microphone including preamplifier can measure with highly accurate

resolution, enabling connection with several analyzers. ACO microphone is used for

measurements of sound pressure with high resolution over wide frequency range. Wide
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Figure 4.22 Echo measurements using ACO microphone at various distances (a) 1 m (b)
0.7 m.

0 2 4 6 8 10 12 14 16
−5000

−4000

−3000

−2000

−1000

0

1000

2000

3000

4000

5000

Time (ms)

C
ro

ss
 −

 c
or

re
la

tio
n 

fu
nc

ti
on

Direct echo from speaker

Echo from object

(a)

0 2 4 6 8 10 12 14 16
−2000

−1500

−1000

−500

0

500

1000

1500

2000

Time[ms]

C
ro

ss
-c

or
re

la
tio

n 
fu

nc
tio

n

Direct sound from speaker

Echo from object
(b)

Figure 4.23 Cross-correlation function from ACO microphone at various distances (a) 1
m (b) 0.7 m.

range can measure from low-frequency to ultrasonic frequency (1 Hz 200 kHz), and

measurement of high sound pressure level up to 170 dB is possible. The reflected echoes

of ACO microphone at a few displacements recorded on the oscilloscope are shown as

Figure 4.22. Echoes from various distances were correlated with a reference signal

by cross-correlation function for TOF computation. Cross-correlation function can be

depicted in Figure 4.23. In Figure 4.23, the direct echo from the speaker is relatively

small when compared with that from the object.
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Figure 4.24 Proposed acoustical-receiver boards used to perform the echo measurement.

4.3.3 Knowles microphone

In previous microphones, they can be obtained to sense the echo for the TOF mea-

surement using cross-correlation method. Although high sensitivity and resolution is

given, they still have high price. The development of the system, enabling three-

dimensional position measurement, requires more microphones. It is not possible to

perform low-cost-application. The silicon MEMS microphones based on a device for

hand-held telecommunication instruments developed by the Knowles company (model

SPM024UD5) is fascinating. This model has sufficient sensitivity to detect sound pres-

sure omnidirectionally [70]. Frequencies are allowed to pass through it from 10 to 100

kHz. A silicon microphone is embedded on a signal processing board containing a low

pass frequency circuit with 60 kHz frequency cutoff and a preamplifier with 20 decibel

(dB). Sensitivity achieves a minimum level of -47 dB at a humidity not over 70 R.H.

The hand-held telecommunication device was embedded in a signal processing board,

as shown in Figure 4.24. The reflected echoes of the proposed acoustical-receiver boards

at a few displacements recorded on the oscilloscope are shown as Figure 4.25. Echoes

from various distances were correlated with a reference signal by cross-correlation func-

tion for TOF computation. Cross-correlation function can be depicted in Figure 4.26.

In Figure 4.26, the direct echo from the speaker is relatively small when compared with

that from the object. In addition, in Figure 4.27, a frequency-distortion check of the
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Figure 4.25 Echo measurements using ACO microphone at various distances (a) 0.7 m
(c) 1 m.
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Figure 4.26 Cross-correlation function from proposed acoustical-receiver boards at various
distances (a) 0.7 m (c) 1 m.

LPM signal at frequencies of 50 kHz to 20 kHz is shown. The results show that the

transducer can agree with the original signal.

4.3.4 Distance measurement from each microphone

After the TOF was obtained using three types of microphones, the distance measure-

ment was computed by plugging TOF in Equation 4.26. Next, repeatability of the

distance measurements was 50 times of using cross-correlation function for TOF esti-

mation. Repeatability of 0.7 meters distance measurement is depicted in Figure 4.28.

Repeatability of 1 meters distance measurement is depicted in Figure 4.29.
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Figure 4.27 Frequency analysis of an LPM pulse compression signal from 50 kHz to 20
kHz measured by a Knowles Acoustic model silicon microphone embedded on the proposed
board.

4.4 Reflection at a fluid-solid interface for echolocation

In general, echolocation for robots navigation is an issue involving with the study of

sound propagation in medium and the reflection of target. The sound waves gener-

ated by the vibrating diaphragm of a loudspeaker can move through air, water and

solids as longitudinal waves and also as transverse waves in solids. Amplitude of sound

propagation is dependent on attenuation as a function of distance through the com-

pressible medium, and attenuation in air is typically constant at 22.1 dB/m. Reflection

is a change in direction of a wavefront at an interface between two different media to

return from an origin that sound is generated. Consider a sound pressure wave in a

fluid (air) incident on a plane fluid-solid boundary (air to object), as shown in Figure

4.30. To satisfy the interface boundary situations, this incident P-wave (compression

wave) generates both transmitted P-wave and S-wave (shear wave), and this condition

is called mode conversion. Next, we assume that the plane of incidence is considered

as the x-y plane. Now, in our study (air to stainless steel interface), we consider the

behavior of reflected and transmitted waves from the definition of Snells law. There

are two critical angles present in the solid medium because speed wave in stainless steel

(5790 m/s) is much more than that in air (345.1 m/s). The transmitted P and S

- waves become an inhomogeneous wave. These waves do not affect to the reflected
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Figure 4.28 Probability function of 0.7 meters distance (a) ACO microphone (b) B&K
microphone (c) Knowles microphone

echo sensed by microphones. ABAQUS, finite element analysis, was used to study the

intensity of reflections from different surfaces when air and stainless steel densities of

interface boundary were assumed as 7890 and 0.0012 kg/m3, respectively. The simu-

lation results shown in Figure 4.31 summarize the intensity of reflections generated by

rectangular, circular, and triangular objects. The sound source was located as a small

color point opposite to the object position. Wavefront is observed that the reflection

of the rectangular surface, as illustrated in Figure 4.31 (a), is the strongest intensity

when relatively compared with other shapes. The reflection of the triangular surface

in Figure 4.31 (c) has dispersion moving toward other directions compared with before

incidence. It is difficult for navigation-based echolocation because the received echo

at microphones is very low SNR. For the circular shape in Figure 4.31 (b), although

some wavefront of the echo can be reflected to the same direction that a sound source

generates but it is lower intensity than the rectangular shape. Therefore, the reflection
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Figure 4.29 Probability function of 1 meters distance (a) ACO microphone (b) B&K
microphone (c) Knowles microphone

of the spherical object as a target of the system-based echolocation is possible to be

used for the study.

4.5 Summary

LPM ultrasonic wave, a period of which is linearly swept with time, was proposed

for Doppler-effect compensation. This wave is directly generated by means of PT-R4

pioneer speaker from a sound source to a target. The loudspeaker of Pioneer model

PT-R4 has a rectangular plane surface source. It can radiate ultrasonic wave from area

X to +X and from area Z to +Z when the object appears in front of the loudspeaker in

the +Y area. Moreover, a low-cost silicon MEMS microphone based on a development

for hand-held telecommunication instruments is presented. It can extremely reduce the

cost more than 100 times when relatively compared with the previous microphone of
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Figure 4.31 Comparison of reflected wavefront (a) rectangular shape (b) circular shape
(c) triangular shape
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5

Ultrasonic position and velocity

measurement by an iterative

method (First method)

5.1 Position measurement using an iterative method

In this chapter, a three dimensional airborne ultrasonic position system is presented

using one sound source and the three ultrasonic receivers. A position is directly com-

puted by TOF measurement. Space, in which the object appears, is assumed that an

object is in X-Y-Z axes. Each axis is perpendicular in each other, and each microphone

is set on these axes one by one whereas the speaker position is replaced on an original

point. When we make relation between TOFs and distances from an original point into

a target and return to microphone, a condition of relation can be seen in a nonlinear

form. It is more difficult and complicated if we try to reform from nonlinear into linear.

To satisfy this problem, a simple iterative method can achieve this gold. The previous

research based on the iterative method, involving with position estimation, has been

presented [71]. The well-known iterative method, relied on Taylor-series expansion,

is Newton-Raphson estimation [72]. Newton-Raphson method uses only the first two

terms of Taylor-series expansion. However, this solution is in situation of estimation,

not an exact answer. It might have delay time for routines and not convergence; more-

over, an initial value for starting is required. To protect a guess, a method for keeping

the initial point is also defined.
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Figure 5.1 Plotting function f1(x)of graphical method from various x values.

5.1.1 Iterative methods

Fundamental problems in science and engineering, often seen for analysis, are to solve

roots of general equations. For example, assume that if there is a function f(x), we

then want to find out any value of x, enabling f(x) equal to zero. It is not difficult task

because we have ever seen it many times, especially in the primary school. In general,

the function f(x) is always in polynomial equations such as f(x) = ax2 + bx + c = 0.

Roots of such an equation are x = −b±
√
b2−4ac

2a when a, b, and c are the constant values.

Indeed, functions f(x) in science and engineering are not always in a simple polynomial

form, for examples, a problem appearing in a transcendental function f(x) = cosh x

cos x+1=0. x value of this function is not easy to solve if we do not understand a

correct procedure of solution. In this chapter, steps of correctly computing x value

by means of 1) graphical method, 2) bisection method 3) false-position method, 4)

one-point iterative method, and finally 5) Newton-Raphson method.

Solving an unknown value x, which is roots of equations f(x), by graphical method

is the simplest solution of iterative methods. The concept of graphical method is to

study variations of the interested functions, and these functions are then plotted using

a graph. Assume that we want to solve an engineering problem, having the function
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Figure 5.2 Bisection method for solving f(x) = 0.

f1(x) = exp−x/4(2 − x) − 1 = 0. We can plot f1(x) as Figure 5.1. In Figure 5.1 (a),

it is noted that f1(x) has a zero cross point at approximately 0.75< x <0.80 and then

we can plot f1(x) again from this range shown as Figure 5.1 (b). Considering Figure

5.1 (b), root of function f1(x) is obtained more accurate. It is roughly about 0.783.

This result can be estimated by plotting and computation. Graphical method may

be appropriate with a few problems, which do not require high accuracy of results,

because it provides the simple solution. We can create a programing to deal with such

a problem by a short source code. Although graphical method is quite easy, it takes

long-time computation and lacks precision. Next, other iteration methods capable of

achieving higher accuracy and simple are discussed.

Bisection method is different from graphical method in that function f(x) always

has opposite sign when any x values are more and less than a root of function f(x) as

shown in Figure 5.2. It is noticed that the answer is approximately x = 0.783; moreover,

f(x) is positive when x < 0.783 and f(x) is negative when x > 0.783. In general, the

variation characteristic of function f(x) is in ether from a small value to a big value

or from a big value to a small value. In Figure 5.2, this picture depicts variations of

function f(x) from a negative value of function f(x) at x = xL to a positive value
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of function f(x) at x = xR. Easily speaking, a root of function f(x) is between xL

and xR, and f(xL) and f(xR) are always opposite sign in each other. Computing a

root of function f(x) by bisection method is to compress a gap between xL and xR as

narrowest as possible. In each step, we can assign the gap between xL and xR from

their own function f(xL) and f(xR) when these functions have to always have opposite

signs. Routines can be explained as:

Step1: Find xM from xL and xR as follows

xM =
xL + xR

2
(5.1)

Function of xM is computed. It is probably two cases that are case A (positive value)

and case B (negative value) as shown in Figure 5.2.

Step2: Multiply between f(xM ) and f(xR) if f(xM )f(xR) > 0 means xL < root <

xM . and f(xM )f(xR) < 0 means xM < root < xR.

Step3: Adjust xL or xR again to be narrower range between these values. If a result

from step2 is case A, set xR equal to xM ; otherwise, if a result from step2 is case B,

set xL equal to xM .

Step4: Check a convergence criterion as follows:

|f(xM )| < ε (5.2)

ε is tolerance for stopping loop. If a result of Equation (5.2) is not satisfied, return to

step1 again.

False-position method has the main concept similar to bisection method as said

in the previous iterative method whereas false-position method can provide higher

efficiency of convergence since functions of xL and xR are concerned with computation.

It can be explained by Figure 5.3. The key idea of false-position method is that f(xL)

and f(xR) at xL and xR, respectively, are connected together by a dashed line. It is

called false-position method because the dash line cuts off X-axis at x1, and this point

has a deviation far away from a root of equations. Equations of false-position method

can be realized as follows:

tanβ = tanθ

f(xR)

xR − x1
=

f(xL)

xL − x1

(5.3)
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Figure 5.3 False-position method for finding out a root.

Therefore, x1 can be computed by Equation (5.4).

x1 =
xLf(xR)− xRf(xL)

f(xR)− f(xL)
(5.4)

Steps of false-position method can conclude as

Step1: Find x1 from xL and xR by Equation (5.4) x1 is probably two cases that

are f(x1) > 0 and f(x1) < 0.

Step2: Multiply between f(x1) and f(xR) if f(x1)f(xR) < 0 means x1 < root < xR.

and f(x1)f(xR) > 0 means xL < root < x1.

Step3: Adjust xL or xR again to be narrower range between these values.

If a result from step 2 is f(x1)f(xR) < 0, set xL equal to x1. If a result from step 2 is

f(x1)f(xR) > 0, set xR equal to x1.

Step4: Check a convergence criterion as follows:

|f(x1)| < ε (5.5)

ε is tolerance for stopping loop. If a result of Equation (5.5) is not satisfied, return to
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Figure 5.4 Convergence of finding out a root in false-position method.

step 1 again. When relatively compared with bisection method, false-position method

can provide faster convergence because xL and xR are used directly. It can be explained

by Figure 5.4. However, this method is necessary to require two initial points for

starting routines. It is not convenient in practical problems in science and engineering.

In the next method, the iterative methods requiring only an initial point is studied.

We can call them open method since we do not worry about assigning a left value and

a right value. A well-known method with only an initial guessed point for dealing with

engineering problems[74-75] is Newton-Raphson method.

Newton-Raphson method is an open method using only one initial point to quickly

achieve a final result. This property makes Newton-Raphson famous for a large-size

analysis. Newton-Raphson method is an iterative method based on Taylor-series expan-

sion; therefore, we should understand what Taylor series are before studying Newton-

Raphson method. Taylor series, which is one type of series, is utilized to define a

function at any x parameter from both the function at an initial point x0 and deriva-

tives of the function at various orders. Although Taylor series consists of infinite terms,
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Figure 5.5 Convergence using Newton-Raphson method.

it can be realized simply by using only one term.

f(x) ∼= f(x0) (5.6)

We can call it zero-order approximation. The function at x and x0 will be equivalent

if this function is only constant whereas considering other functions is not constant,

they will correct approximately if x and x0 get closer. We can use the first two terms

of Taylor series for function estimation.

f(x) ∼= f(x0) + (x− x0)
df(x0)

dx
(5.7)

We call Equation (5.7) the first-order approximation. Similarly, the quadratic function

of Taylor series containing the first three terms is:

f(x) ∼= f(x0) + (x− x0)
df(x0)

dx
+

(x− x0)2

2!

d2f(x0)

dx2
. (5.8)

Therefore, in general functions, which are complicated and not expressed in polynomi-

als, we can replace Taylor series with infinite terms instead of these functions.
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Figure 5.6 Convergence and divergence of Newton-Raphson method.

f(x) ∼= f(x0) + (x− x0)
df(x0)

dx
+

(x− x0)2

2!

d2f(x0)

dx2
+

(x− x0)n

n!

dnf(x0)

dxn
. (5.9)

Basic conception in Taylor series used in Newton-Raphson method for solving f(x) = 0

with the first two terms as Equation (5.7) can be expressed as

f(x) = f(x0) + (x− x0)
df(x0)

dx
= 0

x− x0 = −f(x0)
df(x0)
dx

(5.10)

The first step of Newton-Raphson method is the initial- point designation (x0) as shown

in Figure 5.5. Next, f(x) and df(x)/dx, which are computed and plugged in Equation

(5.10), result in a new position getting close up a root of the function f(x). After that

iteration for a new x will make x convergence into the root. Nevertheless, convergence

of results might not be guaranteed because of the function characteristic and setting

up an initial value x0 as well. Convergence and divergence of functions can be pictured
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Figure 5.7 Mobile robot for searching out an object.

in Figure 5.6. We can simply conclude steps of Newton-Raphson method as follows:

Step1 : Compute function and derivative of an old value to a new value.

∆xk+1 = −f(xk)
df(xk)
dx

(5.11)

where k and k + 1 are iteration.

Step2: Update a new x from.

xk+1 = xk + ∆xk+1 (5.12)

Step3: Check a convergence criterion as follows:

|∆xk+1| < ε (5.13)

ε is tolerance for stopping loop. If a result of Equation (5.11) is not satisfied, return to

step 1 again.
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5.1.2 Three-dimensional-positioning using an iterative method

The self-localization of a mobile robot capable of searching out an obstacle over its own

position is realized as shown in Figure 5.7. The mobile robot can identify the object

position in X-Y-Z coordinates. The ultrasonic three-dimensional system proposed in

this navigation of this mobile robot is shown in Figure 5.8. The devices displayed under

the designed system mainly consist of an ultrasonic speaker and three microphones. A

transmitted signal exciting to the speaker uses a pair of two LPM signals. An echo

signal from the object is incident on microphones and converted to a digital signal by

three 7th order delta-sigma modulators. On other hand, a reference signal utilizes a

digital comparator as a signal converter. Next, both digital signals from these devices

are performed together to compute TOF by means of the cross-correlation function.

One-bit signal processing plays a vital role in saving computational-time cost. In the

case of non-Doppler effect, TOF of a received LPM signal is typically estimated from the

maximum peak time in the cross-correlation function. Based on Euclidean geometry,

as Fig. 5.8, equations made up of referring to the relationship between the object,

speaker, and microphone locations, and TOF are

f1 =
√

(x− x1)2 + y2 + z2 +
√
x2 + y2 + z2 − v0 · TOFx = 0 (5.14)

f2 =
√
x2 + (y − y2)2 + z2 +

√
x2 + y2 + z2 − v0 · TOFy = 0 (5.15)

f3 =
√
x2 + y2 + (z − z3)2 +

√
x2 + y2 + z2 − v0 · TOFz = 0 (5.16)

where x, y, and z describe the unknown position of the object. We consider a three-

dimensional scenario where the acoustic sensor are on X, Y, and Z axes: (x1, 0, 0),

(0, y1, 0), and (0, 0, z1), respectively. The position of the sound source is set as the

origin (0, 0, 0). TOFx, TOFy, and TOFz are time-of-flight in each microphone, and c is

the sound velocity in air. Equation (5.14) expresses the time duration and the distance

from the sound source to the object and returns to the microphone on X-axis. Equation

(5.15) expresses the time duration and the distance from the sound source to the object

and returns to the microphone on Y-axis. Finally, Equation (5.16) expresses the time

duration and the distance from the sound source to the object and returns to the

microphone on Z-axis. This can be considered as a complicated problem of non-linear

systems because square and square root operations are overlapped mathematically. We

can simply explain Equations (5.14)-(5.16) by a parabolic graph as shown in Figure

5.9. To satisfy this problem, Newton-Raphson method plays an important role in
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Figure 5.8 Proposed ultrasonic three-dimensional system inside the mobile robot s navi-
gation.

the identification of the object position. The formula for three unknown parameters

established is

∇F · δ = −f (5.17)

where

∇F =


∂f1

∂x
∂f1

∂y
∂f1

∂z
∂f2

∂x
∂f2

∂y
∂f2

∂z
∂f3

∂x
∂f3

∂y
∂f3

∂z

 , δ =


x− x0

y − y0

z − z0

 , f =


f1

f2

f3


where x0, y0, and z0 are initial values, and δ is update data. However, this iterative

method has significant disadvantage, that is, the requirement of an initial guess [71,

76]. When carefully scrutinizing all TOFs measured from microphones, we enable them

to be used as a starting point of routines. To do so, an initial distance (D0) is averaged

by the duration time, for progressing only one way from the speaker to the object, and

thereafter with sound velocity.

D0 =
v0 · (TOFx + TOFy + TOFz)

2× 3
(5.18)

Assume that x0, y0, and z0 have the same values. We know that the distance D0, which

is connected to a co-ordinate x, y, and z, is

D0 =
√
x2

0 + y2
0 + z2

0 (5.19)
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Figure 5.9 Parabolic graph due to Equations (5.14)-(5.16).

The initial object position can be determined easily, as below. Therefore, the obtained

initial values are dependent on the TOF of the object.

x0 = y0 = z0 =
D0√

3
(5.20)

In every time instance in which the update data are computed data are added with the

old values for the new values.

δk = −
[
∇Fk

]−1
· fk (5.21)

After that, update and check the convergence criterion; stop when the difference is less

than the tolerance, ε.

Newton-Raphson algorithm for unknown-parameters estimation, u = [x, y, z]T , can

be summarized in the following steps:

Step1: Make an initial guess for the parameter vector u0 and k = 0 from Equation

(5.20) (an upper case is iterative number).
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Step2: Model F = [f1, f2, f3]T . A quadratic approximation F can be obtained

using the given twice continuously differentiable object function. The Taylor series

expansion plays a vital role of F approximation about the current point uk, neglect-

ing terms of order three and higher. We obtain fi(x
0 + ∆x, y0 + ∆y, z0 + ∆z) u

fi(x
0, y0, z0) + ∂fi

∂x (x1 − x0) + ∂fi
∂y (y1 − y0) + ∂fi

∂z (z1 − z0), i =1, 2, and 3. Thus, a root

of fi can be estimated by using the iteration of uk = [xk, yk, zk]T .

Step3: Iterate the parameter vector uk+1 = uk+δk by the update data from Equa-

tion (5.21).

Step4: Check convergence criterion ‖ uk+1 − uk ‖< ε, then stop.

Step5: Set k → k + 1 and go to step 2.

5.1.3 Simulation results for three-dimensional-positioning using an

iterative method

Simulation results are performed to confirm the proposed three-dimensional-positioning

method. First, we will show that how it works by assuming that an object position

is x=80 cm, y=65 cm, and z = 25 cm and the microphone positions are (10 cm, 0

cm, 0 cm), (0 cm, 10 cm, 0 cm), and (0 cm, 0 cm, 10 cm). The object position

estimation under an ultrasonic three-dimensional system determined by the proposed

one-bit signal processing method was evaluated by MATLAB computer simulation.

The period of the single LPM signal was swept linearly from 20 µs to 50 µs. The

sampling frequency rate was 12.5 MHz. The LPM signal had the length equal to 3.278

ms. The propagation velocity of an ultrasonic wave in air was 345.1 m/s at 22.4 Co.

SNR was set at 10 dB compared with the echo signal The constant attenuation factor

of the received signal was -2.107 dB/m degraded from that of the original signal. Table

5.1 shows steps of update data from an origin to a final point when tolerance was

0.5 mm. The received signals and the normalized cross-correlation functions obtained

by one-bit signal processing are illustrated in Figure 5.10. The received signals were

changed into the single-bit delta-sigma modulated signal by the 7th-order delta-sigma

modulator. The one-bit signal of the received echo was correlated together with the

one-bit signal of the reference, which was the transmitted LPM signal converted into



5.2 Velocity measurement using vector projection 93

Iterations x position y position z position

(cm) (cm) (cm)

Initial valuea 59.801 59.801 59.801
First time 84.037 69.257 30.822

Second time 80.152 65.079 24.777
Third time 80.010 65.023 24.911
Fourth time 80.010 65.023 24.990
Fifth time 80.010 65.023 24.990

Table 5.1 Iteration for three dimensional position measurement.

the one-bit digital signal by a digital comparator. The cross-correlation function of

the one-bit received signal and the one-bit reference signal was obtained directly from

the recursive cross-correlation operation of one-bit signal processing and the smooth-

ing operation accomplished by the triangular weighted moving average filter. Signal

had 399 zero-cross points. Accordingly, the computational cost of the recursive cross-

correlation operation was the integration and 401 summations of one-bit samples. For

the smoothing operation, the length of the triangular weighted moving average filter,

which consists of a pair of 55-tap moving average filters, was 109 taps. The position

error by the noise included in the received echoes was evaluated by MATLAB computer

simulation. In the simulation, the SNR of the reflected echo was converted by including

normal distribution of random noises, or white noise, to the received echoes. In the

case of each SNR, the position of the estimation was evaluated from 100 simulations.

To confirm this situation, the probability distributions of the estimated position are

determined from 100 estimation and illustrated in Figure 5.11.

5.2 Velocity measurement using vector projection

In this case, the velocity can be estimated from the signal length of the echo, which is

reflected from the target. The signal length difference is in proportional to the velocity

of the object as previously said in Chapter 3. We use this idea for the basis of three

dimensional velocity vector measurement.

5.2.1 Three dimensional velocity vector measurement

The velocities measured by pulse compression of the two-cycle LPM signals are the

vector component, in Figure 5.12, of the ultrasonic propagation direction. Next, the

moving-object velocity is estimated using data of the relative velocities at each micro-
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Figure 5.10 The received signals and the cross-correlation functions obtained by single-bit
signal processing in the simulations at the position x = 80 cm, y = 65, and z = 25 cm.
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Figure 5.11 The probability distributions of the estimated distance in the simulations at
the position x = 80 cm, y = 65 cm, and z = 25 cm.

-phone, that is,vdx on x-axis, vdy on y-axis, and vdz on z-axis, the instantaneous position

of the moving object, computed in 5.1.2., and microphone positions. On the basis of

the simple fundamentals of the vector theory, vector projection can be considered as

the dot product between two vectors as shown as Figure 5.12. Hence, the results of

vector projection between the Doppler-shifted velocity estimation at each microphone,
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depicted as


vdx

vdy

vdz

 = uuu ·


vvvx
|vvvx|
vvvy
|vvvy |
vvvz
|vvvz |

 (5.22)

uuu is the unknown object-velocity vector. vvvx,vvvy, and vvvz are the microphone vectors,

where

uuu =


ux

uy

uz

 ;vvvx =


x− x1

y

z

 ;vvvy =


x

y − y2

z

 ;

and

vvvz =


x

y

z − z3

 (5.23)

Substitute Equation (5.23) into Equation (5.22) and rearrange again.


ux

uy

uz

 =

 x− x1 y z

x y − y2 z

x y z − z3


−1

·


vdx · |~vx|
vdy · |~vy|
vdz · |~vz|

 (5.24)
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Figure 5.13 Errors of object position and velocity measurements at an instantaneous
position x=y=z=1 m.

By plugging a solution of Equation (5.23) back into Equation (5.24), the object-velocity

vector uuu can easily be determined. In addition, the magnitude of the object-velocity

can be defined as

|uuu| =
√
ux2 + uy2 + uy2 (5.25)

This equation can estimate the object-velocity of the moving object in three dimensional

velocity vector measurement by means of the simple fundamental of projection.
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Figure 5.14 Experimental setup of the proposed three dimensional positioning method
using Newton-Raphson algorithm.

5.2.2 Simulation results for three dimensional velocity vector mea-

surement

The Doppler velocity and object position from the earlier measurements were used to

determine the object velocity on the basis of vector theory. To confirm our idea, the

moving object position and velocity were evaluated by MATLAB computer simulation.

In simulation, the velocity of the moving object was varied from -3 m/s to 3 m/s. For

each velocity, the position of the moving object was evaluated by 100 simulations. The

probability distributions of the estimated object position, under the assumption that

there constantly was an instantaneous position, were set up at x = y = z = 1 m. The

moving-object-position errors varying with the object velocity are displayed in the top

and bottom onto left side of Figure.5.13. The graphs are not smooth at about 1.5

m/s because the waveform of the cross-correlation function, based on Doppler shift, is

inverted at those points. The errors due to Doppler-shift compensation are sharper in

such case. In the bottom right of Figure.5.13, it shows the deviation of object-velocity

estimation when the object was continuously moving at a the velocity from -3 to 3 m/s.
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5.3 Optimal microphone position of the iterative method

Three microphone positions located on x-y-z axes plays a vital role for the determi-

nation of nonlinear functions because the distance from the loudspeaker is obtained

for equation creation. Each microphone position is directly proportional to the con-

vergence of Newton-Raphson method to achieve the target. In this section, adjusting

the microphone position is studied for the lowest error of object measurement at the

optimal microphone position. The microphone position was varied from 0.005 to 0.5

cm in one axis, and at other axes the microphone position was fixed. It is observed in

Figure 15 that the microphones on all axes is concurrently varying from 0.005 to 0.5 cm.

The errors about 0.2 mm oscillates up and down in the first time during 0 - 10 cm of a

distance from the speaker and after that they are going to a constant level at approxi-

mately 0.05 mm. We can conclude from this observation that the optimal microphone

position corresponding the proposed mathematical model of Newton-Raphson-based

method is at coordinates more than (10, 0, 0), (0, 10, 0), and (0, 0, 10) cm.

5.4 Experimental results

The experimental setup of the three-dimensional ultrasonic positioning system proposed

in this chapter is depicted in Figure 5.14. A transmitted signal was used as an LPM

signal. The frequency of this signal was swept from 50 kHz to 20 kHz. The length

of the transmitted LPM signal was 3.274 ms. The LPM signal was generated by a

function generator and enlarged 20 times by a power amplifier. The sound source was

adjusted by raising the elevation angle 5 degree. A hand held telecommunication device

was embedded in a signal processing board. An echo was measured by the acoustical

receivers. In addition, the acoustic receivers had frequency responses over the range

10-100 kHz. The pre-amplifier and the low pass filter were 20 dB and a frequency cut off

of 100 kHz, respectively. Then, the response was converted to a one-bit signal using a

7th-order delta-sigma modulation board at a 12.5 MHz sampling frequency. A reference

signal, which was generated using MATLAB, utilizes a digital comparator as a one-bit

signal converter. The length of the weighted moving average filter for smoothing the

cross correlation signal was 141 taps. The microphone positions were located at (18, 0,

0), (0, 18, 0) and (0, 0, 18) cm on the X,Y, and Z axes, respectively. The reason why

the microphones were not positioned on (10, 0, 0), (0, 10, 0) and (0, 0, 10) cm as the

optimal microphone position because these positions had the strong direct sound, and

they directly affected to the reflected echo. To compromise this point, the microphones
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Figure 5.15 Object position error when varying the microphone position.

were shifted from 10 to 18 cm. In this experiment, a flat aluminum object with a width,

height, and thickness of 13, 17, and 4 cm, respectively, was used. The propagation

velocity of the ultrasonic wave in air was approximately 345 m/s at a temperature of

25 Co and 35% RH.
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Figure 5.16 Echo and cross-correlation function at the object position (65 cm, 65 cm,50
cm).
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Figure 5.17 Echo and cross-correlation function at the object position (80 cm,65 cm,25
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Figure 5.19 Repeatability of the object position measurements x = 65 cm, y = 65 cm,
and z = 50 cm.

For the first position, we assume that the object was located at x=65 cm, y=65

cm, and z=50 cm. This position was on an approximately diagonal line from the sound

source to the object. Echoes and the cross correlation based on one-bit signal of this

position was sensed by microphones as shown in Figure 5.16. For the second position,

we tried to move the object closer to the X-axis: x=80 cm, y=65 cm, z=25 cm. Finally,

the third position was x=55 cm, y=85 cm, and z=35 cm, which is closer to the Y-axis.

To confirm these conditions, the repeatability of the measurements was determined
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Figure 5.20 Repeatability of the object position measurements x = 80 cm, y = 65 cm,
and z = 25 cm.

from 100 measurements. The first position is indicated in Figure 5.19, the second

position is shown in Figure 5.20, and the third position is depicted in Figure 5.21. The

mean and standard deviation values were determined via statistical evaluation of Figure

5.19, Figure 5.20, and Figure 5.21, respectively, and are listed in Table 5.2. Cumulative

density function is available for the position-error analysis. This function is used to

determine the lowest error, the highest error, and variance from 100 measurements, as

shown in Figure 5.22. In the proposed system, we employed an iterative method to
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Figure 5.21 Repeatability of the object position measurements x = 55 cm, y = 85 cm,
and z = 35 cm.

solve the object-position problem in three-dimensional space. The number of iterations

is very important for real-time applications. The convergence from the initial point to

the target took less than four iterations. Because Equation (5.14) to (5.16) is a high-

slope parabolic curve as shown in Figure 5.9, it requires a few cycles to determine the

tendency. The tolerance for stopping the iterations was 0.001. We used a rectangular

object in this experiment. The sound that was incident on the object propagated

from many points, which resulted in many different TOFs at the same receivers. It is
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Figure 5.22 Cumulative density function of position error at different positions

The object position average value standard deviation

(cm) (mm)

First position
x-position 67.208458 8.12859
y-position 65.510344 13.08260
z-position 54.799311 26.37833

Second position
x-position 83.021071 6.16193
y-position 66.923571 5.79461
z-position 22.153814 25.23126

Third position
x-position 53.378771 16.92404
y-position 82.923429 4.03455
z-position 34.781123 37.23870

Table 5.2 Statistical evaluation for the object-position measurements.
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dependent on the efficiency of the sound propagation of the sound source. In addition,

the z position had greater variance than the x and y positions. However, it shows that

this method has the ability to estimate the position in three-dimensional space.

5.5 Summary

An ultrasonic three-dimensional system for moving object position and velocity estima-

tion using a pair of LPM was proposed. The design method comprises, one-bit signal

processing, object-velocity-measurement and Newton Raphson method. We employed

three microphones to detect the reflected echo from the moving object. Time-of-flight

and the relative velocity were computed with low-cost time. Newton-Raphson played a

vital role as object-position estimator. Finally, the Doppler velocity and object position

from the earlier measurements were used to determine the object velocity on the basis

of vector velocity theory. To firstly confirm proposed idea, the moving-object position

and velocity were evaluated by MATLAB computer simulation. The simulation results

confirmed the validity of the proposed method. To satisfy the experimental results,

an object in three-dimensional space is based on TOF measurements form silicon mi-

crophones for hand held telecommunication devices. The object was considered to be

in Euclidean space. The three receivers were positioned on three different axes, which

were perpendicular to each other. The location of the sound source was set as the

origin. The TOF was computed using a one-bot cross correlation to allow for real-

time applications. The experiment results guarantee that the proposed method can

converge. The validity of the estimation is determined through 100 measurements and

statistical tests. The optimal microphone position from simulations was located at 10

cm on x-y-z axes.
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6

Ultrasonic position and velocity

measurement by a

Direction-of-Arrival method

(Second method)

6.1 Position measurement using an Direction-of-Arrival

method

In the previous chapter, a method for three-dimensional-positioning by means of an

iterative method of numerical methods has been described. This method can achieve the

object positions when an object is assumed as an aluminum flat plate hanged on three

dimensional spaces. The boundary of the proposed three dimensional spaces is assumed

that the object appears in 90o perpendicular axes of x-y-z co-ordinates. When deeming

this situation, the object cannot be detected in a few critical areas outside readability

of the assigned spaces, as shown in Figure 6.1. The improved detectability can cover

an area from +X axis to -X axis and from +Z down to -Z. This is a full-range vision

in front of mobile robots when their own position is walking on the floor. To satisfy

this condition, the microphone positions used for echo recorder should be rearranged

to fully cover such an detection area. Moreover, Newton-Raphson method, which is

performed to estimate the required position, is not convenient for real-time applications

because iterations, which are the unique basis of numerical methods, inevitably require

the computational repeatability. An improve method for three-dimensional-positioning



6.1 Position measurement using an Direction-of-Arrival method 110

X 

Y 

Z Z 
X 

Y Expand area 

No iteration 

First topology Second topology 

Improved system 

Critical area 

Figure 6.1 Improved readability of second topology

should be realized. Thus, Direction-of-Arrival method, which is well known in a field of

sound-sources localization, is fascinating to be technically applied for three-dimensional

ultrasonic position measurement.

6.1.1 Direction-of-Arrival method

Direction-of-Arrival (DOA) method (direction finding) essentially involves with the

measurement of direction finding of signal sources, either in the form radio or acoustic

waves, directly incident on a sensor array. DOA method corresponds to the require-

ments of tracking and finding signals from the original source in areas of civilian and

military applications, such as sonar, seismology, and wireless 911 emergency call loca-

tion [77]. An overview for DOA method in this chapter is described. In general, DOA

techniques can be broadly grouped into traditional beamforming techniques, maximum

likelihood techniques, and subspace-based techniques. To more study about DOA es-

timations, an excellent doctoral dissertation on array signal processing has been con-

tributed [78]. Now we consider a uniform linear array, which composes of N omnidi-

rectional elements, are aligned on a two-dimensional arrays. This array can estimate

the angles in both azimuth and elevation of a source, as shown in Figure 6.2. Similarly,
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we can improve a concept of sound direction into applications involving with echolo-

cations. In the next chapter, the microphone alignment and a method-based DOA for

echolocations is expressed.

6.1.2 Three-dimensional-positioning using a Direction-of-Arrival method

According to Figure 6.3, The proposed method can detect the object on ranging mea-

surements from -X to +X and from -Z to +Z. The object appears in front of the sound

source in +Y axis. This method provides more ranging measurements than the pre-

vious method four times. In Figure 6.3, Four microphones are located onto +X, -X,

+Z, and -Z, and their own position are (m, 0, 0), (−m, 0, 0), (0, 0,+n), and (0, 0,−n),

respectively. We assume that the object has a unknown position on (x, y, z). The ob-

ject position can be viewed between X-Y plane and Z-axis as Figure 6.4. d is a distance

from the sound source to object, θ is the angle of elevation on X-Y plane, and r is

a distance between microphone 3 and 4 equal to 2n. Firstly, we have to decide that

the object is on +Z or -Z axis by checking TOF3 and TOF4. If TOF3 is greater than

TOF4, that means the object on +Z axis. On the other hand, the object appears on -Z

axis. Then, if we assume that d has much more length than r, d >> r, we can deduce

the first triangle to be a secant in Figure 6.5. In this secant, it consists of two known

sides 2n and time-of-flight difference between microphone 3 and 4, multiplied to sound

velocity v0, which is (TOF4 − TOF3) · v0. There are two unknown parameters A and

γ in this situation. The relationship between A and γ relates to Equation (6.1) via the

first triangle as
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A = 2ncosγ. (6.1)

Because of cosine law, Equation (6.2) can link the TOF difference, A, γ , and 2n of the

first triangle following to

(TOF4 − TOF3)2v2
0 = 4n2 +A2 − 2(2n)Acosγ. (6.2)

Insert Equation (6.1) into Equation (6.2) and reform Equation.

(TOF4 − TOF3)2v2
0 = 4n2 + 4n2cos2γ − 8n2cos2γ. (6.3)

(TOF4 − TOF3)2v2
0 = 4n2(1− cos2γ) (6.4)

cos2γ = 1−
[

(TOF4 − TOF3)v0

2n

]2

(6.5)

γ = cos−1

√
1−

[
(TOF4 − TOF3)v0

2n

]2

(6.6)

If we look at the second triangle at the same condition d >> r, θ is approximately

equal to γ. Finally, we can know the angle of elevation of the object on X-Y plane from

Equation (6.7).
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θ u cos−1

√
1−

[
(TOF4 − TOF3)v0

2n

]2

(6.7)

Reform Equation (6.8);

d2 + 2nsinθd+
(
n2 − d2

4

)
= 0 (6.8)

We solve above equation for determining parameter d. In the next step, we tried to solve

the parameter d. Looking back to Figure 6.5 again, we can create an obtuse triangle at

Mic 4, speaker, and object points. Cosine law is used to make the relationship between

d, d4, and θ as Equation (6.8).

d2
4 = d2 + n2 − 2dncos(90o + θ). (6.9)

When d = TOF4v0 − d4, put back into Equation (6.9) again. We can get d4.

d4 =
(TOF4v0)2 + n2 + 2nTOF4v0sinθ

2TOF4v0 + 2nsinθ
(6.10)

We solve above equation for determining parameter d.

d = −nsinθ +
√
n2sin2θ −

(
n2 − d2

4

)
(6.11)

Otherwise, if TOF4 is less than TOF3, the object is on -Z axis shown as Figure 6.6.
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We still compute θ in Equation (6.7), but d is different to Equation (6.11). It can be

expressed in Equation (6.13).

d3 =
(TOF3v0)2 + n2 + 2nTOF3v0sinθ

2TOF3v0 + 2nsinθ
(6.12)

d = −nsinθ +
√
n2sin2θ −

(
n2 − d2

3

)
(6.13)

Now, we absolutely know a parameter z by d and θ in Equation (6.14).

z = dsinθ (6.14)

We consider the unknown parameters x and y in Figure 6.7. The distance between the

sound source, the object, and the microphone 1 is equal to d+ d1 = TOF1v. We revise

this relationship again with the parameters x, y, and z in Equation (6.15).

d+

√
(x−m)2 + y2 + z2 = TOF1v0 (6.15)

Reform it for keeping the parameter y on the left hand side.

y2 = −x2 − z2 + 2mx−m2 + (TOF1v0)2 − 2dTOF1v0 + d2 (6.16)
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Consider on the microphone 2, d+ d2 = TOF2v0. We get Equation (6.17).

y2 = −x2 − z2 − 2mx−m2 + (TOF2v0)2 − 2dTOF2v0 + d2 (6.17)

Subtract Equation (6.16) by Equation (6.17)

4mx+
(
TOF 2

1 − TOF 2
2

)
v2 + 2dv0(TOF2 − TOF1) = 0 (6.18)

Now, we have only an unknown parameter x alone.

x =
2dv0(TOF1 − TOF2) +

(
TOF 2

2 − TOF 2
1

)
v2

0

4m
(6.19)

Finally, it is not difficult task for unknown parameter y.

y =
√
d2 − x2 − z2 (6.20)

Sometimes, it might not be comfortable for designating the object position on Cartesian

coordinates because the object will be seen as a small point. In practical, the object for

testing is rigid body. It cannot be considered to be the small point. Thus, it is better

if the object position is provided by the meaning of Direction of Arrival on Spherical

coordinates. This system consists of the distance (d), the elevation angle (α) of +Z

axis, and the azimuth angle (φ) of +X axis. The parameters d is already known and we

can define α by 90o− θ. In Figure 6.2, the azimuth angle can be linked to x parameter

of Cartesian coordinate, x = dsinαcosφ. The azimuth angle is

φ = cos−1 2dv0(TOF1 − TOF2) +
(
TOF 2

2 − TOF 2
1

)
v2

0

4dmsinα
. (6.21)

We can summarize this method again step by step:

Step1. Estimate the angle of elevation θ.

θ u cos−1

√
1−

[
(TOF4 − TOF3)v0

2n

]2

or

θ u sin−1 (TOF4 − TOF3)v0

2n

Step2. Evaluate the object on +Z or -Z

if TOF4 > TOF3, the object onto +Z area.
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d4 =
(TOF4v0)2 + n2 + 2nTOF4v0sinθ

2TOF4v0 + 2nsinθ

d = −nsinθ +
√
n2sin2θ −

(
n2 − d2

4

)
z = dsinθ

if TOF3 > TOF4, the object onto -Z area.

d3 =
(TOF3v0)2 + n2 + 2nTOF3v0sinθ

2TOF3v0 + 2nsinθ

d = −nsinθ +
√
n2sin2θ −

(
n2 − d2

3

)
z = −dsinθ

Step3. Compute the parameter x and y for rectangular coordinates

x =
2dv0(TOF1 − TOF2) +

(
TOF 2

2 − TOF 2
1

)
v2

0

4m

y =
√
d2 − x2 − z2

Step4. For Spherical coordinates d, α, and φ.

if TOF4 > TOF3, the object onto +Z area.

α = 90o − θ

if TOF3 > TOF4, the object onto -Z area.

α = 90o + θ

φ = cos−1 2dv0(TOF1 − TOF2) +
(
TOF 2

2 − TOF 2
1

)
v2

0

4dmsinα
.

6.1.3 Simulation results for three-dimensional-positioning using a Direction-

of-Arrival method

Simulation results are performed to represent the proposed three-dimensional-positioning

method by a Direction-of-Arrival method. We will show that how it works by assuming

that an object position is d=80 cm, α=75o, and φ = 120o and the microphone positions
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Figure 6.8 Proposed three-dimensional positional position measurement based on a
Directional-of-Arrival.

are (10 cm, 0 cm, 0 cm), (-10 cm, 0 cm, 0 cm), (0 cm, 0 cm, 10 cm) and (0 cm, 0 cm,

-10 cm). The object position estimation under an ultrasonic three-dimensional system

determined by the proposed one-bit signal processing method was evaluated by MAT-

LAB computer simulation. The period of the single LPM signal was swept linearly

from 20 µs to 50 µs. The sampling frequency rate was 12.5 MHz. The LPM signal had

the length equal to 3.278 ms. The propagation velocity of an ultrasonic wave in air was

345.1 m/s at 22.4 Co. SNR was set at 0 dB compared with the echo signal. The con-

stant attenuation factor of the received signal was -2.107 dB/m degraded from that of

the original signal. The received signals and the normalized cross-correlation functions

obtained by one-bit signal processing are illustrated in Figure 6.8. The received signals

were changed into the single-bit delta-sigma modulated signal by the 7th-order delta-

sigma modulator. The one-bit signal of the received echo was correlated together with

the one-bit signal of the reference, which was the transmitted LPM signal converted

into the one-bit digital signal by a digital comparator. The cross-correlation function of
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Figure 6.9 The probability distributions of simulations at the position: distance = 80 cm,
elevation angle = 75 degree, and azimuth angle = 120 degree.

the one-bit received signal and the one-bit reference signal was obtained directly from

the recursive cross-correlation operation of one-bit signal processing and the smooth-

ing operation accomplished by the triangular weighted moving average filter. Signal

had 399 zero-cross points. Accordingly, the computational cost of the recursive cross-

correlation operation was the integration and 401 summations of one-bit samples. For

the smoothing operation, the length of the triangular weighted moving average filter,

which consists of a pair of 55-tap moving average filters, was 109 taps. The position
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Figure 6.10 Object-velocity vector configuration based on a Directional-of-Arrival.

error by the noise included in the received echoes was evaluated by MATLAB computer

simulation. In the simulation, the SNR (0 dB) of the reflected echo was converted by

including normal distribution of random noises, or white noise, to the received echoes.

In the case of each SNR, the position of the estimation was evaluated from 100 sim-

ulations. The probability distributions of the estimated position are determined from

100 estimation and illustrated in Figure 6.9. The simulation results was observed that

the distance is between 80.075 to 80.08 cm, the elevation angle is between 75.1 to 75.15

degree, and the azimuth angle is 119.95 to 120 degree.

6.2 Velocity measurement using vector projection

The moving-object velocity is estimated using data of the relative velocities at each

microphone, that is,vd1 on the first microphone, vd2 on the second microphone, vd3 on

the third microphone and vd4 on the fourth microphone, the instantaneous position
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of the moving object, computed in 5.1.2., and microphone positions. On the basis

of the simple fundamentals of the vector theory, vector projection can be considered

as the dot product between two vectors as shown as Figure 6.10. Hence, the results

of vector projection between the relative velocity estimation at each microphone, uuu is

the unknown object-velocity vector, and vdvdvd is the microphone vector. If the unknown

velocity vector of the moving object uuu =[ux, uy, uz]
T is projected onto the microphone

vectors, the result of the projection is the relative velocity measured by the microphones.

Thus, the velocity of the moving object can be estimated using the measurements from

the relative velocity of each microphone, the instantaneous object position of the moving

object, and the microphone positions. We use the relative-velocity measurements vdvdvd =

[vd1, vd2, vd3, vd4]T of microphone 1, 2, 3 and 4, respectively. The projection of the

unknown vector uuu on a microphone vector is

vdvdvd = uuuTQQQ (6.22)

where QQQ = [ p1p1p1

‖p1p1p1‖
p2p2p2

‖p2p2p2‖
p3p3p3

‖p3p3p3‖
p4p4p4

‖p4p4p4‖ ]
T . Assume that a point (x, y, z) is the instantaneous

position of the moving object when the wave is incident on the surface of the object.

The microphone vectors p1p1p1 = −[x−n, y, z]T ,p2p2p2 = −[x+n, y, z]T , p3p3p3 = −[x, y, z−m]T

, and p4p4p4 = −[x, y, z+m]T have a magnitude of the form ‖ppp‖ =
√
pppTppp. Now, our system

has four equations and only three unknown variables. In general, vdvdvd can be projected

onto the column space of a 4 by 3 matrix. Therefore, uuu can be estimated by means of

linear-least-squares approach [79].

uuu = (HHHTHHH)−1HHHTWWWvvv (6.23)

where

HHH = −


x− n y z

x+ n y z

x y z −m
x y z +m



WWW =
1

4


1 1 1 1

1 1 1 1

1 1 1 1

1 1 1 1


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Figure 6.11 Three-dimensional-positioning system based on a Directional-of-Arrival.

and

vvv =


vd1‖p1p1p1‖
vd2‖p2p2p2‖
vd3‖p3p3p3‖
vd4‖p4p4p4‖


HHH is an observation matrix, and WWW is a weighted averaging matrix.

6.3 Experimental results

6.3.1 Non-moving-object case

The experimental setup for the airborne ultrasonic three-dimensional positioning sys-

tem is shown in Figure 6.11. In the experiment, the frequency of the transmitted LPM

signal was swept from 50 kHz to 20 kHz. The length of the transmitted LPM signal

was 3.274 ms. The driving voltage of the function generator was 4 Vp-p. The LPM

signal was generated from the function generator and enlarged 10 times with an am-

plifier. The loudspeaker transmitted the LPM signal, and the spherical object, having

a diameter of 10 cm, was sensed by the four silicon MEMS microphones based on a

device for hand-held telecommunication instruments (Knowles SPM0204UD5). This

model has sufficient sensitivity to detect sound pressure omnidirectionally. Frequencies

are allowed to pass through it from 10 kHz to 100 kHz. A silicon microphone is em-
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bedded on a signal processing board containing a low-pass frequency circuit with 60

kHz frequency cutoff and a pre-amplifier with 20 decibels (dB). Sensitivity achieves a

minimum level of - 47 dB at a humidity not over 70 RH. The loudspeaker, which has

been accepted for use in a variety of studies, was a Pioneer company model PT-R4. It

was of the direct-radiator type as is often used in small address systems. A satisfactory

response over a comparatively wide frequency range was achieved. The distance from

the loudspeaker to the microphones on the X-axis was 10 cm and that on the Z-axis was

11 cm. The propagation velocity of an ultrasonic wave in the air was approximately

345 m/s at a temperature of 20− 25o C and humidity of 50 RH. The signals obtained

using the acoustical receivers were converted into one-bit signals by a 7th -order delta-

sigma modulator (Analog Devices AD7720). The sampling frequency of the delta-sigma

modulator was 12.5 MHz. The cross correlation and smoothing operation for 141 taps

of a weighted moving average filter was designed and programmed on a FPGA board

model cyclone V 5CGXFC5C6F27C7. The logic utilization of the FPGA board for the

cross correlation based on one-bit signal processing involved 2602 logic elements, the

total number of registers was 5777, and the total block memory was 175,948 bits. To

evaluate the ability of the sound beam radiation to cover a possible object position,

the target was located on the left- and right-hand sides of the top and bottom areas

away from the sound-beam radiation source.

The position of the object was estimated from 50 experiments. The probability dis-

tributions of the estimated position are presented. The repeatability of measurements

was defined using averages and standard deviations. The resolution of the system was

approximately 14 µm at a sampling rate of 12.5 MHz when the sound velocity was

assumed to be 345 m/s. The object position was considered in the case when the loud-

speaker position was not rotated. Rotating the loudspeaker position enables the shift

of the sound beam from the original position of the sound source to scan the object

outside the beam. In the first case, the object was positioned in four locations with the

three-dimensional space under a sound beam that the speaker can radiate. The loud-

speaker has an area of sound-beam radiation with approximately ± 20o above the Z-Y

plane and ± 45o to either side of the X-Y plane when a reference of a sound source was

in the original point shown in Figure 4.16. Therefore, the object position was estimated

within the area of the sound beam. The object-position measurements are shown by

the different color bars for 50 repeated measurements. The probability distributions

are illustrated in Figure 6.12. Average and standard deviations of the object positions

are given in Table 6.1. We note that the standard deviation of the object position at

distance = 77 cm, elevation angle = 85o, and azimuth angle = 104o had
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Figure 6.12 Probability of the position measurement in the case of no rotating speaker
position: distance measurement, elevation-angle measurement, and azimuth-angle mea-
surement.
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Object position average value standard deviation

First position (black)
Distance d (cm) 73.8241 0.1334

Elevation angle α (deg) 88.2003 0.7122
Azimuth angle φ (deg) 69.3104 0.6833

Second position (red)
Distance d (cm) 51.0007 0.1227

Elevation angle α (deg) 100.8642 1.0295
Azimuth angle φ (deg) 112.4113 1.1168

Third position (pink)
Distance d (cm) 76.5783 0.0738

Elevation angle α (deg) 85.4192 0.7095
Azimuth angle φ (deg) 104.4730 0.6688

Fourth position (green)
Distance d (cm) 61.8941 0.1429

Elevation angle α (deg) 97.3282 0.9057
Azimuth angle φ (deg) 92.3034 0.7886

Table 6.1 Averages and standard deviations of positions determined in the case of no
rotating speaker position

minimum variance compared with the other measurements. The reason is that this

position was set up at a location near the central line of the +Y-axis of sound radiation

in Figure 4.16(b). The sound pressure was moved toward the object and then returned

to the microphones at an intense and constant sound level. The repeatability of the

point of contact on the object was high. On the other hand, when the object position

was at distance = 74 cm, elevation angle = 87o, and azimuth angle = 69o, the greatest

dispersion of standard deviations was observed. This was a location comparatively far

away from the main sound beam. Accordingly, the repeatability of contact at the same

point was less likely.

In order to scan the area of detection, the sound beam was shifted up + 10o and

down 10o in the Z-axis by manually lifting the loudspeaker, as shown in Figure 6.13.

Then, the position determined was located outside the area of the first case. The proba-

bility distributions of the loudspeaker positions are shown in Figure 6.14. Averages and

standard deviations of the locations are listed in Table 6.2. With the object positioned

at distance = 88 cm, elevation angle = 72o, and azimuth angle = 90o, this position

is on the +Y-axis and results in the minimum standard deviation because the main
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Figure 6.13 Sound beam scanning by rotating speaker position.

sound beam from the loudspeaker was directly incident on the same point on the object

surface over repeated measurements. In other cases in which the positions had more

oblique contact with the main beam, the sound pressure moving toward the object was

not constant for each pulse of sound. Repeatability of these conditions thus had a larger

variance over many measurements. In addition, the object in the experiments was a

rigid body, but in the proposed method, we assumed that the object was a small point.

A measurement point can be estimated from many points on a surface because we do

not know the exact reference point on the rigid body on which the sound was incident.

For this reason, some deviation between the reference point and the measurement point

was observed. Therefore, fluctuations in measurements depend on the direction of the

sound propagation from the sound source to the target and the shape of the object.

6.3.2 Moving-object case

The experimental setup for the three-dimensional position and velocity measurements

is pictured in Figure 6.15. In this experiment, the frequency of the transmitted LPM

signal swept from 50 kHz to 20 kHz. The length of the transmitted LPM signal was

3.274 ms. A pair of LPM signals was generated from a function generator at 4 Vp−p

and enlarged by a factor of 10 with an amplifier. A loudspeaker radiated the LPM

signal to a tested spherical object with a 10 cm diameter. The echoed signals were

sensed by the four silicon MEMS of SPM0204UD5 acoustical receivers. This model
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Object position average value standard deviation

First position (pink)
Distance d (cm) 88.2245 0.1433

Elevation angle α (deg) 72.4113 0.7122
Azimuth angle φ (deg) 91.9296 0.3839

Second position (green)
Distance d (cm) 106.7000 0.2534

Elevation angle α (deg) 75.8840 1.3724
Azimuth angle φ (deg) 72.7489 0.8176

Third position (yellow)
Distance d (cm) 71.5283 0.2534

Elevation angle α (deg) 114.9014 1.0215
Azimuth angle φ (deg) 128.2738 0.4027

Fourth position (black)
Distance d (cm) 77.0861 0.1413

Elevation angle α (deg) 79.9812 1.3728
Azimuth angle φ (deg) 124.3327 0.3844

Fifth position (red)
Distance d (cm) 55.2843 0.0784

Elevation angle α (deg) 108.1178 0.8263
Azimuth angle φ (deg) 54.8733 1.4468

Table 6.2 Averages and standard deviations of positions determined in the case of rotating
speaker position

has the ability to sense sound pressure or particle velocity in all directions (i.e., it is

omnidirectional). The allowed frequencies range from 10 kHz to 100 kHz. As such,

the sensor is embedded into a signal processing board with a low-pass frequency circuit

with a 60 kHz frequency cutoff and a preamplifier of 20 dB. The minimum sensitivity

level of the sensor is -47 dB when the humidity does not exceed 70 R.H. The distance

from the Pioneer PT-R4 loudspeaker to the microphones on the X-axis was 10 cm.

On the other hand, the distance to the microphones on the Z-axis was 11 cm. The

propagation velocity of the ultrasonic wave in the air was approximately 345 m/s at

the temperatures from 20−25o C and a humidity of 50 R.H. The signals obtained using

the acoustical receivers were converted into one-bit signals by an AD7720 delta-sigma

modulator. The sampling frequency of the delta-sigma modulator was 12.5 MHz. The

length of the weighted moving average filter for smoothing the cross-correlation
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Figure 6.14 Probability of the position measurement in the case of rotating speaker
position: distance measurement, elevation-angle measurement, and azimuth-angle mea-
surement.
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Figure 6.15 Experimental setup for three-dimensional ultrasonic position and velocity
measurements.

function was 141 taps. The cross-correlation function for one-bit signal processing was

programmed into a Cyclone V 5CGXFC5C6F27C7 FPGA board. The logic utilization

specifications for the one-bit cross-correlation function programmed into the FPGA

board were 2602 logic elements, 5777 total registers, 175,948 bits of total block memory

and 10 total pins. The moving object was driven using a SIGMA KOKI SGMA46-300

motorized stage, which can drive a moving object in only the +Y and -Y direction with

maximum and minimum velocities of ± 0.4 m/s; the velocities could be adjusted in ±
0.1 m/s steps. The resolution of the proposed system was approximately 14 µm at a

sampling rate of 12.5 MHz with the sound velocity assumed to be 345 m/s.

The distance to the object was repeated continuously in 50 experiments. The cumu-

lative density function of the estimated position at the various velocities are illustrated

in Figure 6.16 - 6.18. The first position was located using a soundbeam radiation of

the speaker at a fixed position. The range of sound radiation was ± 10o in the vertical

direction and ± 45o in the horizontal direction. The first position was at distance (d) =

96 cm, elevation angle (α) = 85o and azimuth angle (φ) = 78o. The cumulative density

function for the first position is shown in Figure 6.16. Averages for the distance, the

elevation angle, and the azimuth angle in the first position were 95.7 cm, 4.2o and 77.3o,

respectively. The maximum standard deviations for the distance, the elevation angle,

and the azimuth angle in the first position were 0.037 cm, 0.412o and 0.392o,
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Figure 6.16 The cumulative density function of the first position measurement : distance
error, elevation-angle error, and azimuth-angle error.

respectively. For the second position, the tested object was still in the same X-Y

quadrant as the first position, but the object was shifted to a positive direction in +Z

direction. The object was now outside the range of the main sound beam radiation of
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Figure 6.17 The cumulative density function of the second position measurement : dis-
tance error, elevation-angle error, and azimuth-angle error.

the speaker. The sound beam in this case had a weaker intensity than the previous case.

For the second position, distance d = 78 cm, elevation angle (α) = 72o and azimuth

angle (φ) = 70o. The cumulative density function for the second position is shown in
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Figure 6.18 The cumulative density function of the third position measurement : distance
error, elevation-angle error, and azimuth-angle error.

Figure 6.17. Averages of the distance, the elevation angle, and the azimuth angle for the

second position were 76.6 cm, 69.5o and 72.1o, respectively. The maximum standard

deviations of the distance, the elevation angle, and the azimuth angle for the second
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Figure 6.19 The cumulative density function of the fourth position measurement : dis-
tance error, elevation-angle error, and azimuth-angle error.

position were 0.0472 cm, 0.515o, and 0.507o, respectively. The object position in the

third case was assumed to move to the right-hand side of the speaker in the -Z direction.

This position also belonged outside of the main sound beam. The third position was
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distance (d) = 65 cm, elevation angle (α) = 122o and azimuth angle (φ) = 130o. The

cumulative density function for the third position is depicted in Figure 6.18. The aver-

ages of the distance, the elevation angle, and the azimuth angle for the third position

were 67.3 cm, −119.7o and 130.4o, respectively. The maximum standard deviations of

the distance, the elevation angle, and the azimuth angle for the third position were

0.043 cm, 0.765o and 0.439o, respectively. Finally, the fourth position was distance (d)

= 91 cm, elevation angle (α) = 80o and azimuth angle (φ)= 124o. The cumulative

density function for the fourth position is depicted in Figure 6.19. Averages of the

distance, the elevation angle, and the azimuth angle for the fourth position were 93.4

cm, 78.6o, and 121.9o, respectively. The maximum standard deviations of the distance,

the elevation angle, and the azimuth angle for the fourth position were 0.033 cm, 0.377o

and 0.547o, respectively.

The object in the experiments was a rigid body, but for the proposed method, we

assumed that the object was a point. A measurement point can be estimated from

many points on the surface because we do not know the exact reference point on the

rigid body that the sound was incident. The exact reference point was unpredictable

on the rigid body. For this reason, there were deviations between the reference point

and the measurement point. Therefore, fluctuations of measurements are dependent

on the direction of the sound propagation from the sound source to the target and the

body shape of the object. From the experimental results for the four object positions,

we noticed that the distance (d) had the relatively smallest variance when compared

with the elevation angle (α) and the azimuth angle (φ). The reason is that the compu-

tations from TOFs for the α and φ parameters are more sensitive than those for the d

parameter. For the case when the tested object was outside the main sound beam, we

could expand the range of measurements by altering the position of the speaker. The

sound beam was shifted up +10o and down −10o from the Z-axis by manually lifting

the loudspeaker position, as shown in Figure 6.13. The variance of these conditions

was not different from the case when the object was inside the main sound beam. In

addition, when we increased the velocity of the moving object, a greater variance of

position measurements was produced. This is likely due to vibrations in the moving ob-

ject because the motorized stage for driving the object was controlled by an automatic

system for repeated evaluations.

For the velocity measurements, the velocity of the moving object measured by four

microphones was estimated using three-dimensional velocity vector measurements. The

velocity estimation was composed of X, Y, and Z components, which are represented by

ux, uy, and uz. In our experiment, the moving object could be controlled by a motor-
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Figure 6.20 The cumulative density function of the velocity measurement at distance (d)
= 96 cm, elevation angle (α) = 85o and azimuth angle (φ) = 78o : ux velocity error, uy
velocity error, and uz velocity error.

-ized stage, which could move only along the Y-axis. Therefore, a reference velocity

was setup only for the uy component, and ux and uz were assumed to be zero. The

velocity measurement results for the first position are shown as Figure 6.20. The uy
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Figure 6.21 The cumulative density function of the velocity measurement at distance (d)
= 78 cm, elevation angle (α) = 72o and azimuth angle (φ) = 70o : ux velocity error, uy
velocity error, and uz velocity error.

velocity component for the first case agreed with the reference. The ux and uz velocity

components for the first case were between -0.1 to 0.1 m/s and -0.04 to 0.04 m/s,

respectively. The velocity measurement results for the second case are shown as Figure
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Figure 6.22 The cumulative density function of the velocity measurement at distance (d)
= 65 cm, elevation angle (α) = 122o and azimuth angle (φ) = 130o : ux velocity error, uy
velocity error, and uz velocity error.

6.21. The uy velocity component for the second case was higher than the reference by

about ± 0.05 m/s for the higher velocity ± 0.4 m/s. The velocity measurement results

for the third case are shown as Figure 6.22. The uy velocity component for the third



6.4 Optimal microphone position of the Direction-of-Arrival method 138

case was smaller than the reference by about ± 0.02 m/s for the higher velocity.

6.4 Optimal microphone position of the Direction-of-Arrival

method

Consider in Figure 6.5, accuracy of the object position is assumed that the distance

(d) is much more than a duration (2n) of the distance between the microphone 3 and

4 located on Z-axis. The elevation angle is determined directly from TOFs of those

microphones, and then the distance (d) is computed. In the first case, we will study

the duration of varying the microphone position 3 and 4 affecting to accuracy of the

object position. The distance between the microphone 3 and 4 was varied from 0.5

to 50 cm, and we fixed the microphone position 1 and 2 located X-axis equal to 10

cm. Simulation results under SNR of 0 dB in Figure 6.23 show that the more distance

between the microphone 3 and 4, the more position error. In the next study, the

microphone position 3 and 4 is fixed, and the microphone 1 and 2 was varied from 0.5

to 50 cm. In Figure 6.24, it is observed that the more distance between the microphone

1 and 2 is less proportional to the accuracy of the object position. However, in the case

of the azimuth-angle error at distance between the microphone 1 and 2 smaller than

10 cm is the most variance, and has the largest error. Finally, we concurrently change

every position of microphones in their own position, for example, the microphone 1

in +X direction, the microphone 2 in -X direction, the microphone 3 in +Z, and the

microphone in -Z. Simulation results in Figure 6.25 are observed that the optimal

microphone positions providing the minimum error are approximately located on 7 cm

in each axis when the object position was assumed at distance (d) = 80 cm, elevation

angle (α) = 75o and azimuth angle (φ) = 120o. Next, If the object was shifted closer

to the speaker position at distance (d) = 80 cm, elevation angle (α) = 75o and azimuth

angle (φ) = 120o, simulation results show the optimal microphone position at 5 cm, as

shown in Figure 6.26.

6.5 Summary

A three-dimensional position and velocity measurement based on an oversampling sig-

nal processing method using an LPM ultrasonic signal was demonstrated. The velocity

measurements were computed based on the three-dimensional velocity vector measure-

ments. The object position was estimated using spherical coordinates (i.e., the distance

from the sound source to the target, the angle of elevation, and the azimuth angle).
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Figure 6.23 The object position error when varying distance between the microphone 3
and 4 and fixing the microphone 1 and 2 at 10 cm: distance (d) = 80 cm, elevation angle
(α) = 75o and azimuth angle (φ) = 120o.

Positions determined in the proposed system were evaluated by experiments using ul-

trasonic position measurements. The object position can be sensed by the sound beam

propagated by a loudspeaker. Rotating the loudspeaker can expand the range of mea-

surements to a wider area. Accuracy of the proposed method for position measurements

was expressed as the probability distributions for 50 trials. Averages and standard de-

viations were used to determine the reliability of the measurements. The resolution of
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Figure 6.24 The object position error when varying distance between the microphone 1
and 2 and fixing the microphone 3 and 4 at 5, 10, 20 cm: distance (d) = 80 cm, elevation
angle (α) = 75o and azimuth angle (φ) = 120o.

the proposed system was approximately 14 µm for a sound velocity of 345 m/s and

a sampling rate of 12.5 MHz. The deviation of the actual results is for a point, but

the target was a spherical ball. We do not know exactly where the reference point was

located on the target object. Therefore, the reference of the object position was fixed

to the center on the surface of the ball. The sound wave from the loudspeaker might
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Figure 6.25 The optimal microphone position providing the minimum error at distance
(d) = 80 cm, elevation angle (α) = 75o and azimuth angle (φ) = 120o.

not have been incident to the reference point that we had assumed. It is thus difficult

to compare the experimental results with the true value. The velocity estimation was

made up of components in the X, Y, and Z directions. The proposed method can

estimate the moving object in only the Y direction. The velocity measurements of the

X and Z components were completely zero.
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Figure 6.26 The optimal microphone position providing the minimum error at distance
(d) = 50 cm, elevation angle (α) = 120o and azimuth angle (φ) = 60o.
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7

Ultrasonic position and velocity

measurement by a

linearization-based method

(Third method)

7.1 Position measurement using a linearization-based method

In the previous method relied on an Direction-of-Arrival method, the four microphone

positions have to be located X and Z axes for the object location achievement. Some-

times, this arrangement is not flexible when the microphone positions are required to

be positioned in somewhere over X and Z axes. In addition, carefully scrutinizing in

three dimensional spaces, although the original mathematics is written in three non-

linear equations, the number of unknown variables equals three. We can redesign the

microphone position to satisfy three unknowns by using three microphones, and convert

equations from linearity into non-linearity. In this chapter, we propose a method based

on only linear equations for position and velocity measurement.

7.1.1 Introduction to linear algebra

This chapter begins with the warmth up of linear algebra: solving linear equations.

The most significant case, and the simplest, is when the number of unknowns equals
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the number of equations. We have n equations in n unknowns, for example:

1x+ 2y = 3

2x+ 2y = 4
(7.1)

The unknowns are x and y. Elimination method and determinants method are de-

scribed to solve these equations. Certainly, x and y are determined from only the

numbers 1,2,3 and 4 to solve the system.

1) Elimination method is subtraction the first equation from the second equation.

This eliminate x from the second equation, and it leaves one equation for y:

(equation 2)-2(equation 1)

−2y = −2.
(7.2)

Now, we know y=1. Then x comes form the first or the second equation by back-

substitution x=1.

2) Determinants method is a ratio of determinants and written down for solution

directly:

y =

[
1 3

2 4

]
[

1 2

2 2

] =
1 · 4− 2 · 3
1 · 2− 2 · 2

=
−2

−2
= 1. (7.3)

x =

[
3 2

4 2

]
[

1 2

2 2

] =
3 · 2− 4 · 2
1 · 2− 2 · 2

=
−2

−2
= 1. (7.4)

Linear equations lead to geometry of planes. Practically, it is not simple to visualize in

many dimensional planes in several dimensional spaces, for example, ten equations. It

is more difficult to see ten of those planes, intersecting at the solution to ten equations.

The simple example has two lines in Figure 7.1, meeting at the point (x, y) = (−1, 2).

This is used for representing linear algebra into ten dimensions, where the intuition has

to imagine the geometry. Next, we move to matrix notation, writing the n unknowns

as a vector x and the n equations as Ax = b. A is multiplied by elimination matrices
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Figure 7.1 The example has one solution. Singular cases have none or too many.

to achieve an upper triangular matrix U . Those procedures factor A into L times U ,

where L is lower triangular. A and its factors are explained:

FactorizationA =

[
1 2

4 5

]
=

[
1 0

4 1

][
1 2

0 −3

]
= LtimesU. (7.5)

First we introduce matrices and vectors and the rules for multiplication. Every matrix

obtains a transpose AT , and also has an inverse A−1. In most cases elimination moves

forward without difficulties. The matrix has an inverse and the system Ax = b provides

one solution. In exceptional cases the method will break down-either the equations were

written in the wrong order, which is easily fixed by converting them, or the equations

do not have a unique solution.This singular case has no solution. Other singular cases

have infinitely many solutions. In this chapter, we will use this definition to find every

possible solution for position measurement in three dimensional space.

7.1.2 Three-dimensional-positioning using a linearization-based method

In Figure 7.2, the designed system can detect the object on ranging measurements from

-X to +X axis and from -Z to +Z axis. The object appears in front of the loudspeaker
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Figure 7.2 Design of microphone position for linear system support.

in +Y axis. We assume that the position of three microphones can freely be placed on

X-Z plane. Their position are (x1, 0, z1), (x2, 0, z2), and (x3, 0, z3), and the object has an

unknown position as a small point on (x, y, z). d is a distance between an original point

and the object. A simple equation of the microphone position, the object position, and

the TOF is

d+
√

(x− xi)2 + y2 + (z − zi)2 = TOFi · v0, (7.6)

where i is 1,2, and 3. Because Equation (7.6) is a nonlinear form, it has to be rewritten

as a linear form as(√
(x− xi)2 + y2 + (z − zi)2

)2

=

(
TOFi · v0 − d

)2

, (7.7)

x2 − 2x · xi + x2
i + y2 + z2 − 2z · zi + z2

i =

(
TOFi · v0

)2

− 2TOFi · v0 · d+ d2 (7.8)
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−2xi · x− 2zi · z + 2TOFi · v0 · d =

(
TOFi · v0

)2

− x2
i − z2

i (7.9)

Now, we already have three unknown parameters x, y, and d. x and y are the object

position and d is a distance from an original point to a target. We can write this

equation into a matrix.

2 ·A · b = c, (7.10)

where

A =

 −x1 −z1 TOF1 · v0

−x2 −z2 TOF2 · v0

−x3 −z3 TOF3 · v0

 , b =

 x

z

d

 ,
and

c =

 TOF 2
1 · v2

0 − x2
1 − z2

1

TOF 2
2 · v2

0 − x2
2 − z2

2

TOF 2
3 · v2

0 − x2
3 − z2

3

 .
b is unknown parameters. A matrix A consists of any locations of the microphone

position and the TOFs. In practical, the matrix A might be a deficient matrix from

these values if the determinant is zero. Thus, this system should be designed to avoid

the singular-matrix problem due to det.(A) = 0. For det.A,

det.A = (x2 · z3 − x3 · z2) · TOF1 · v0 + (x3 · z1 − x1 · z3) · TOF2

·v0 + (x1 · z2 − x2 · z1) · TOF3 · v0 6= 0. (7.11)

Look at Equation (7.11), TOF1, TOF2 and TOF3 are definitely positive in every situa-

tion. We can only consider in some terms of Equation (7.11) that are (x2 · z3− x3 · z2),

(x3 · z1 − x1 · z3), and (x1 · z2 − x2 · z1). These terms are designed freely from the

microphone location. To guarantee that the design of the microphone position does

not make the matrix A singular, the microphone locations have to satisfy Equation

(7.11) when (x2 · z3 − x3 · z2) > 0, (x3 · z1 − x1 · z3) > 0, and (x1 · z2 − x2 · z1) > 0 This

condition can make det.A only positive and impossible for zero value.

In the next step, the unknown parameters in Equation (7.10) will be solved by the

row echelon form of A and c. Assume that a1 = x2
x1

multiplies to the first row of the

matrices A and c and then subtracted from the second row of A and c, we have new
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forms A′ and c′ as

A′ =

 −x1 −z1 TOF1 · v0

0 −z2 + a1 · z1 TOF2 · v0 − a1 · TOF1 · v0

−x3 −z3 TOF3 · v0

 (7.12)

and

c′ =

 c(1, 1)

c(2, 1)− a1 · c(1, 1)

c(3, 1)

 .
where c(1, 1) = TOF 2

1 · v2
0 − x2

1 − z2
1 , c(2, 1) = TOF 2

2 · v2
0 − x2

2 − z2
2 , and c(3, 1) =

TOF 2
3 · v2

0 − x2
3 − z2

3 Next, a2 = x3
x1

times the first row of the matrix A′ and c′ and

subtracted from the third row. We can get

A′′ =

 −x1 −z1 TOF1 · v
0 −z2 + a1 · z1 TOF2 · v0 − a1 · TOF1 · v0

0 −z3 + a2 · z1 TOF3 · v0 − a2 · TOF1 · v0

 . (7.13)

and

c′′ =

 c(1, 1)

c(2, 1)− a1 · c(1, 1)

c(3, 1)− a2 · c(1, 1)

 .
from the third row. Therefore, A′′′ and c′′′ are

A′′′ =


−x1 −z1 TOF1 · v

0 −z2 + a1 · z1

(
TOF2 − a1 · TOF1

)
·v0

0 0

(
TOF3 − a2 · TOF1

)
·v0−

(
TOF2 − a1 · TOF1

)
·v0 · a3


(7.14)

and

c′′′ =

 c(1, 1)

c(2, 1)− a1 · c(1, 1)

c(3, 1) + (a1 · a3 − a2) · c(1, 1)− a3 · c(2, 1)

 .
We call A′′′ the upper-traingular matrix of A. The determinant of A′′′ is same as
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A. In addition, when we look at A′′′, the first pivot,−x1, must not be zero. The first

microphone position has to satisfy this condition. As for other terms in diagonal line

of A′′′, they are not zero if the microphone position is designed according to Equation

(7.11). Then, we can find out the unknown parameter, b, using Equation (7.15)

2 ·A′′′ · b = c′′′. (7.15)

2·


−x1 −z1 TOF1 · v0

0 −z2 + a1 · z1

(
TOF2 − a1 · TOF1

)
·v0

0 0

(
TOF3 − a2 · TOF1

)
·v0−

(
TOF2 − a1 · TOF1

)
·v0 · a3

·
 x

z

d



=

 c(1, 1)

c(2, 1)− a1 · c(1, 1)

c(3, 1) + (a1 · a3 − a2) · c(1, 1)− a3 · c(2, 1)

 .
Therefore, the object position is

d =
0.5 · c′′′(3, 1)(

(a1 · a3 − a2) · TOF1 − a3 · TOF2 + TOF3

)
· v0

(7.16)

z =
0.5 · c′′′(2, 1)− (TOF2 − a1 · TOF1) · v0 · d

a1 · z1 − z2
(7.17)

x =
TOF1 · v0 · d− 0.5 · c′′′(1, 1)− z1 · z

x1
(7.18)

y =
√
d2 − z2 − x2 (7.19)

7.1.3 Simulation results for three-dimensional-positioning using a Direction-

of-Arrival method

Simulation results are performed to represent the proposed three-dimensional-positioning

method by a linearization-based method. We will show that how it works by assuming

that an object position is x=80 cm, y=75 cm, z=60 cm and the microphone positions

are (10 cm, 0 cm, -10 cm), (0 cm, 0 cm, 10 cm), and (-10 cm, 0 cm, -10 cm). The



7.1 Position measurement using a linearization-based method 150

79.8 79.85 79.9 79.95 80 80.05 80.1 80.15 80.2
0

10

20

30

40

50

60

70

80

90

100

x - position [cm]

P
ro

ba
bi

li
ty

 f
un

ct
io

n

Reference position = 80 cm

73 73.5 74 74.5 75 75.5 76
0

10

20

30

40

50

60

70

80

90

100

y - position [cm]

P
ro

ba
bi

li
ty

 f
un

ct
io

n

Reference position = 75 cm

59.7 59.8 59.9 60 60.1 60.2 60.3
0

10

20

30

40

50

60

70

80

90

100

z - position [cm]

P
ro

ba
bi

li
ty

 f
un

ct
io

n

Reference position = 60 cm

Figure 7.3 The probability distributions of simulations at the position: x = 80 cm, y =
75 cm, and z = 60 cm.

object position estimation under an ultrasonic three-dimensional system determined by

the proposed one-bit signal processing method was evaluated by MATLAB computer

simulation. The period of the single LPM signal was swept linearly from 20 µs to 50 µs.

The sampling frequency rate was 12.5 MHz. The LPM signal had the length equal to

3.278 ms. The propagation velocity of an ultrasonic wave in air was 345.1 m/s at 22.4

Co. SNR was set at 0 dB compared with the echo signal. The constant attenuation

factor of the received signal was -2.107 dB/m degraded from that of the original signal.
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The received signals and the normalized cross-correlation functions are obtained by

one-bit signal processing. The received signals were changed into the single-bit delta-

sigma modulated signal by the 7th-order delta-sigma modulator. The one-bit signal of

the received echo was correlated together with the one-bit signal of the reference, which

was the transmitted LPM signal converted into the one-bit digital signal by a digital

comparator. The cross-correlation function of the one-bit received signal and the one-

bit reference signal was obtained directly from the recursive cross-correlation operation

of one-bit signal processing and the smoothing operation accomplished by the trian-

gular weighted moving average filter. Signal had 399 zero-cross points. Accordingly,

the computational cost of the recursive cross-correlation operation was the integration

and 401 summations of one-bit samples. For the smoothing operation, the length of

the triangular weighted moving average filter, which consists of a pair of 55-tap moving

average filters, was 109 taps. The position error by the noise included in the received

echoes was evaluated by MATLAB computer simulation. In the simulation, the SNR

(0 dB) of the reflected echo was converted by including normal distribution of random

noises, or white noise, to the received echoes. In the case of each SNR, the position

of the estimation was evaluated from 100 simulations. The probability distributions of

the estimated position are determined from 100 estimation and illustrated in Figure

7.3. The simulation results was observed that the x-position is approximately 80.5 cm,

the y-position is between 74.8 to 74.9 cm, and the z-position is 60 to 60.05 cm.

7.1.4 Comparison with the Cramer-Rao Lower Bound

In general, any unknown parameter estimators should be unbiased on the average, and

the variance is smaller than that of the other estimators. The Cramer-Rao Lower Bound

(CRLB) is the lowest possible variance that an unbiased estimator can obtain. First,

we have to consider a model of the proposed method. A object in a three-dimension

scenario used to determine the position is p = [x, y, z]T , and the microphone position

si = [xi, 0, yi]
T i = 1, 2, and 3 is assumed known, as shown Figure 7.2. As proposed in

Equation (7.6), we have three unknown parameter b = [x, z, d]T to be estimated and

can consider a linear model of Equation (7.6) as

ri = |p− si|+ d =
√

(p− si)T (p− si) + d, (7.20)

where ri is the distance between the speaker, object, and the microphone i. We will
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assume that the TOF measurements can be expressed by the additive noise model as

r = ri + ∆ri (7.21)

where r = [r1, r2, r3]T , and is noise from TOFi. It is zero mean and has covariance

matrix Q.

Q =

 σ2
1 0 0

0 σ2
2 0

0 0 σ2
3

 (7.22)

In the presence of TOF noise, noisy values result in the equation error vector from

Equation (7.6).

ε = c−Ab (7.23)

The least square (LS) solution of b that minimize ε is

b = (ATA)−1AT c (7.24)

The Probability Density Function (PDF) is viewed as a function of the unknown pa-

rameters as

pi(ri; b) =

N−1∏
n=0

1√
2πσ2

exp
(
− 1

2σ2

[
ri[n]−

√
(p− si)T (p− si)− d

]2)
(7.25)

Next, in the presence of noise, the variances cannot be less than those expressed by the

CRLB. CRLB is equal to the inverse of the Fisher matrix defined as

J = −E
[(∂lnp(r; b)

∂b

)T(∂lnp(r; b)

∂b

)]
(7.26)

After taking natural logarithm and then differentiating this function, the CRLB for the

underlying problem can be reduced to [80]

CRLB(b) = J−1

=
[(∂r(b)

∂b

)T
Q−1

(∂r(b)

∂b

)]−1 (7.27)

The terms along the diagonal of inverse Fisher information matrix result in the CRLB
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bounds on the variances:

var(x̂) ≥ σ2

det(J)N
[9 + 6A1 − 4A2

2] (7.28)

var(ẑ) ≥ σ2

det(J)N
[9 + 6B1 − 4B2

2 ] (7.29)

var(d̂) ≥ σ2

det(J)N
[4A1B1 − 6(B1 +A1 + 2C1)− C2

1 ] (7.30)

where N is all trials and

A1 =
(z − z1)2√

(p− s1)T (p− s1)
+

(z − z2)2√
(p− s2)T (p− s2)

+
(z − z3)2√

(p− s3)T (p− s3)

A2 =
(z − z1)√

(p− s1)T (p− s1)
+

(z − z2)√
(p− s2)T (p− s2)

+
(z − z3)√

(p− s3)T (p− s3)

B1 =
(x− x1)2√

(p− s1)T (p− s1)
+

(x− x2)2√
(p− s2)T (p− s2)

+
(z − z3)2√

(p− s3)T (p− s3)

B2 =
(x− x1)√

(p− s1)T (p− s1)
+

(x− x2)√
(p− s2)T (p− s2)

+
(x− x3)√

(p− s3)T (p− s3)

C1 =
(z − z1)(x− x1)√
(p− s1)T (p− s1)

+
(z − z2)(x− x2)√
(p− s2)T (p− s2)

+
(z − z3)(x− x3)√
(p− s3)T (p− s3)

To perform estimation, we used a Monte-Carlo simulation to achieve the means and

the variances against the CRLB. A position x= 50 cm, y = 50 cm, z = 50 cm and d =

86.6025 cm was simulated. A zero mean WGN process with the variance is included to

the LPM signal. The means and variance are tabulated in Table 7.1 with SNR of 10,

0 and -10 dB. The Cramer Rao bounds, computed using Equations (7.28) to (7.30)

are obtained under the variance for comparison. The result can be observed that the

means closely achieve the assumed position, and the variance can reach the CRLB for

SNR as low as 0 dB, as shown in Table 7.1.
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x-position (cm) y-position (cm) z-position (cm)

50 cm 50 cm 86.6025

10-dB SNR
Mean 50.0311 50.0456 86.6712

Variance 0.73231x10−3 0.92723x10−3 0.13606x10−3

CRLB 0.72180x10−3 1.20002x10−3 0.14998x10−3

0-dB SNR
Mean 50.0392 50.0445 86.6711

Variance 0.898697x10−3 2.0567x10−3 0.21002x10−3

CRLB 0.76897x10−3 1.50044x10−3 0.179619x10−3

-10-dB SNR
Mean 51.8095 49.4945 86.5692

Variance 0.05256 0.16008 0.02557
CRLB 0.02919 0.07425 0.55801x10−3

Table 7.1 Comparison of the CRLB and the variances for SNRs 100 trials - MONTE
CARLO simulation

7.2 Velocity measurement using vector projection

The moving-object velocity is estimated using data of the relative velocities at each

microphone, that is,vd1 on the first microphone, vd2 on the second microphone, and vd3

on the third microphone, the instantaneous position of the moving object, computed in

5.1.2., and microphone positions. On the basis of the simple fundamentals of the vector

theory, vector projection can be considered as the dot product between two vectors as

shown as Figure 7.2. Hence, the results of vector projection between the relative velocity

estimation at each microphone, uuu is the unknown object-velocity vector, and vdvdvd is the

microphone vector. If the unknown velocity vector of the moving object uuu =[ux, uy, uz]
T

is projected onto the microphone vectors, the result of the projection is the relative

velocity measured by the microphones. Thus, the velocity of the moving object can

be estimated using the measurements from the relative velocity of each microphone,

the instantaneous object position of the moving object, and the microphone positions.

We use the relative-velocity measurements vdvdvd = [vd1, vd2, vd3]T of microphone 1, 2, and

3 respectively. Based on the fundamentals of three-dimensional Doppler velocimetry,

vector projection can be thought of as the dot product between the two vectors, then,

the projection is expressed as:

vdvdvd = [
uuuTppp1

‖ppp1‖
,
uuuTppp2

‖ppp2‖
,
uuuTppp3

‖ppp3‖
]T (7.31)
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where pppi at i = 1,2, and 3 is a vector [xi−x,−y, zi− z]T , that has a direction from the

object position to the microphone position, and Therefore, the unknown vector uuu can

be expressed as:

uuu = HHH−1WWWggg (7.32)

where

HHH = −

 x− x1 −y z1 − z
x− x2 −y z2 − z
x− x3 −y z3 − z



WWW =
1

3

 1 1 1

1 1 1

1 1 1


and

ggg =

 vd1‖p1p1p1‖
vd2‖p2p2p2‖
vd3‖p3p3p3‖


HHH is an observation matrix, and WWW is inserted to reduce the variance of the relative

velocity measurements between all microphones.

7.3 Experimental results

The experimental setup for the three-dimensional positioning system is proposed in

Figure 7.4. In the experiment, the frequency of the transmitted LPM signal was swept

from 50 kHz to 20 kHz. The length of the transmitted LPM signal was 3.274 ms, and

the length of two cycles of the LPM signal was 6.548 ms. The driving voltage of the

function generator was 4 Vp-p. The LPM signal was distributed from the function

generator and enlarged 10 times with an amplifier. The loudspeaker transmitted the

LPM signal, and then echoes were sensed by the silicon MEMS microphone based on

a development of hand held telecommunication instruments using Knowles Acoustic

model SPM0204UD5. A stainless ball with a diameter 10 cm was used as a test object.

According to the calculations, the first microphone was located at x1=10 cm, y1 = 0

cm, z1 = -10 cm, the second microphone was located at x2 =0 cm, y2 = 0 cm, z2 =10

cm, the third microphone was located at x3 = -10 cm, y3= 0 cm, z3 = -10 cm. The

propagation velocity of an ultrasonic wave in the air was approximately 345 m/s at
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Figure 7.4 Experimental setup for three-dimensional ultrasonic position and velocity
measurements.

a temperature of 20o − 25o C and a humidity of 40 - 50 R.H. The signals measured

by the acoustical receivers were converted into one-bit signal by 7th order delta-sigma

modulators AD7720. The sampling frequency of the delta-sigma modulator was 12.5

MHz. The cross correlation and the smoothing operation performed by 141 taps of

weighted moving average filter were designed and embedded on an FPGA board model

cyclone V 5CGXFC5C6F27C7. The logic utilization for the cross correlation using one-

bit signal, programmed into the FPGA board were 2602 logic elements; the number

of total registers was 5777; and the total block of memory used included 175,948 bits.

The moving object was driven using SIGMA KOKI SGMA46-300 motorized stage,

which can drive a moving object in only the +Y and Y direction with maximum and

minimum velocities of ± 0.4 m/s; velocities could be adjusted in ± 0.1 m/s steps. A

reference point of the object position is set up on the object surface and synchronized

with the acoustic transmitter by using an optical sensor shown in Figure 7.4. When

the moving object passed through the reference point, instantaneously the speaker was

trigged to generate the LPM signals.

The three-dimensional position determined by the proposed method was evaluated

by the experimental results. In the experiments, the velocity of the motorized stage

was adjusted from -0.4 m/s to +0.4 m/s. The velocity of the motorized stage was

determined by 50 experiments per position of the moving object. The cumulative
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Figure 7.5 The cumulative density function of the first position measurement: x=19,
y=92, z=7 cm

density functions (CDFs) of the positions are illustrated in Figure 7.5 - 7.8. The

examples of the determined positions in the proposed system are assumed to be located

at four positions. To ensure that the real moving object positions were covered in every

quadrant of detection, the position was assumed to be on the +X, -X, +Z, -Z, and +Y



7.3 Experimental results 158

Figure 7.6 The cumulative density function of the second position measurement: x=25,
y=70, z=-25 cm

axes. The first position was (19, 94, 7) cm, the second was (25, 70, -25) cm, the third

was (-50, 75, 0) cm, and the fourth was (-40, 60, -20) cm. The velocities determined by

the proposed method of Doppler velocity estimation and Doppler-shift compensation

are illustrated in Figure 7.10 - 7.13. The velocity and position of the moving object



7.3 Experimental results 159

can

Figure 7.7 The cumulative density function of the third position measurement: x=-50,
y=75, z=0 cm

be concurrently determined by the proposed ultrasonic system based on one-bit signal

processing. In the experiment, deviations between the real position and reference po-

sitions were found; this was likely caused by the spherical object used in this paper,
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which had a diameter of 10 cm, while the proposed three-dimensions-positioning mea-

Figure 7.8 The cumulative density function of the fourth position measurement: x=-40,
y=60, z=-20 cm

-surement assumed that the object was a small point. Therefore, the sound that was

incident on the object propagated from many points, which resulted in many different

TOFs at the same acoustical receivers. This affected the efficiency from the echoed-
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Figure 7.9 Vibration velocity of the moving object at given velocities.

sound propagation of the object, producing an error due to variance of the position

and velocity measurements used in the proposed system. The experimental results at a

reference point x = 19 cm in Figure 7.5 show that the x-position error measurement at

-0.4 to 0.4 m/s is approximately a ranging performance from 0.5 to 1.5 cm while the 10

% x-position error at -0.4 m/s provides higher than 2 cm. At a reference point y = 92

cm in Figure 7.5 , the errors vary from 3 to 5 cm but the 40 % y-position error is more

than 5 cm at the velocity 4 m/s. In Figure 7.5, the CDF of the y - position errors has

a narrow bandwidth interval 1.5 - 2.5 cm. In the second position (25, 70, -25) cm of

Figure 7.6, the x-position errors are less than 0.25 cm at the velocity range -0.2 to 0.2

m/s while the rest of the x-position errors varies from 0 to 2 cm, the y-position errors

are approximately in a range measurement 0 to 4.5 cm, the z-position errors swing from

0 to 2 cm but at the error range (0 to 5 cm) of the velocity -0.4 m/s the CDF is wider

distribution than other velocities. The errors of the third position (-50, 75, 0) cm have

deviation from x = 0 to 2 cm, y = 0 to 2.5 cm, and z = 0 to 3 cm as shown in Figure

7.7. In the fourth position (-40, 60, -20), the x-y-z position errors are determined as

the interval 0 to 2 cm, 0 to 2.5 cm , and 0 to 4 cm, respectively, as shown in Figure

7.8. In addition, ranging performances of Figure 7.7 and 7.8 above 0.3 and below -0.3

m/s are less satisfactory with regard to standard deviation with an assumed position

at (-50, 75, 0) and (-90, 60, -20) cm; this is likely due to the vibration of the moving

object. The motorized stage for driving the object was controlled by an automatic
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system to evaluate repeatability. Then, a rod was connected between the object and

the motorized stage. When the moving object was accelerated to a high velocity in each

turn, the object did not completely stop because the rod swung with higher vibration.

The object assumed as a rigid body thus was not at a static condition during the next

measurements. We can explain this condition by experimentally measuring vibration

velocity versus various velocities. This effect was evaluated by a Polytech OFV-302

vibrometer during vibration testing. Relatability to high velocity measurements of

a moving part in the Surface Acoustic Wave (SAW) motor [81] was found along with

vibration velocity of the titanium-based hydrothermal lead zirconate titanate thick film

transducer. The vibrometer was placed 50 cm away from a measurement point. At

that point, the object was accelerated to -0.4, -0.3, -0.2, -0.1, 0, 0.1, 0.2, 0.3 and 0.4

m/s, and the rod, that was connected to the moving object and the motorized stage,

had a length 40 cm. Experiment results regarding the vibration effect of the moving

object is shown in Figure 7.9; higher velocities tend to show higher vibration velocities.

Regarding object position at 0, 0.1, 0.2, -0.1, and -0.2 m/s, they are shown to have

satisfactory repeatability. A moving object had a lower vibration than the objects

moving at 0.3, 0.4, -0.3, and -0.4 m/s.

In Figure 7.10-7.13, the determined velocity measurement in the ±Y direction was

presented alone. The component uy was analyzed because it is in the same direction as

the motorized stage movement. The component vectors of ux and uz were estimated

to be nearly zero. At the first position in Figure 7.10, the velocity errors have more

satisfaction than other positions and 10 % of the velocity errors over 0.05 m/s. The

velocity-measurement range, from -0.2 to 0.2 m/s, of the position (x=25, y= 70, z=-25)

cm provides the velocity errors smaller than 0.04 m/s but for other velocities 10 % of

their results have error at nearly 0.07 m/s, as shown in Figure 7.11. In Figure 7.12 ,

the velocity errors are less than 0.03 m/s at the velocity measurement from -0.1 to 0.1

m/s, and the velocity errors of -0.4, -0.3, 0.3, and 0.4 m/s have the interval from 0 to

0.08 m/s. In Figure 7.13, the most velocity error varies in the range of 0 to 0.045 m/s,

except -0.4, -0.3, and 0.4 m/s the results are inside the error range of 0.02 to 0.065

m/s. Measurement was shown to have the highest error and dispersion at velocities of

0.3, 0.4, -0.3, and -0.4 m/s, which was likely because three-dimensional velocity vector

measurement relied on the position computation and thus directly varied according to

the accuracy of the determined position.
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Figure 7.10 The cumulative density function of the first position measurement for velocity
measurement: x=19, y=92, z=7 cm
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Figure 7.11 The cumulative density function of the second position measurement for
velocity measurement: x=25, y=70, z=-25 cm
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Figure 7.12 The cumulative density function of the third position measurement for ve-
locity measurement: x=-50, y=75, z=0 cm
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Figure 7.13 The cumulative density function of the fourth position measurement for
velocity measurement: x=-40, y=60, z=-20 cm
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Figure 7.14 Microphone-arrangement patterns

7.4 Optimal microphone position of the linearization-based

method

7.4.1 Arbitrary microphone positions

Basically, the object position is a ratio of distances from the speaker position to the

target and returning to each microphone. This condition has to be determined on

non-linearity. In general, non-linear equations can be solved using numerical methods

requiring an initial point and routines, as previously expressed in chapter 5. In this

chapter, we try to improve non-linear forms into linear forms. The microphone position

plays a significant role to control accuracy of the object position. This section is

to express the optimal microphone position when directly adjusting the microphone

positions for the minimum error. The microphone position of the linearization-based

method can freely be located on X-Z plane. First, we adjust the microphone position in

the pattern A according to Figure 7.14 that the microphones are moving on only X and

Z axes. Simulation results under SNR of 0 dB are observed that, in the pattern A, the

optimal microphone position providing the minimum error is at the first microphone of

(0,0,3) cm, the second microphone of (3,0,0) cm, and the third microphone of (-3,0,0)

cm. The minimum error is approximately 0.2 cm. For other microphone positions, the

maximum error in x, y, and z co-ordinate is not over 0.5 cm. This error is not a big

problem for echolocation because this application does not require high precision of
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Figure 7.15 The optimal microphone position of the pattern A at an object position:
x=80, y=75, z=60 cm

measurements. In the next simulation, the pattern B is performed to achieve the min-

imum error. Simulation results under SNR of 0 dB are observed that, in the pattern

B, the optimal microphone position providing the minimum error is at the first micro-

phone of (0,0,3) cm, the second microphone of (3,0,-3) cm, and the third microphone

of (-3,0,-3) cm. The minimum error is approximately 0.1 cm.
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Figure 7.16 The optimal microphone position of the pattern B at an object position:
x=80, y=75, z=60 cm

7.4.2 Critical microphone positions

In addition, some cases of the microphone arrangement cannot determine the object

position because these cases occur no solution. Such patterns make singular matrix

of microphone beacons. A singularity of the matrix A in Equation (7.10) will not be

produced as long as the three microphones do not lie on a line. These conditions are

pictured in Figure 7.17. Therefore, position measurement using a linearization-based
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Figure 7.17 Critical microphone position

method has avoid the microphone positions providing singular matrix.

7.5 Summary

The proposed system by redesigning the receiver arrangement uses cross-correlation

one-bit signal processing technology, low-computation-cost Doppler-shift compensation,

and low-cost devices. This is the development from the previous space measurement

of one-bit signal processing to simultaneously measure position and velocity in three-

dimensional space. Through Monte-Carlo computer simulation of 100 trials, the vari-

ances of estimated parameters can achieve the analytical CRLB for SNR as low as 0

dB. Accuracy of the proposed method was tested by the additional White Gaussian
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Noise. The results can provide accuracy less than 0.1 mm at a SNR of 0 dB. Since the

position-measurement model is a form of nonlinear systems, it is then improved into a

linear model.

In this method, three-dimensionalpositioning measurement was determined by three

acoustical receivers and one sound source. We proposed a method to design the optimal

receivers-positions. The velocity of the moving object was calculated using the concept

of vector projection. In the experiments, four-example positions in each area were

evaluated with velocities between -0.4 m/s and +0.4 m/s by in steps of 0.1 m/s. The

repeatability of the proposed system was determined via 50 measurements at each

position and velocity. From the experimental results, it is observed that accuracy of

the position measurement compared with a reference point can be achieved between

0.2 to 5 cm, and accuracy of the velocity measurement is between 0.02 to 0.07 m/s.

Moreover, we notice that the moving-objects position showed the most variance at high

velocities due to the vibration velocity on the object surface.
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8

Performance evaluation, testing,

and comparisons

8.1 Mathematical modeling of noise

As mentioned in chapter 5, 6, and 7, the proposed models for object positioning to be

described using White Gaussian Noise (WGN) can also be tested for other noises. The

mathematical modeling of observation noise bases heavily on random process theory.

All the noise models are assumed to have known probability density functions (PDFs).

When the noise model has a PDF with unknown parameter, the estimation from field

data for subsequent algorithm development can become exceedingly difficult. Similarly,

the required parameter for estimation is a demanding task. This chapter is useful for

evaluating the performance of the proposed method in other situations of noises.

8.1.1 White Gaussian noise

WGN can be described that each sample in the data set w[0], w[1], w[2], ..., w[N − 1]

has the same PDF (identically distributed) and the PDF is Gaussian, as given by

pW (w) =
1√

2πσ2
exp
(
− 1

2σ2
w2
)

(8.1)

σ2 is variance of random signal. Each noise sample is independent of every other noise

sample. It is implied that we cannot predict any sample relied on observing the others.

We might say that this random process is very ”noise-like”. An example is shown in

Figure 8.1 for σ2=3.

As a result of the properties that w[n] is consisted of identically distributed samples,
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Figure 8.1 Realization of WGN with σ2 = 3.

the PSD is flat with

Pw(f) = σ2. (8.2)

The WGN random process is generally employed in communications to model obser-

vation noise. In addition, it is used in radar/sonar to model the ambient noise and for

virtually any signal processing system subject to electronic noise.

8.1.2 Colored Gaussian noise

Clutter in radar [82] and reverberation in sonar [83] both have power signal density

(PSD) that are nonflat in the band of interest. That PSD can be categorized as a low

PSD, whereby most of its power is below about f=0.1. A particularly useful model for

a nonflat PSD is the autoregressive (AR) model. It takes the mathematical form

Pw(f) =
σ2

|1 + a[1]exp(−j2πf) + ...+ a[p]exp(−j2πfp)|2
(8.3)

We usually include the model order in the description by referring to it as an AR(p)

PSD model. Its usefulness is based on PSD as long as the model order p is chosen large
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Figure 8.2 Realization of Colored Gaussian noise with AR(1) model: a[1]=-0.5 and σ2

=3.

enough. As an example, consider the AR(1) model given by

Pw(f) =
σ2

|1 + a[1]exp(−j2πf)|2
(8.4)

For a[1]=-0.5 and σ2 =3, the PSD is shown in Figure 8.2. Once the value of a[1] has

been chosen to specify the bandwidth, the value of σ2 can be used to specify the total

average power, which is given by σ2

1−a2[1]
.

8.1.3 General Gaussian noise

In previous two noises, Gaussian noise models for stationary noise data is presented.

The definition of stationary is ability to define a PSD. Nonstationary Gaussian random

process can occur in practice due to abrupt changes in the characteristics of the random

process and gradual changes. In the case of abrupt changes it may still be possible to

use a stationary random process model if we use two different models, one prior to the

change and the other after the change. For example, the model actually used to create
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Figure 8.3 Realization of General Gaussian noise with AR(1) model: a[1, n] = −0.9 + n
N

and σ2 =3.

this signal is

w[n] = w1[n]⇒ n = 0, 1, ...,M − 1

= 2w1[n]⇒ n = M,M + 1, ..., N − 1
(8.5)

where w1[n] is WGN with variance σ2 =1 and M = 100. To use this model, knowledge

of transition time n = M .

The second type of nonstationarity is exhibited by data with a more gradual change

in characteristics. This type of nonstationary random process is referred to as locally

stationary, in that over a small enough time interval we can assume the realization could

have been generated by a stationary random process. To model a locally stationary

random process we can modify the AR (1) model of the previous section to allow for

temporal variation in the filter and/or excitation noise parameters. Therefore, we have

w[n] = −a[1, n]w[n− 1] + w[n] (8.6)

a[1, n] is a time-varying filter parameter and u[n] is zero mean Gaussian noise but with

a variance at time n of σ2
u[n]. This model is performed to generate the realization of

General Gaussian noise. In particular, we have chosen σ2
u[n] = σ2

u = 3 so that the u[n]
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Figure 8.4 Realization of Laplacian PDF noise: σ2 =3.

is WGN (a stationary random process), but a time-varying filter parameter given by

a[1, n] = −0.9 +
n

N
(8.7)

to yield a nonstationary AR process shown in Figure 8.3.

8.1.4 Laplacian PDF Noise

In this subsection, we consider noise that a nonGaussian PDF. This means that the

normal rule of the amplitude being less than or equal to three standard deviations or

−3σ < w[n] < 3σ no longer applies. As a result, for a fixed average noise power σ2 the

noise samples might exhibit large spikes. In particular, nonGaussian noise PDF used

to produce the realization of noise samples is the Laplacian PDF given by

pW (w) =
1√

2πσ2
exp
(
−
√

2

σ2
|w|
)

(8.8)

It is seen that there are no Gaussian noise samples that exceed ±3σ = ±3 but many

nonGaussian noise samples that do so. This is because the probability of exceeding 3σ,

which can be computed from

P [w[n] > 3σ] =

∫ ∞
3σ

pW (w)dw (8.9)
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Figure 8.5 Realization of Gaussian mixture noise: σ2
1 =0.5, σ2

2 =50, and ε = 0.01

is larger for the Laplacian PDF than for the Gaussian PDF. It is said that the area in

the tails of the PDF is larger, shown in Figure 8.4. Large noise spikes are indicative as

man-made noise [84], acoustic transients [85], and geomagnetic noise [86].

8.1.5 Gaussian Mixture Noise

A second type of nonGaussian PDF that is available in practice is the Gaussian mixture

PDF. It is simply generated if uniform and Gaussian random number generators are

available. Also, it can be extended to the generation of multivariate Gaussian mixture

PDFs, useful in classification problems [87]. A simple example is

pW (w) = (1− ε) 1√
2πσ2

1

exp
(
− 1

2σ2
1

w2
)

+ ε
1√

2πσ2
2

exp
(
− 1

2σ2
2

w2
)
. (8.10)

It mixes two Gaussian PDFs with variances σ2
1 and σ2

2, and with probabilities 1 − ε
and ε, respectively. Typically, σ2

2 is large relative to σ2
1. Therefore, the outcome

will potentially be large in magnitude due to the large value of σ2
2. A large level

amplitude |w| > σ2 will occur with probability of about 0.32ε. The PDF parameters

are σ2
1 = 1/2, σ2

2 = 50, and ε = 0.01. Note that the average power or variance can be
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expressed to be

σ2 = (1− ε)σ2
1 + εσ2

2 (8.11)

which for this example is σ2 ≈ 1. Many spikes with amplitude |w| > σ2 ≈ 7 are viewed.

The probability of observing a spike is the probability that it exceed σ2 in magnitude,

as shown in Figure 8.15.

8.2 Accuracy testing due to different kinds of noise

8.2.1 Accuracy testing due to different kinds of noise

In the previous section, we describe different types of noise from many applications.

Next, we will assume that the proposed methods is tested in different situations of

those noises. Simulation results are performed to confirm the three proposed three-

dimensional-positioning method. We will show that how many SNR they can attain

by assuming that an object position is x=30 cm, y=50 cm, and z = 30 cm. In the first

method, we used the microphone positions,which have the minimum error as expressed

in chapter 5, that are (10 cm, 0 cm, 0 cm), (0 cm, 10 cm, 0 cm), and (0 cm, 0 cm, 10

cm). We assume that the microphone positions are located at 3 cm on +X axis, -3 cm

on -X axis, 3 cm on Z axis, and 3 cm on -Z axis for the second method. In the final

method, they are positioned at (0 cm, 0 cm, 3 cm), (-3 cm, 0 cm, -3 cm), and (3 cm,

0 cm, -3 cm). The object position estimation under an ultrasonic three-dimensional

system determined by the proposed one-bit signal processing method was evaluated by

MATLAB computer simulation. The period of the single LPM signal was swept linearly

from 20 µs to 50 µs. The sampling frequency rate was 12.5 MHz. The LPM signal had

the length equal to 3.278 ms. The propagation velocity of an ultrasonic wave in air

was 345.1 m/s at 22.4 Co. SNR was set at 10 dB compared with the echo signal The

constant attenuation factor of the received signal was -2.107 dB/m degraded from that

of the original signal. The received signals were changed into the single-bit delta-sigma

modulated signal by the 7th-order delta-sigma modulator. The one-bit signal of the

received echo was correlated together with the one-bit signal of the reference, which

was the transmitted LPM signal converted into the one-bit digital signal by a digital

comparator. The cross-correlation function of the one-bit received signal and the one-

bit reference signal was obtained directly from the recursive cross-correlation operation

of one-bit signal processing and the smoothing operation accomplished by the triang-
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Figure 8.6 Position error of the first method from different noises at SNR = 10 dB.

-ular weighted moving average filter. Signal had 399 zero-cross points. Accordingly,

the computational cost of the recursive cross-correlation operation was the integration

and 401 summations of one-bit samples. For the smoothing operation, the length of

the triangular weighted moving average filter, which consists of a pair of 55-tap moving

average filters, was 109 taps. The position error by the noises included in the received

echoes was evaluated by MATLAB computer simulation. In the simulation, the SNR

of the reflected echo was converted by including five different types of noise : White

Gaussian Noise, Colored Gaussian Noise, General Gaussian Noise, Laplacian
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Figure 8.7 Position error of the first method from different noises at SNR = 0 dB.

PDF Noise, and Gaussian Mixture Noise, to the received echoes. In the case of each

SNR: 10 dB, 0 dB, and -10 dB, the position of the estimation was evaluated from 100

simulations. To evaluate these situations, the cumulative density distributions of the

estimated position are determined from 100 estimation and illustrated in Figure 8.6 to

8.14. In Figure 8.6 to 8.8, they are observed that the first method can attain errors as

high as 0.5 mm at SNRs of 10 dB and 0 dB, but for SNR of -10 dB, it has error more

than 100 mm. This is robustness for responding all types of noise. Next, we reproduce

the same procedure but the second method was rather than the first method. Accuracy
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of the second method has the maximum error at 1 mm at SNR 0 dB in Figure 8.9 and
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Figure 8.8 Position error of the first method from different noises at SNR = -10 dB.

8.10. However, when the SNR was adjusted as low as possible at -7 dB for the second

method, simulation results can get accuracy smaller than 1 mm at only General Gaus-

sian Noise. In other noises, the second method cannot guarantee the results because

position errors are more than 100 mm, as shown in Figure 8.11. Finally, the third

method was tested at different noises as same as the previous methods with SNRs of

10, 0, and -10 dB. In Figure 8.12, the third method has the maximum error about
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approximately 1.5 mm. In Figure 8.13, the third method still keep accuracy not more
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Figure 8.9 Position error of the second method from different noises at SNR = 10 dB.

than 1.6 mm. In case of SNR at -10 dB, simulation results of the third method are

similar to the second method in that it is strong to General Gaussian Noise as low

as -10 dB. If, however, other noises was included directly, simulation results cannot

attain and have errors higher than 100 mm. We can conclude that the first method

(an iterative method) is the most robustness when relatively compared with others as

low as -10 dB. In case of the second method ( an Direction-of-Arrival method), this
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method can achieve the minimum SNR at 0 dB and, at SNR of -7 dB, it corresponds
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Figure 8.10 Position error of the second method from different noises at SNR = 0 dB.

only at General Gaussian Noise. Similarly, the third method (an linearization-based

method) has the SNR as low as 0 dB, and at SNR of -10 dB, the third method is only

strong to General Gaussian Noise.
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Figure 8.11 Position error of the second method from different noises at SNR = -7 dB.
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Figure 8.12 Position error of the third method from different noises at SNR = 10 dB.
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Figure 8.13 Position error of the third method from different noises at SNR = 0 dB.
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Figure 8.14 Position error of the third method from different noises at SNR = -10 dB.
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8.2.2 Comparisons

In this subsection, accuracy from proposed methods is directly compared with the

reference line. Distance due to simulation was varied from 1 cm up to 1 m and enlarged

a distance especially in a range 24 cm to 25 cm as shown in Figure 8.15. In comparison,

it is observed that the first method (an iterative method) provides the most accuracy

when relatively compared with the second method (an Directional-of-Arrival) and the

third method (an linearization-based method). Error from measurement of the first

method is about 0.2 mm. For the second method, measurement is deviated from the

reference from 0.8 mm. The worst case is the third method. It expresses error from

the reference around 1 mm. The important reason why the the first method has the

highest accuracy because a mathematical model of the object position, in fact, comes

form a nonlinear model. The first method directly solves this task using an iterative

method relied on the nonlinear solution. In contrast, the second method and the

third method are transformed from the nonlinear model to reduce complexity, or called

indirect methods. It effectively makes lower accuracy in the second method and the

third method.

8.3 Summary

In this chapter we describe Gaussian as well as nonGaussian noise model, stationary

as well as some nonstationary models. In the most case, we assume that the proposed

method is proceeded under White Gaussian Noise. Thus, to evaluate the proposed

method in other conditions, ultrasonic LPM signal including Colored Gaussian Noise,

General Gaussian Noise, Laplacian PDF Noise, and Gaussian Mixture Noise is per-

formed. Simulation results were observed that the first method has robustness as low

as SNR of -10 dB. The second method and the third method can just achieve robustness

as low as SNR of 0 dB. In the case of accuracy comparisons, error from measurement

of the first method is approximately 0.2 mm. For the second method, measurement

is deviated from the reference from 0.8 mm. The worst case expresses error from the

reference around 1 mm that is the third method.
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Figure 8.15 Accuracy comparison from each proposed methods in different noises.
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9

Conclusions

Chapter 1: This chapter describes various technologies enabling position identification:

laser, camera, millimeter wave, and ultrasonic. In general, ultrasonic considered a dis-

tance less than 5 m is very attractive when compared with others for the mobile-robot

applications due to simple hardwares, small size, and low cost.

Chapter 2: Many methods involving with the ultrasonic system for autonomous mo-

bile robots are described in this chapter. The most important points for enabling

autonomous mobile robots real-time signal processing are low computational time, re-

liability and low cost. Although the most of proposed ultrasonic systems can provide

high accuracy of the position measurement, they may use the complex devices, which

require a long computational time and a high price. In addition, they have only the

ability of measuring the position without the knowledge of the velocity measurement.

A system capable of concurrently measuring the 3D position and the velocity measure-

ments is proposed. This method, in which an ultrasonic transmitter is a moving target,

can be applied in a special work. Nevertheless, the development of simultaneously mea-

suring the 3D position and the velocity under ultrasonic echolocation system with low

computational cost is far from complete.

Chapter 3: One-bit ∆Σ modulation signal rather than a multi-bit signal sampled by

means of oversampling can obtain a high SNR. By means of oversampling, very high

resolution is obtained. The cross-correlation using one-bit ∆Σ modulated signal pro-

cessing is compared with the cross correlation of multibit digital signal. This technique

can be performed to reduce the circuit scale. To support a real-time application, FPGA

cyclone V is useful to calculate recursive cross correlation of one-bit signals.
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Chapter 4: LPM ultrasonic wave, a period of which is linearly swept with time, was

proposed for Doppler-effect compensation. This wave is directly generated by means

of PT-R4 pioneer speaker from a sound source to a target. The loudspeaker of Pioneer

model PT-R4 has a rectangular plane surface source. It can radiate ultrasonic wave

from area X to +X and from area Z to +Z when the object appears in front of the

loudspeaker in the +Y area. Moreover, a low-cost silicon MEMS microphone based

on a development for hand-held telecommunication instruments is presented. It can

extremely reduce the cost more than 100 times when relatively compared with the pre-

vious microphone of B&K and ACO.

Chapter 5: An ultrasonic three-dimensional system for moving object position and ve-

locity estimation using a pair of LPM was proposed. The design method comprises,

one-bit signal processing, object-velocity-measurement and Newton Raphson method.

We employed three microphones to detect the reflected echo from the moving object.

Time-of-flight and the relative velocity were computed with low-cost time. Newton-

Raphson played a vital role as object-position estimator. Finally, the Doppler velocity

and object position from the earlier measurements were used to determine the object

velocity on the basis of vector velocity theory.

Chapter 6: A three-dimensional position and velocity measurement based on an over-

sampling signal processing method using an LPM ultrasonic signal was demonstrated.

The velocity measurements were computed based on the three-dimensional velocity

vector measurements. The object position was estimated using spherical coordinates

(i.e., the distance from the sound source to the target, the angle of elevation, and the

azimuth angle). Positions determined in the proposed system were evaluated by exper-

iments using ultrasonic position measurements. The object position can be sensed by

the sound beam propagated by a loudspeaker. Rotating the loudspeaker can expand

the range of measurements to a wider area.

Chapter 7: The proposed system by redesigning the receiver arrangement uses cross-

correlation one-bit signal processing technology, low-computation-cost Doppler-shift

compensation, and low-cost devices. This is the development from the previous space

measurement of one-bit signal processing to simultaneously measure position and ve-

locity in three-dimensional space. Through Monte-Carlo computer simulation of 100

trials, the variances of estimated parameters can achieve the analytical CRLB for SNR
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as low as 0 dB. Accuracy of the proposed method was tested by the additional White

Gaussian Noise. The results can provide accuracy less than 0.1 mm at a SNR of 0

dB. Since the position-measurement model is a form of nonlinear systems, it is then

improved into a linear model.

Chapter 8: In this chapter we describe Gaussian as well as nonGaussian noise model,

stationary as well as some nonstationary models. In the most case, we assume that

the proposed method is proceeded under White Gaussian Noise. Thus, to evaluate the

proposed method in other conditions, ultrasonic LPM signal including Colored Gaus-

sian Noise, General Gaussian Noise, Laplacian PDF Noise, and Gaussian Mixture Noise

is performed. Simulation results were observed that the first method has robustness

as low as SNR of -10 dB. The second method and the third method can just achieve

robustness as low as SNR of 0 dB. In the case of accuracy comparisons, error from

measurement of the first method is approximately 0.2 mm. For the second method,

measurement is deviated from the reference from 0.8 mm. The worst case expresses

error from the reference around 1 mm that is the third method.
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