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Who is filled with harmony is like a newborn.

Wasps and snakes will not bite him;

Hawks and tigers will not claw him.

His bones are soft yet his grasp is sure,

For his flesh is supple;

His mind is innocent yet his body is virile,

For his vigour is plentiful;

His song is long-lasting yet his voice is sweet,

For his grace is perfect.

But knowing harmony creates abstraction,

And following abstraction creates ritual.

Exceeding nature creates calamity,

And controlling nature creates violence.

From Toa Teh Ching, verse 55.



Summary

In this report a sensor system is described that is capable of determining obstacles in

a three-dimensional robot environment in real-time. To achieve this the sensor system

has to determine the range from the sensor to the obstacle(s). Range sensors are

based on two physical principles: time-of-flight and triangulation. Time-of-flight

sensors emit a pulse and measure the time between the emission of the pulse and

the detection of the returned echo. Half this time is mUltiplied by the speed of the

pulse in the medium (air) to calculate the distance to the object. Triangulation sensors

measure range by geometry. Triangulation requires the detection of the object from

two different viewpoints at known distance from each other, and measure the angles.

The sensor system described here uses the combination of time-of-flight and

triangulation. Ultrasonic transducers capable of transmitting and receiving ultrasonic

sound waves are used to achieve this. Measuring time-of-flight is done with two

techniques: threshold detection and cross-correlation analysis. The threshold

technique simply detects the moment that the received echo exceeds a certain

threshold value. The cross-correlation technique transmits a special code that has a

sharp autocorrelation function: the Barker sequence multiplied by a carrier wave.

Performing cross-correlation of the received echo with the transmitted signal will result

in a sharp peak at the distance of the object. Time-of-flight measurement determines

the range to one or more objects. The transmitted ultrasonic sound wave has a wide

angle, and therefore triangulation is needed to determine the exact location of the

object. The combination of transmitter, receiver, and time-of-flight forms an ellipse of

possible location of the object. Using another receiver results in a second ellipse.

From the point of intersection of the two ellipses the absolute location of the object in

two dimensions can be determined. Detection of more than one object in two

dimensions requires a minimum three receivers. For detection in three dimensions the

system can be extended in a second dimension.

The system is tested using a simple test line-up using a digital oscilloscope, driver

circuit, receiver circuit, and circuit for transmitting the Barker sequence. For real-time

application a system using a DSP is proposed.
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1. Introduction

Until recently, robots were primarily used for carrying out programmed, repetitious

tasks. Methodologies and algorithms for autonomous functioning were examined, but

their implementation was hindered by the slow computing hardware. With the rapid

advances in semiconductor and computing technology, it has become feasible to build

robots that can function at reasonable speed. Much research has been done to

develop theories and algorithms needed for robots to process information and interact

with the environment. Examples of such capabilities include perception, reasoning,

planning, manipulation and learning.

One important issue of research is real-time obstacle avoidance. Imagine a robot

carrying out a certain task. When an object enters the robot's workspace, the robot

has to avoid the obstacle while carrying out its task. So, having information about the

environment, the robot has to adjust its trajectory by himself.

The department of Measurement and Control at the Eindhoven University of

Technology has developed a robot control system for the ASEA Irb-6 manipulator.

With a model of the manipulator and a predefined environment, real-time obstacle

avoidance motion of the manipulator to a certain goal-configuration will be realized

using artificial potential function for motion control. Using this technique, an attractive

potential field is created at the goal and a repulsive potential field is created around

each obstacle. In this approach a scalar function: the potential, is constructed that has

a minimum when the manipulator is at the goal configuration, and a high value on

obstacles. Everywhere else, the function is sloping towards the goal configuration, in

such a way that the manipulator can reach the goal configuration from any other

configuration by following the negative gradient of the potential field. The high values

of the repulsive potential fields prevent the manipulator from running into obstacles.

The above-mentioned method for controlling a robot uses a predefined environment

to create the potential fields. Creating this predefined environment is called

perception, another important issue in robot research. An ordinary human being may

believe it's simple to detect obstacles with optical sensors. He forgets that mankind is

equipped with an extremely sophisticated perception system that performs perception

without even being aware of it. The same applies for the ultrasonic perception system

used by bats and dolphins. While the sonar beams generated by man-made

ultrasonic transducers are similar in frequency and beam angle to those of bats, man

made sensors have nowhere near their ability to locate objects. We have a long way
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to go before our sensors will even approach the echolocation of a bat. This report is

an effort to get a little closer to the echolocation used by bats. It deals with the

perception of obstacles in the robot environment using ultrasonic sensors.

Range sensors are based on two physical principles: time-of-flight and triangulation.

Time-of-flight sensors emit a pulse and measure the time between the emission of the

pulse and the detection of the returned echo. Half this time is multiplied by the speed

of the pulse in the medium (air) to calculate the distance to the object. Triangulation

sensors measure range by geometry. Triangulation requires the detection of the

object from two different viewpoints at known distance from each other. Acoustic

transducers are mainly used to measure the distance or range from the transducer to

an object. Some bats use time-of-flight measurement and triangulation to locate

objects. With the nose a short signal is transmitted, and the ears are used to receive

these signals. This report describes a method were both triangulation and time-of

flight meaurement are used to measure the location of one or more objects. Two

techniques for measuring time-of-flight are use. Firstly, threshold detection detects the

first time the received echo exceeds a threshold level. Secondly, cross-correlation

correlates the received echo signal with the transmitted signal. At the location of the

peak an echo will occur in the cross-correlation signal. The transmitted signal is a

signal with a sharp autocorrelation function resulting in a sharp peak in the cross

corelation signal.

Chapter 2 describes some measurement systems possible with optical and acoustical

systems, a sensor choice is made, and the theory of acoustical sensors is described.

In Chapter 3 the analysis of the measurement system is made. Chapter 4 deals with

the measurements that were done to test the methods described in Chapter 3. In

Chapter 5 the test results and evaluation of the methods are described. In Chapter 6

some recommendations are given for further research.



2. Sensor choice and literature review

2.1. Requirements for sensors

The first step in the search for a suitable sensor is to define the requirements on the

sensor system. We have to determine what is the purpose of our sensor system.

For the moment we know the total system should be able of determining and avoiding

obstacles in a robot environment in real-time. To achieve this the sensor system has

to determine the distances from a sensor to one or more obstacles. In other words:

determine its range.

The goal of a measurement sensor is to produce an electrical signal of which the

magnitude is an analog or digital representation of the quantity to measure.

Some important specifications of a measuring sensor are:

• Working area (power supply, temperature range, load, etc.).

• Measuring range.

• Sensitivity (integral, and differential sensitivity for analog, and digital output,

respectively).

• Zero point fault (zero point, drift).

• Non-linearity.

• Noise sensitivity (e.g., temperature coefficient or power supply coefficient).

• Resolution of digitized or quantized output.

Important physical properties for robots:

• Position properties: range, position, angle, velocity, acceleration, size, etc.

• Force properties: force, pressure, momentum, mass, etc.

Important other properties:

• Working principal of the sensor.

• Scalability, can the sensor easily be combined with other sensor into a more

complex measurement system.

• Availability on the market.

Specific requirements for "3D imaging in robot environment":

• Real-time imaging, implies the measurement system should either be of low

complexity or have enough computing power available.

• Allowed movement of sensor system or environment without loss of information?
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• Continue or discrete techniques?

• Resolution of 1 mm3 for a grid representation of the workspace.

• Range ±1 m3 :=} about 2.106 elements in a workspace with grid representation.

• Inexpensive.

• Small dimensions and weight of sensors.

• Position of the sensor(s) on the robot.

• There should be no moving parts (if possible). Especially no moving parts which

need to be accurately positioned, since this is very expensive.

• What material is the workspace build of? What are the dimensions of the

objects in the workspace?

• Robust system.

2.2. Introduction to sensor systems

Range is the distance 'from a sensor to an object, and is also referred to as depth.

Range perception is important in object recognition and in the control of robot motion.

Range-finding sensors are often used in conjunction with vision to restore the third

dimension. A visual image is a two-dimensional representation of a three-dimensional

scene, the third dimension, depth, lost. There are many simple situations where the

expense of vision cannot be justified, but where a simple range finder will do the job.

For example, ultrasonic range finders are used for collision avoidance.

Range sensors are based on two physical principles ([14]): time of flight of a pulse

and triangulation. Time-of-flight sensors emit a pulse and measure the time

between when the pUlse is emitted and when the return echo is detected. Half this

time is multiplied by the speed of the pulse in the medium (air or water) to calculate

the distance to the object. The direction in which the pulse was transmitted coupled

with the beam angles gives the general direction of the object. By combining distance

and direction, a segment of a three-dimensional spherical shell is contained. The

object is located in that shell (Figure 2.1).

Transducer

Reflected beam

r- - I--I

\

\- --

Emitted beam

I

object Beam diameter
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Pulse emitted Pulse reflected Echo detected

Figure 2.1: Two-dimensional view of time of flight range measurement.

Radar is the most common example of time-of-flight range measurement. This is

mainly used for large distances. To use radar or any other electromagnetic signal for

the short distances typical of robots indoor environments, the phase shift of the

reflected signal must be measured, because the time between emission and detection

is so short. In contrast, the speed of sound is much lower, making time-of-flight

measurements over short distances feasible with ultrasonics. One advantage of time

of-flight sensors is that the transmitter and receiver lie on the same axis.

Triangulation sensors measure range by geometry (Figure 2.2). Triangulation

requires the detection of the object from two different viewpoints at a known distance

from each other. The two viewpoints can be achieved in a number of ways: moving a

single sensor, clever design of an active sensor and multiple sensors. An active

sensor detects an emitted beam, and a passive sensor simply records ambient

signals, such as a camera recording light.

Range = 1
2

= 11 sin(a)
sin(8 +a)

Figure 2.2: Principles of operation of a triangulation range finder.
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Mobile robots tend to use single sensors and rely on the measurable motion of the

robot to provide an alternate view. Some scanning laser sensors slowly sweep the

field of view with a thin sheet of light that is detected by a rotating scanner which

sweeps the field at a much faster rate. When the light reflected from an object is

detected, the angles of the emitter and detector are recorded, and the range is

calculated.

2.3. Optical sensors

2.3.1. Laser range finder

Laser range scanners - based either on triangulation or time-of-flight principle - are

relatively expensive and have some limitations in the measurement range. Time-of

flight-based systems are more appropriate for measuring large distances while

triangulation-based systems are suitable for measuring small distances and small

ranges with high measurement accuracy. Laser scanners are composed of fine

mechanical scanning devices, which make them expensive and difficult to use in

hazardous environmental conditions, e.g., in the presence of shocks and vibrations.

2.3.2. Active triangulation

Direct measurement of range data is very useful for robot vision (see [5]). The method

is based on active triangulation, i.e., a plane of light is projected onto the objects

from one direction, and a camera detects its image from another direction. This type

of range finder is now practically used for classification of objects which are too

difficult to be discriminated with a two-dimensional image.

Instead of scanning a plane of light in a scene, multiple planes of light can be

projected: time coded pattern projection. While the planes of light are turned on and

off, the images of reflected light are taken. High resolution data is obtained by rotating

mirror and 15 laser diodes.

A laser-ranging sensor for real-time robot control is described in [12]. The system

uses new technological components such as a 3D imaging scanner and a

recirculating cellular-array pipeline processor. The scanner uses a sophisticated

optical system.
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The range to an object from a vision system can be determined in several ways, all of

which involve trigonometric calculations of range from the known geometry of the

arrangement:

• Direct imaging measures distance based on the apparent size of an object in

the field of view. The object size must be known beforehand, and the object

must be either the only one appearing in the image or must be recognizable in

the image.

• Structured light ranging depends on triangulation, which uses the difference

between the camera and laser location, the image offset distance and the

parallax angle. Such a system must trade off range accuracy and working depth

of field. The limiting accuracy of such systems is usually the resolution of the

camera.

• The stereo method uses parallax between two images to measure range. The

system requires recognizing object in two images and determining a complex

nonlinear correspondence between them to calculate offsets and ultimately

range.

2.3.3. apto electronic sensors

This class of sensors includes all the systems that associate emitting and receiving

opto electronic components like LED's, Laser diodes, PIN diodes, Photo transistors,

etc. Several principles of measurement may be used:

• The triangulation sensors use the geometric distribution of projected spots to

compute distance and orientation.

• The phase sensors indirectly measure the time-of-flight of the emitting light

after reflection onto the target.

• The reflectance sensors measure the energy diffused back from a target.

2.3.3.1. apto electronic triangulation sensors

The basic principle of the sensors is fairly simple: a photo receiver (point, line or

plane) senses the image of the intersection of an emitted light beam and a target. By

knowing the position of the spot on the receiver, and the geometry of the

measurement device, the distance may be computed. By using a mobile emitter, or

several emitters in conjunction with a 20 receiver, supplementary information is

provided: local shape of an object, orientation of a target.
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A simple short-range-finding sensor (see [14]), which has no moving parts is shown in

figure 2.3. The sensor uses a laser diode as a light source, and a linear photo-diode

array as a detector. The light path connecting the light source and the emitter pin-hole

is enclosed to prevent light reflecting from the inside of the sensor on to the array. The

light beam is reflected off an object, and part of the reflected beam passes through

the detection slit on to the diode array. Rough surfaces scatter the reflection beam

and reduce the effect of surface orientation.

The range from the sensor to the object is a function of the position along the array

where the maximum reflected light is detected. The effect of ambient light can be

minimized by comparing successive readings of the array with the laser on and off.

Because of the use of pin-holes or narrow slits, the influence of surface orientation,

roughness and reflectivity is negligible.
Object

\

"" \R1 Rj Rn

Photo diode
Iineair array

Figure 2.3: Optical short-range-finding sensor.

This sensor has an active range of 5 to 60 mm with reasonable accuracy. It is a

monocular sensor, but it can be made binocular by mounting a second light source on

the other side of the array. Disadvantage of this range detector in robot applications is

the short distance

2.3.3.2. Infrared triangulation sensor

• Narrow beam width and short wavelength ~ no problems with specularity.
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• Selective IR sensors will not be affected by other light sources and its high

speed data extraction makes it very favorable for robot real-time navigation.

2.3.3.3. Triangulation photo electric range scanner

In [7] a new triangulation photo electric range scanner is proposed using an array

of LED chips and a lateral effect positioning sensor detector. The essential

advantages of the scanner are the construction without any moving parts, small size,

good stability and low cost. Good performance in a range of several meters.

2.3.3.4. Active triangulation range sensor

In a new active triangulation range scanner, instead of using mechanical scanning, a

rapid electronic scanning of an array of light sources is applied. A monolithic source

array (e.g., monolithic LED array) would be the best solution for developing the

scanner, but such components are not commercially available. Another possibility is to

use compact LED chip arrays.

\--~7"'7;.L----=::~§~~3:~-J Driving
and mux---.,-,,,----,

analog
output

Figure 2.4: General diagram of a LED-chip-array-based range sensor.

The LED array is a component made of a number of small size LED chips, located

very close to each other, which offers high angular resolution of the range scanning.

See figure 2.4 for the general diagram of a LED chip array based range scanner. The

scanner consists of a light source, a receiver and an electronic circuit. The light source

includes an array of LED components and a collimating optics attached to it. The

receiver includes focusing optics and one-dimensional position sensing detector.
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The sensor operates as follows: One LED (light source) is activated at a time, and the

emitted radiation is collimated by the lens to form a narrow beam. The position of the

LED source, in relation to the optical axis of the transmitter collimating optics,

determines the direction of the beam. The radiation reflected from the object is

collected by the receiver lens optics and directed to the position sensing sensor. From

the position of the light spot imaged on the detector surface an angle of the reflected

beam is determined. The distance from the scanner to the object i can be determined

by triangulation. By activating another LED from the source array the measuring

direction can be changed and the distance to another point of the reflected surface

can be measured. By multiplexing all the sources, a data set of distances is created.

2.3.3.5. Optical phase sensors

The principle here is to build an optical radar system. However as the practical desired

working distance is small (less than 1500 mm) and as we need a rather good

accuracy, it's not possible to directly measure the time-of-flight of a light pulse (1 ns

for 300 mm). A more convenient way is to modulate the flight of beam and to measure

the phase shift due to the distance. Very little literature is available on this subject.

2.3.3.6. Reflectance sensors

This is the simplest opto electronic sensor. It includes an emitter and a receiver with

appropriate focusing devices. The output signal represents the diffused light intensity

from the target to the receiver, which not only depends on the distance but also on

photometric properties and the local orientation of the object. To obtain a good signal

to noise ratio, two measurement methods are used:

• Synchronous modulation.

• Pulse intensity modulation.

The last solution allows to emit short pulses of large intensity, and, by measuring the

difference between the received level and the steady state value to increase the SNR.

However, a resting time between successive pulses is needed.

2.3.4. Stereo vision

Stereo vision - a passive form a triangulation - uses two cameras with a known

spatial separation to obtain images of a well-lit scene. Features (for example, points of

high reflection) are identified in one image and a match is sought for these in the

second image. For each match, the location of the feature is calculated with respect to
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the coordinate frame of the image. Perspective transforms are used to transform the

two images to a common reference frame, where distances between features are

calculated. These distances are called disparities and are inversely proportional to the

range. From the disparities, the ranges to the feature are calculated by triangulation.

All passive triangulation range finders must make a trade off between accuracy and

disparity between the two views. The greater the distance between two cameras, the

higher the accuracy, but, as the separation increases, the difficulty of matching

feature increases.

2.3.5. Conclusions optical sensors

The main problems related to optical sensing:

• Sensitivity to the nature of the target: specular reflectivity, black objects, etc.

• Sensitivity to the environment: dust, smoke, ambient light, etc.

Advantages of optical sensors:

• fast scanning possible.

• accurate scanning.

Laser range scanners - based either on triangulation or time-of-flight principle - are

relatively expensive and have some limitations in the measurement range. Time-of

flight-based systems are more appropriate for measuring large distances while

triangulation-based systems are suitable for measuring small distances and small

ranges with high measurement accuracy. Laser scanners are composed of fine

mechanical scanning devices, which make them costly, difficult to use in hazardous

environmental conditions, e.g. in the presence of shocks and vibrations.

Main problems with triangulation are:

• Most laser range scanners have the disadvantage that they use mechanical

scanning devices.

• The errors due to the distortion or the separation when the beam is not an ideal

line.

• The blind areas that may occur in abrupt discontinuities.

Opto electronic triangulation sensors often have the advantage over laser scanning

systems that they don't use mechanical scanning device, instead they use electrical

scanning.
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The short range finder presented in figure 2.3 has no mechanical scanning

components but a too limited range to be useful.

An infrared triangulation sensor has the following advantages:

• narrow-beam width and short wavelength ~ no problems with specularity.

• selective IR sensors will not be affected by other light sources and its high

speed data extraction makes it very favorable for robot real-time navigation.

A triangulation photo electric range scanner that uses electrical scanning is

presented in figure 2.4. This sensor uses collimating optics and a one dimensional

scanning sensor. However, at the moment it's not possible to produce a compact, two

dimensional sensor.

Optical phase sensors and reflectance sensors still have the problem of finding

appropriate focusing devices.

In stereo vision the images of two viewpoints have to be matched. Since this is a

slow process robot vision is not particularly suited for real-time applications like in

robotics.

The overall conclusion with respect to optical sensors in an environment as stated

earlier (real-time detecting of obstacles in a robot environment) is that there are still

too many drawbacks to overcome and thus they are not particularly suited for this

application at this moment.
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2.4. Acoustic sensors

Acoustical methods are inferior to optical methods with respect to resolution and to

data acquisition time. However acoustical systems can measure the distance of

objects easily thus giving a three dimensional representation of the field of view. This

is difficult to obtain by visual methods and for a limited class of applications acoustical

imaging may be complementary or even competitive to optical imaging.

Advantages of ultrasonic range finders:

• They are generally of small size, making them easier to use especially in robotic

applications, and give in real-time a measure.

Disadvantages:

• Varying atmospheric conditions disturb the measurement and can reduce the

range. Working can be disturbed by noise (industrial for example) which induces

detection errors.

• The collection of measurement may be affected by the sensor (movement of a

manipulator arm or mobile robot). For precision measurement or high speed

robot displacement, it is necessary to take the displacement into account.

• Emission power increases almost linearly with the input voltage. Each

manufacturer specifies a maximum voltage for this transducer. Above this value,

the power of the acoustic signals remains constant.

2.4.1. Introduction to ultrasonic echolocation

Echolocation using sound waves is found in two groups of animals in nature. Dolphins

under water and bats in air (see [11 D. The variety of sonar (sound navigation and

ranging) beams used by bats is quite large. Some bats produce narrow beams with

which they sweep the environment, other produce wide angle beams with very short

pulses. Some use fixed frequency chirps, others vary the frequency of their chirp. One

species varies the frequency of their chirp so that the returning echoes off stationary

objects are at a fixed frequency. While the sonar beams generated by man-made

ultrasonic transducers are similar in frequency and beam angle to those of bats, man

made sensors have nowhere near their ability to locate objects. We have a long way

to go before our sensors will even approach the echolocation of a bat.
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Sound waves differ from electromagnetic radiation in three important physical

characteristics: medium, velocity and wavelength. Sound requires a medium for

transmission, such as air. The velocity of sound (around 350 m/s) in air is much lower

than the velocity of light, so we can use the time of flight to measure short distances.

The wavelength of a 50 kHz sonar beam is 6.872 mm, which is much larger than the

roughness of most indoor surfaces. As a result, the reflection of ultrasonic beams of

smooth surface forms a well-defined reflected beam. This mirror-like reflection is

called specular reflection. In contrast, when the beam falls on a rough surface it is

reflected in all directions. This omnidirectional reflection is called diffuse reflection.

Owing to the scattering of sound waves by diffuse reflection, other objects in the

environment become visible to the transducer. As the surfaces of natural

environments are much rougher than the surfaces of man-made environments,

ultrasonic range finding in natural environments can make use of diffuse reflection,

while in man-made environments it must be able to handle specular reflection.

Whether reflection is diffuse or specular is a function of the surface roughness.

Specular reflection will occur only if the average depth of the surface irregularities is

substantially less than the wavelength of the incident beam. Also, the transverse

dimensions of the reflecting surface must be sUbstantially larger than the wavelength

of the incident beam. For this reason, a smooth round pole will produce diffuse

reflection, particularly when the diameter of the pole is less than the beam width.

2.4.2. Theory of sound waves

Ultrasonic sound waves are similar to audible sound waves, with the difference that

the frequency lies between 20 kHz and 100 GHz. The theory for audible sound waves

thus applies to ultrasonic sound waves. Acoustical or sound waves can be used in

wide field of applications, as can be seen in figure 2.5.
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Figure 2.5: Some applications using acoustic waves.

Sound waves belong to the class of longitudinal waves; the vibrations of particles in

the medium occur in the direction of the wave propagation. In the theory of ultrasonic

sound this type of waves is also called compression waves (see figure 2.6), because

alternately thickening and thinning of the medium occurs (acoustic pressure)

~ ')...---~"

Expansion Expansion

Compression Compression
~ ')...---~.

Compression

Figure 2.6: : Appearance (exaggerated) of layers of a medium in which longitudinal wave
are propagated

Another type of wave is the transverse wave; the vibrations of particles in the

medium occur in the direction perpendicular to the direction of wave propagation.

Normally, this type of wave can only exist in solid materials.
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The characteristic of acoustic waves (see, for instance [25] or [31]):

• displacement of a particle1:

y= YQSillro(t- ;) (2.1)

• velocity of a particle:

U = Un Sillro(t - ;)

• acoustic pressure:

P= PQSillro(t-;)

where Yo = particle displacement amplitude,

Uo = particle velocity amplitude,

Po = acoustic pressure amplitude,

t = time,

x = distance from source,

CD = angular frequency,

c = velocity of sound in the material.

(2.2)

(2.3)

the specific acoustic impedance, an important quantity for power transmission, is

defined as:

(2.4)

Normally Za is a complex number, but since we're dealing with plane progressive

waves, i.e. waves which are not reflected to form stationary waves, p and u are in

phase, and Za is a real number. Therefore we can write Za as

(2.5)

Where p denotes the density of the medium. Ra is called the characteristic

impedance. Typical values are, Ra =450 (kgm-2s-1) for air, Ra =4.7*107 (kgm-2s-1)

for steel.

The power at any point in an acoustic field can be expressed in terms of intensity /,

defined as the rate of flow of acoustical energy through an unit area of an imaginary

plane surface through the point in question, and perpendicular to the direction of wave

1Actually, it is the energy of the vibrations (i.e. the waves) and not the particles in the
material which move from the source to the receiver.
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propagation. The intensity can be written as a function of the root mean square (RMS)

values of Uo and Po:

I = Pm.. lim. = u,;.. p. c =~ [kgm-2s-'j = [Wm-2] (2.6)

When an object is placed in the field of an acoustic wave, this object experiences a

constant pressure P, the pressure of radiation, which is proportional to the acoustic

intensity:

(2.7)

In the study of ultrasonics, variations of intensity, acoustic pressure, etc., often take

place in a logarithmic manner and measurements are made in comparison with some

fixed standard. The intensity 1may be expressed in relation to a reference intensity 10
as follows:

Intensity level = 10loglO~ [dB]
10

(2.8)

When an acoustic wave which strikes a plane boundary, separating two different

materials, some of the sound energy will be transmitted forward and the remainder will

be reflected backward. The relative amounts of transmitted and reflected intensities

are expressed by the transmission- and reflection coefficients. The reflection

coefficient is equal to the intensity of the reflected waves divided by the intensity of

the incoming waves. The transmission coefficient is equal to the intensity of the

transmitted waves divided by the intensity of the incoming waves.

It can be proved (see, for example [25]) that the coefficients depend on the

characteristic impedance's R1 and R2 of the materials:

reflectioncoeflicient = (~ - ~)2 (2.9)
(~ +~)2

.. flic' 4~~ ( )tronsmzsswn coe zent = 2.10
(~+~)2

Formula (2.9) shows that the reflection coefficient reaches one when the characteristic

impedances differ much. This, for instance, is the case when going from air to steel.

The intensity of the wave decreases as the it propagates through the medium. This

intensity decrease can be explained with the following three quantities: difraction,

spreading, and absorption.
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2.4.2.1. Diffraction

A parallel beam of plane waves coming from one source, diverges after a distance II

from the source (see figure 2.7). This distance depends on the dimensions of the

source and on the wavelength. For a plane circular piston source with radius r, it can

be proved (see [31]) that:

r2

it ::=): [m] (2.11)

The parallel part of the beam is situated in the near field (Fresnel region), and the

divergent part in the far field region (Fraunhofer region). The divergence, which seems

to come from the focal point in the middle of the source, is called the Fraunhofer

diffraction. In the Fresnel region the ~ = _r_ beam intensity fluctuates rapidly, and
tanS

peaks at a distance II from the transducer. In this region the beam is cylindrical. For

distances greater than 211 the intensity decreases inversely with the square of the

distance d to the source (see formula (2.12)) and the beam is conical.

1
Ioc - (2.12)

d2

Fresnel zone or near field +-~ Fraunhofer zone or far field

Cylindrical beam Transition regio'!.. _
--r--------~- - - - - - -_-----Focal point __ - - - -
/ -----l -£::=:==========~------E------- Axis

I:
1,------+..1- - - -- :::::::'::::1-===--- -1-------

1<lIlI_;---------lz ..
1+----------211 ..

Transducer

\

r2
Length of near 'field: 11 ~ - [m]

A

Distance to focal point: 12 = ta~s

Figure 2.7: Theoretical model of the beam of a circular ultrasonic transducer.
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2.4.2.2. Scattering

It was shown by Lord Rayleigh that, if a large number of small particles of uniform size

are distributed homogeneously in a beam of sound, reflection takes place at each of

the particles in a random manner, Le., sound is scattered uniformly in all directions. A

condition for this Rayleigh scattering is that the dimensions of the particles must be

small compared with the wavelength. The "weakening" coefficient a depends on the

mean particle's diameter of the D, and the frequency f as follows:

(2.13)

Where K is a constant that depends on the medium. This type of spreading can be

observed with suspensions in gases and in liquids.

A beam reflecting against a round object, will be scattered randomly at the surface.

The surface will now work as a source itself. The intensity again decreases inversely

with square of the distance to the source, which now is the surface.

2.4.2.3. Absorption

Three phenomena cause absorption in gas, namely viscosity, thermal conduction, and

thermal relaxation (see [25]). The amplitude A is defined as:

(2.14)

Where Aodenotes the amplitude at x=O, and a is defined as the absorption coefficient

in dB mm-1. The absorption coefficient increases with the square of the frequency.

This is however only noticeable at frequencies higher than a few hundred kHz. A

typical value of a in air is 0.12 dB mm-1. Further the absorption coefficient in air also

depends on the relative humidity.

Now the three factors that cause the decrease of intensity of an ultrasonic sound

wave, namely diffraction, scattering and absorption, can be summarized into one

formula:

(2.15)

Where I is the intensity of the sound wave, d the distance to the source and a the

absorption coefficient.
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2.4.2.4. Propagation speed of sound waves

An important quantity of ultrasonic sound waves, especially when measuring the time

of-flight between a transmitted and a received signal, is the propagation speed of the

ultrasonic sound wave in a gas. In the sequel the propagation speed will be

represented by the acoustic speed or the speed of sound. The acoustic speed in a

gas can be written as:

C = co~2~3 [ms-1
]

Where T denotes the temperature in Kelvin, and Co denotes the acoustic speed at

T=273 K. In air Co is 331,4 ms-1.

In the previous lines the relationship between temperature and acoustic speed was

defined (see formula(2.16)). In practice, the largest source of errors when measuring

range is caused by the effect of temperature upon the propagation speed c. This will

be illustrated by an example. We want to measure the range to an object situated 1 m

from the transducer at a temperature of 293 K. When the temperature changes from

293 K to 294 K, the acoustic speed changes +0.585 ms-1 (+0.17%). As a result we will

make an error of -0.85 mm in our range measurement.

Humidity has a smaller effect on velocity than the temperature. The calculation (see

[2]) of its effect, however, is more complicated as can be seen by the following

formula:

C
- Cd

h-
I e- W

P(--O,625)
a

(2.17)

Where ch = the velocity of sound in humid air (m/s),

cd= denotes the velocity of sound in dry air (m/s),

P =barometric pressure,

e = vapor pressure,

Wand a are the ratios of specific heat at constant pressure to specific heat at

constant volume, respectively for water vapor and air.

At 293 K the velocity of sound increases 0.3% when humidity increase from 0% to

100%. This factor is generally negligible compared to the effects of temperature
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In the previous lines we showed that temperature and humidity have an important

effect on the acoustic speed, resulting in range measurement errors. Two possible

solutions for this problem will be presented here. One solution to the problem is to

measure all the properties involved and compensate for changes. Another, much

easier, solution is to measure a known distance, and take this value as a reference.

2.4.2.5. The acoustic beam

The beam width of the acoustic wave is very important in robotic application. On one

hand the width of the acoustic beam must not be too wide, which would result in

detection of unwanted objects located to the side. On the other hand the beam must

not be too narrow which would result in missing objects in the path of the robot. These

requirements are very difficult to generalize.

To analyze the transducer radiation characteristics, we can model the transducer as a

plane circular piston in an infinite baffle (see figure 2.8, [20] and [31]). The relationship

between the radiation characteristic p and the angle e contains a multiplying term: the

directivity function Os' In the far zone (see figure 2.7) Os is given by:

D = 2J1(krsinS)
S (krsinS)

Where k = wave number2= ~,

A = YJ
r = piston radius,

e = azimuthal angle,

J1 = first order Bessel function of the first kind.

2The wavenumber k plays the same role in space as 0) does in time.
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x

p(o)

(2.19)

y
Figure 2.8: A piston source

We are interested in the radiation pattern beam width as a function of frequency and

transducer size. The 3 dB beam width is often expressed as the angle intersected by

the points on either side of the central axis (8 = 0), where the radiation pattern is 3 dB

less than the value at the central axis.

By sUbstituting x = krsin8 we can set: 2JjJx) = -&lB= ~. Solving this relationship
x v2

exactly an iterative procedure is required; however, a very good approximation can be

achieved by expansion of the Bessel function J1 to only three terms. Expanding and

solving yields: x = 1.62. This results in the following formula:

8 . _1(1.62A)
=Sln --

r

The above equation has two solutions, resulting in the angles from the central axis to

one of the two -3 dB points. Therefore, the 3 dB full angle beam width is a = 28 .

Formula (2.19) shows how the beam width depends on the radius r and the

wavelength A.. Increasing the frequency, for example, leads to a more narrow beam

width.

The beam width can also be defined in another way, namely the angles ±8 where the

beam pattern of the main lobe reduces to zero. Therefore we can solve
J1(kr sin8) = 0, getting the angles where the lobes reduce to zero. The first off-axis

zero occurs at:

8 . _1(0.61A)
=Sln --

r
(2.20)
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Finally in figure 2.9 the beam pattern of an ultrasonic wave is shown.

o

270 L_..L_U---=~~c..-lL---l_~90
Figure 2.9: Farfield beam pattern of ultrasonic transducer

2.4.2.6. Transducers

There are 4 types of transducers: piezo electric, electrostatic, electromagnetic,

magneto restrictive. For range applications the piezo electric and the electrostatic

transducers are the most suitable. Since the transduction effect is reversible, it's

possible to use a transducer as transmitter and/or receiver. These are some

characteristics of the most important transducers:

• Electrostatic transducer: flat plate capacity, large bandwidth, relative cheap, high

voltage must be applied.

• Piezo electric transducer: small bandwidth, robust, cheap.

In order to choose a transducer we have to balance size of transducer, wavelength of

sound (or frequency), width of the acoustic beam, and range. High frequency

transducers can be used in a shorter range and they offer a better resolution in

distance and in angular scanning because of their smaller detection lobe. These

characteristics make them more suitable for precision measurement (precision from

0.1 mm up to 1 mm and a detection lobe from 5 up to 10 degrees). Low frequency

transducers offer less attenuation with distance of the ultrasound wave, wide

detection lobe, but worse resolution in distance and in angle (precision in the order of

a the wavelength).

For applications in air at a range of one metre, a sensor frequency in the order of 50

kHz is normally used. This is necessary to detect the signal. Higher frequencies will

lead to a higher attenuation of the signal and therefore it will be harder to detect. A

piezo electric transducer operating at 40 kHz (Murata) or an electrostatic transducer
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(Polaroid) operating at 50 kHz can be used. These where the sensors which where

available during the research work. Generally it is very hard to find suitable sensors.

Most ultrasonic sensors are used for distance measuring, unfortunately these sensors

are very often build-in some device and therefore not suitable for experimenting.

The piezo electric transducers from Murata are one of the few piezo electronic

sensors that are available on the market, however with long delivery times, and only

when more than thousand transducers are ordered. Fortunately there were contacts

with a research institute in Spain, who had some of the sensors available for us.

Furthermore these sensors were found in a remote control unit from Philips. The

sensors from Murata are the transmitter MA40L1S and receiver MA40L2T, which have

the following characteristics:

• Operating frequency of 40 kHz.

• Small operating bandwidth, ±2 kHz.

• Dimensions: 10 mm diameter.

• 3 dB beam width of main lobe is around 30°

Polaroid electrostatic transducers are widely used, probably because they are robust,

relatively cheap, and they can be delivered quickly. Furthermore, they come with an

ultrasonic ranging kit, which contains some electronics to transmit and receive signals.

For experimenting this seems to be the ideal ultrasonic system. The above

considerations led to the choice of the Polaroid electrostatic transducer. The Polaroid

transducer is described in Appendix A. The ranging kit is described in Appendix B.

2.4.3. Effects of specular and diffuse reflections.

Acoustic imaging is based on the reflection of sound waves from objects. In some

cases the reflection against objects gives undesired results. Therefore, the following

points are of importance:

• Signal strength depends on object.

• Reflected waves can interfere with each other depending on the surface

geometry. This effect is dependent on wavelength and extremely difficult to

model.

• Specular re'f1ection will occur only if the average depth of the surface

irregularities is substantially less than the wavelength of the incident beam. Also,

the transverse dimensions of the reflecting surface must be substantially larger

than the wavelength of the incident beam. Specular reflection can lead to

measurement severe measurement errors when the sound wave reflects away
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from sensor. This can lead to loosing the reflection or to a false reflection when

the wave is reflected against an other object in the direction of the receiver.

2.4.4. Measurement systems and methods

Measuring with ultrasound has a few consequences that should be noted:

• Acoustic speed is in order of 106 smaller than the speed of light. Therefore, with

acoustic signals it's much easier to measure time-of-flight.

• Acoustic measurements are slow compared to light due to the lower propagation

speed of acoustic signals.

• Due to the longer wavelength, it's more difficult to manipulate acoustic beams

(focusing, collimating).

The goal of the ultrasonic system under development is to create a system which

gives a representation of the environment in three dimensions. Therefore it is

necessary to scan the whole area in front of a sensor. In robot applications it is often

necessary to have, at the same time, a good pattern and a wide-angle view. Thus on

one hand we want a small beam width, which results in good angular resolution. On

the other hand we want to have a panoramic (180°) beam width, resulting in a wide

angle view of the robot environment. Now, the problem occurs that ultrasonic

transducers have a limited beam angle. Changing the beam width of a transducer can

be done in several ways:

• An acoustic lens or horn to respectively, increase or decrease the beam width.

• Change some transducer parameters, e.g. frequency, radius, etc.

With these methods it is possible to make transducers having a beam width

somewhere between a 1 and 100 degrees. A Polaroid transducer, for instance, has

approximately a beam width of 15°.

Although it's possible to change the transducer beam width, it's still very difficult to

meet the two requirements, a good pattern view and a wide-angle view, at the same

time. To overcome this problem several solutions will be listed here:

• Electronically scanning, with ultrasonic arrays.

• Increase the number of transducers. Each one has a good directivity, and a

wide-angle is reached by the number of sensors put on the robot.

• Mechanical scanning, with a linear moving of sensor/robot or rotating sensor.

In the following three paragraphs we will discuss these three solutions.
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2.4.4.1. Ultrasonic arrays

Electronic scanning seems very attractive because it makes a scanning system

without moving components possible. Electronic scanning3, widely used in radar

applications, uses an array of transducers that can be used for beamsteering and for

changing the beam width. A one dimensional array makes scanning in two dimensions

possible, whereas a two dimensional array makes it possible to scan in three

dimensions.

The simplest array is a line of equally spaced, equally weighted, omnidirectional

elements. The elements are omnidirectional because they are dimensionally small

compared with the wavelength of sound at the operating frequency. Such an array is

illustrated in figure 2.10 in an idealized form.

• • • • • •

Figure 2.10: An N-element hydrophone array.

Although the hydrophone array elements are presumed omnidirectional, the array

itself will exhibit strongly directional properties normal to its direction of extension. To

see why this is so, consider the array depicted in figure 2.11. A plane parallel

wavefront4, of wavelength A., approaches the array at angle e. The relative spatial

separation parallel to the direction of propagation, between the first and second array

elements, is dOOS. The relative spatial separation between the first and n'th elements

is thus ndOOS.

3Some literature use the term holography (see for example [19]) instead of electrical

scanning, the principles are however the same.

4The wave may be approximated by a plane wave only in the far-field region,
i.e., when 1> (nd)2/A.
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-e~------1F--- --------e
n=N-1

(2.21 )

Figure 2.11: A plane parallel wavefront of wavelength A. approaches a line array at angle 9.

Earlier we defined the acoustic pressure as:

P = Po sinro(t - ;)

Where the wave number k = ~, A = If' and ro = 21t f, equation (2.21) can be

written as:

P = Po sin(rot - kx) (2.22)

Now we can represent the incoming perturbation as a travelling wave of unit

amplitude cos(rot +kx). It follows that for the n'th element, the signal output may be

written in the form co~rot + (nco die) sine). The array output we take to be the simple

arithmetic sum of the outputs of the individual elements, scaled by a factor N-1 so that

the polar response maximum is unity, irrespective of the number of elements in the

array. It is possible to weight the element outputs and to introduce other forms of array

processing than a simple arithmetic sum, this is called array shading. For calculating

the array output it is easier when we proceed with the complex form of the wave:

co~rot+(ncodle)sine) = &{e j (wt)e j (2mtd/A)sinS] (2.23)

Using this formula, the array output for a simple arithmetic sum becomes:

pJe
j
;) "I1ej(2mtd/A)sinS] (2.24)

~1 n=O

The time dependence implied by the first term is of no interest to us. The summation

in the second term may be shown to equate to the function (see [30], p.138)
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~S) = sin((Mt d/A) sinS)
Nsin((1t d/A) sinS)

representing the directional sensitivity of the array.

(2.25)

Now we can examine the beamplots of the array using (2.25). We select an array

length of 10 elements and then allow the spacing to vary. The polar plots of the

beampatterns are drawn in figure 2.12. We see that for interspacing larger than A/2,

multiple main lobes arise, because the array is effectively spatially undersampling the

wavefield. Notice that the smaller the interspacing, the worse directivity.

o
N =1Q d = A /4

o
N =1Q d = A /2

o
N=10,d=A.

27ft--~------"--

o
N = 10, d = 2A.

Figure 2.12: Polar response plots for uniformly spaced to-element arrays, with variable
interspacing between the elements.

Let us next investigate what happens as we increase the number of elements in our

array. Figure 2.13 illustrates a progression through several stages indicating that as

the number of elements is increased, for fixed d = A/2 interspacing, the directivity

also increases.
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o
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Figure 2.13: Polar response plot for uniformly spaced arrays, with one half-wavelength
interspacing between elements.

The simple hydrophone array illustrated in figure 2.11 involved only the summation of

all hydrophone outputs, to generate the beam. No shading was used, nor was there

any other form of processing following the reception. The result, for d = ')..,/2 spacing

and a reasonable number of elements within the array, was an angularly selective

main lobe directed in the direction normal to the direction of the array axis.

n=O n=1 n=2 n=N-1

Beamformer output

Figure 2.14: The electronically steered beam former array.

It's also possible to give each element a different delay, as shown if figure 2.14. In this

figure, the n'th element has, imposed upon its output, a delay nL. Now we will see a

beam steering effect which allows us to direct the narrow main lobe at any angle e we

wish:

(2.26)
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Of course, array shading may also be applied, in order to adapt the mainlobe shape

and minimize sidelobes. Arrays constructed on the above principle may be used in a

wide range of applications. The use of plane arrays make it possible to perform three

dimensional beamsteering. Line and plane arrays have obvious benefits in allowing

transmitter and receiver beams to be formed and directed. It should be mentioned

that, simple as the beamforming concept may appear, there are many practical

difficulties to be overcome in the development of effective beamformers. The following

problems occur with beamforming:

• The delay line synthesis electronics is complex and costly. The advantage lies

primarily in speed of response: "inertia less" beam steering.

• There will inevitably be problems with element-to-element interaction in the array

itself.

• The elements are supposed to be omnidirectional, which mean that they are

dimensionally small by comparison with the wavelength of sound at the

operating frequency. This is a problem with ultrasonic transducers operating in

air at a frequency of approximately 40 kHz, since transducers will be of

dimension 1../2 or larger (A. is approximately 8 mm).

• In order to have only one mainlobe the element interspacing should be smaller

than 1../2, as shown in figure 2.15. This problem follows from the previous

problem.

Figure 2.15: Array elements with 1../2 interspacing.

To show it is possible to develop an array sensor for application in air at a frequency

of approximately 50 kHz, two examples will be presented here.

The first example described in [13] is an ultrasonic "8x8 phased-array-sensor"

operating at a frequency of 40 kHz is used for modeling the environment of the mobile

robot. The basic idea of the phased-array-sensor, well known from modern radar

technology, is to drive an array of transmitters with different phase shifted signals on

the same frequency. By this way sharp formed beams can be sent to arbitrary

directions without any mechanically moving parts. To obtain a steerable beam in the

range of ±60° with small sidelobes the distance between the transmitters has to be

smaller than half the wavelength (see [13],[29]). Increasing the number of

transmitters of the phased array sensor improves the beam forming and decreases
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the sidelobes. The sensor presented here seems very interesting at first sight. Since

this sensor is still not available on the market, it can be assumed that there are still

some problems with this sensor. No more information was available on this sensor.

Secondly in [28], an ultrasound phased array radar for robotic purposes in air is

presented. The transducer array was made out of the PVDF (Poly Vinylidene

Fluoride). In [28] it is shown that the system works in principal. The main problems are

the manufacturing of the transducer array and element-to-element interaction in the

array itself. These problems have to be solved before the array can be used

effectively.

Summarizing we can say that ultrasonic array sensors appear very attractive, but for

robotic applications in air there are too many problems to be solved. It's therefore wise

to use other methods for the directing and forming the ultrasonic beam.

2.4.4.2. Increasing the number of transducers

Another way to create a panoramic field with ultrasonic waves is to use enough

sensors. Each sensor is directed to another part of the working area. A panoramic

field can be created when enough sensors are available.

Depending on the demands we can compose a system meeting our requirements.

Note that the method proposed here qUickly leads to a situation which is impractical.

For example, the following system will be proposed:

• Desired viewing angle of system: 8=90°.

• Beam width of transducer (transmitter and receiver): a=30°.

• two dimensional (2D) view.

The number of transmitters needed can be calculated from the following formula:

e
NT =-

ex

Figure 2.16 shows the area covered by three ultrasonic transmitters. The lines show

the beam width of the ultrasonic wave. It's best if the areas overlap a little to avoid

"dead zones", i.e. areas where the transmitted signal is very weak.
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Transmitters
Figure 2.16: Area covered by three transmitters.

In order to receive the transmitted ultrasonic wave from a broad angle, multiple

receivers are necessary. In figure 2.17 an example of detection with multiple receivers

is illustrated.

d
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Receivers Transmitters
Figure 2.17: An example of detecting area with multiple transducers.

To determine the location of the object it's necessary to choose a transmitter and a

receiver which have an overlapping transmitting area. In the case of a non

overlapping area, an object must exist in that area. It is however impossible to locate

the objects exactly with triangulation.
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Now we have a system transmitting ultrasonic sound waves with the desired field of

view, and receiving echoes with a number of sensors. Important is now the choose

from all these received signals the ones which are best suited for detecting the

objects. This can be done in several ways. Two methods which could be used are:

• Taking the strongest received echo. This is very difficult, sometimes you miss a

object which has low reflectivity!

• Divide the whole area into smaller areas. For each area there will be a

sensor/transmitter combination which is best suited.

Note: It's yet unknown whether it's possible to transmit the sound waves with more

than one transmitter at one moment. This could give problEmls due to interfering the

waves.

2.4.4.3. Mechanical scanning

In the previous two paragraphs it has been shown, that it's difficult to realize electrical

scanning for robotic applications in air. Using a lot of transducers to create a

panoramic view can also be impractical. Another, often used, method for creating a

panoramic view is mechanical scanning. Mechanical scanning uses a mechanical

construction (Le., an electrical motor) to aim the ultrasonic beam into the desired

direction. Some disadvantages of mechanical systems are that they are large, slow,

and liable to wear and dust. As long as there are no alternatives for mechanical

scanning, we have to live with it. The slowness of mechanical scanning is not

necessarily a problem. The workspace of the sensor system is 1 m3. At a rate of 333

mis, a sound wave travels 6 ms through the air to cover a distance of 2 m. Including

some calculations it takes a minimum of 10 ms to calculate the distance. This means

a maximum of 100 measurements per second can be carried out. A well-designed

mechanical scanning device will be able to do this.

Laser triangulation systems use fine mechanical devices to very accurately position

the narrow laser beam. The beam of an ultrasonic transducer is much wider. For this

reason mechanical scanning devices in ultrasonic system don't need fine mechanical

scanning devices and can be realized easier and cheaper.
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A possible construction for mechanical scanning is the 'reversed joystick'. The idea is

to use the mechanical construction of a joystick. Instead of measuring the

displacement of the bar with potentiometers, we can steer the bar with little motors.

On the bar of the joystick a transducer will be mounted, which can provide a

reasonable wide field of view.

2.4.4.4. Time-of-flight measurement

Two types of time-of-flight measurement methods are available:

• Continuous: transmission of modulated signals, e.g. frequency modulation (FM)

~ higher range and better signal to noise ratio. In [4] a system is described

which uses a continous carrier wave consisting of two pure tones to determine

the time-of-flight. Continuous measurements are not suited for measuring

different objects due to interference problems.

• Discrete: When a short pulse is sent, the delay time can be determined. Further

measurements are only possible when the transmitted signal is received back.

2.4.4.5. Multiple objects

Ultrasonic sensors are frequently used as range finders in robotics applications,

thanks to their low cost, robustness, small size and good precision. In most cases

however, they only measure the distance to the closest object within their viewing

angle. Problems:

• Due to the acoustical beam width of the transducers, the angular accuracy of

the measurements is low (in the order of 10 or 20 degrees)

• Second, most ultrasonic sensors measure the distance of the nearest object

only, but this is not necessarily the object one is interested in.

• A third problem is that of specular reflections. At ultrasonic frequencies most

objects encountered in an ordinary environment are acoustically hard. This

means that they reflect sound in about the same way as a mirror reflects light.

These kind of reflections are called specular reflections. As a consequence for

each object very little information is actually gathered by the sensor. Another

consequence is that multiple reflections can occur, echoes are reflected by two

or more objects before they arrive back at the sensor. A multiple reflection will

contribute to an object that is not there: a so-called "ghost-object". This

specularity problem is inherent to the medium.
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The last two problems result in spatial scarcity of the data. Measurements also suffer

from temporal scarcity: measurements take at least 60 ms for 10m range of interest(

sound speed 340 m/s). Taking the necessary processing time into account, the

repetition rate of the measurements will be at most 10Hz.

2.4.4.6. Effects of sensor movement: Doppler shift

In robotic applications it is often not possible to speak of a static situation. Either the

sensor system or the environment is changing. Assume that an object is in motion

relative to the source. As a result of the Doppler effect (see [30]), the observed

frequency of the signal reflected from that object is affected by this relative motion,

and by the locaton of the receiver. For instance, for an object moving away from the

source with a speed v, the signal arriving at the object location will have frequency

(2.27)

where fa = transmitted frequency from a stationary source

v = object speed away from source

c = speed of sound

The signal reflected back to the source from the moving object undergoes an

additional Doppler shift, resulting in a received frequency at the source location given

by

f = F (I-ViC)
2 Jo l+vlc

(2.28)

(2.29)

The Doppler shift, given by the difference between the received and transmitted

frequencies, is

fd = f2 - fo = - 2;0 (1 +~rl
2v ( V)-l

=-A
o
1+~

If great accuracy is not required in calculating the Doppler frequency shift, it is

convenient to simplify (2.29) by recognizing that vic is typically much less than unity,

so that

(2.30)
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2.4.5. Mapping ultrasonic range data

Ultrasonic range data can be mapped using a grid representation where the work

space is divided in discrete parts. Every part of the grid can be marked with a

probability profile (see [16],[17]): unknown, occupied or empty. The range is measured

with an ultrasonic sensor is uncertain (Figure 2.17) in two directions: axial and

azimuthal (radial). Figure 2.19 shows the situation where a range is measured with an

error: a range reading of d indicates the existence of an object somewhere within

region A. In the azimuthal direction we know the object is somewhere within the beam

width.

a

y

a x

angle
,------=---1

1 a
P.(angle), P,(angle)

Figure 2.18: Probability profiles corresponding to Probably Empty (PE) and Somewhere
occupied (PO) regions in a sonar beam.

Figure 2.19: Two-dimensional projection of the conical field of view of an ultrasonic sensor.



Sensor choice and literature review 47

Finally the grid representation can be extended into different levels (Figure 2.20). The

probabilty profile representation is located at the sensor level. The other

representations are:

• Symbolic level, geometric level, sensor level.

• View, local map, global map.

• Low resolution, local map, low resolution.
Symbolic level

Abstraction
Axis

Geometric levell

High resolution
/-__.Geographical

Axis

Sensor level I /
~~S2;;--;:Z:-----;7~--z1;- ;5:;J/

View / Local map Global map

~
Low resolution

Figure 2.20: Multiple axis representation of sonar maps.

Resolution
Axis
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2.4.6. Conclusion acoustical sensors

Advantages of ultrasonic range finders:

• They are generally of small size, making them easier to use especially in robotic

application, and give in real-time a measure.

• Low cost, robustness, and good precision.

• 1\10 artificial Ijghting is necessary.

• High sensivity, to detect small objects.

Disadvantages:

• Limited sample time.

• Atmospheric movements disturb the measurement and can reduce the range.

Working can be disturbed by noise (industrial for example) which induces

detection errors.

• The collection of measurement may be affected by the sensor (movement of a

manipulator arm or mobile robot). For precision measurement or for high speed

robot displacement, it is necessary to take the displacement into account.

• Emission power increases almost linearly with the input voltage. Each

manufacturer specifies a maximum voltage for this transducer. Above this value,

the power of the acoustic signals remains constant.

• The angular accuracy of the measurements is low (in the order of 10 or 20

degrees).

• Most ultrasonic sensors measure the distance of the nearest object only, but this

is not necessarily the object one is interested in.

Acoustical methods are inferior to optical methods with respect to resolution and to

data acquisition time. However acoustical systems can measure the distance of

objects easily thus giving a three-dimensional representation of the field of view. Note

here that acoustic and optical methods can be used together in one system. A system

could use an ultrasonic sensor to detect the existence or absence of objects in the

environment, while a laser scanning device is used for accurate scanning.

The velocity of sound (around 350 m/s) in air is much lower than the velocity of light,

so we can use the time of flight to measure short distances. A disadvantage is that

acoustic measurement is slow compared to light due to lower speed of acoustic

signals.

Due to the higher wavelength, it's more difficult to manipulate acoustic beams

(focusing, collimating). The wavelength of acoustic beam for a 50 kHz transducer is ±
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7 mm, which is much larger than the roughness of most indoor surfaces. As a result,

the reflection of ultrasonic beams off smooth surface forms a well-defined reflected

beam. This mirror-like reflection is called specular reflection. In contrast, when the

beam falls on a rough surface it is reflected in all directions. This omnidirectional

reflection is called diffuse reflection. Owing to the scattering of sound waves by

diffuse reflection, other objects in the environment become visible to the transducer.

Whether reflection is diffuse or specular is a function of the surface roughness.

Specular reflection will occur only if the average depth of the surface irregularities is

substantially less than the wavelength of the incident beam. Also, the transverse

dimensions of the reflecting surface must be substantially larger than the wavelength

of the incident beam.

Typically ultrasonic sensors can measure with an accuracy of one wavelength. This

can differ depending on the measurement method used. The largest source of range

measurement error is the effect of temperature upon the velocity of propagation.

The width of the acoustic beam depends on the wavelength of sound wave and the

size of the transducer. The range varies with the frequency of the sound wave. Since

these parameters are closely related, a deliberation has to be made between size of

transducer, wavelength of sound (or frequency), width of the acoustic beam, and

range. For applications in air at a range of 1 meter a piezo electric transducer,

operating at 50 kHz and having a wavelength of approximately 7 mm, can be used.

Three systems were discussed to create a wide field of view. First, electronically

scanning with ultrasonic arrays was discussed. At this moment there are too many

disadvantages to create such an array for airborne applications. One of the main

problems is that the array components (transducers) have to be separated at least

half a wavelength. However, available transducers normally are greater than half a

wavelength, and therefore it seems to be impossible to compose an array of loose

transducers.

A second solution is to increase the number of sensors in such a manner the a wide

field of view is realized. Disadvantage is the large number of sensors that are needed.

Finally, mechanical scanning was posted. Some disadvantages are that they are often

large, slow, and liable to dust and wear. Two advantages of mechanical scanning

devices for ultrasonic system compared with scanning devices for optical systems are

that they don't need to be so accurate and fast. Therefore mechanical scanning

seems to be the best solution.



3. Analysis of the sensor system

3.1. Introduction

In this chapter some methods for determining the distance from a transducer to an

object are proposed. Due to the wide beam width of an ultrasonic wave the angular

position must be determined with triangulation. The combination of triangulation and

time-of-flight measurement is therefore used to measure the location of objects in the

space of robot.

3.2. Definition of system conditions and requirements

• Ultrasonic airborne detection of multiple objects in a robot environment in three

dimensions.

• The objects close to the robot are more important than those farther away, due

to danger of collision.

• Object is defined as a space of 1 m3 working area of a robot.

• Farfield detection, this excludes objects very close to the robot.

• Objects are point reflectors (dimensions < A) or other objects which cause

diffuse reflection.

3.3. Measuring the distance to an object

To determine the distance to an object with ultrasound it's necessary to have a

method for measuring the time-of-flight (t.oJ). Time-of-flight is the time which elapses

between transmitting an ultrasound wave, and receiving the reflected wave. The

distance covered by the ultrasound wave can be easily calculated using the following

formula:

l=!1t·c

where ~t = time-of-flight, c = speed of ultrasound.

(3.1 )

Several methods for detecting the time-of-flight are available (see for instance [19] or

[24]). Some of these are listed below, ordered from simple to more complex detection.

• Threshold detection.

• Parabolic fit.

• Detection of envelope zero of two pulse trains.

• Correlation method.
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3.3.1. Threshold detection

Threshold detection is the most simple detection method. An ultrasonic transducer

emits a burst of sound of a certain frequency (e.g. 50 kHz). The time-of-flight is

determined by the moment at which the envelope amplitude of the echo signal

exceeds for the first time, some reference level as illustrated in figure 3.1. A variant to

this method determines when the energy of the reflected signal reaches some

threshold level.

time-ot-f1ight

Or------------.~

threshold
level

j

Figure 3.1: measuring time-of-flight with threshold detection.

In practice threshold detection can be accomplished through a rectifier, followed by an

integrator1, and a level detection which triggers when sufficient energy is received.

This method has two important drawbacks:

• When using narrow band piezo electric transducers (~relatively large rise time

of the sound pulse) and at low signal-to-noise ratios (SNR's), this method results

in substantial measurement errors. In fact, the received echo passes the

threshold level somewhat after the exact start of the signal, making the object

appear slightly farther away than it actually is. The detected time-of-flight is

thus dependent on the intensity of the echo. Broad band electrostatic

transducers can be a large improvement for this method, but still better methods

exist.

• When multiple objects have to be resolved, their minimum separation is

limited by the length of the emitted burst. If they are so close that the

received echoes overlap, then they cannot be separated.

1The integrator can be omitted in the case of amplitude detection.



Analysis ofthe sensor system 53

A simple solution for the second problem could be to minimize the length of the

emitted burst. A 1 ms burst gives a resolution2 of 17 cm. For a resolution of 2 cm, a

120 Ils burst is needed. However, when a burst becomes shorter, its energy

decreases, and so does the sensivity of the measurement.

3.3.2. Parobolic fit

As an alternative to simple thresholding, this novel estimator provides a parabolic fit to

the leading edge of the envelope to find an estimate for the time-of-flight [15]. This

method forms a trade-off between the complexity of the optimum correlation filter and

the biased threshold detector. One advantage of the parabolic method is that, like the

thresholding method, it uses only the leading part of the echo. Therefore a quick

estimate for the time-of-flight can be made without doing all the calculations needed

with the correlation method. Another advantage is that, even though the echo

envelope can change in amplitude, the leading edge still retains its parabolic form

making a more accurate estimate possible.

3.3.3. Envelope zero detection

A novel way for the measurement of the time of flight, based on the detection of

the envelope zero in an ultrasonic wave. A particular wave form is produced by

supplying two pulse trains subsequently to an acoustic transducer. Distance

information is retrieved from the zero, so a fully digital measurement is possible,

reducing signal-processing time and resulting in a fast and accurate distance

measurement (see [24]).

3.3.4. Correlation method

The correlation method for estimating the time-of-flight employs a matched filter that

contains a replica of the echo to determine. This method maximizes the SNR but is

time-consuming since it uses a correlation filter. Classical correlation can not be

performed before the entire echo is observed (see [19]). Hence, this method is best

suited for distant objects. In that case there will be no problem as long as there is

enough computational power. For nearby objects, it could be beneficial for the

estimate to be made at the beginning of the observed echo. This could be done with

simple thresholding.

2speed of sound wave(±340 m/s) divided by 2.
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Looking at the methods mentioned above, it becomes clear that the correlation

method gives good results for distant objects when enough computational power is

available. For nearby objects it's better not to observe the complete echo, but make

the estimate at the beginning of the echo, using simple thresholding or another

method. The choice made here is to use the correlation method whenever possible,

and in other cases simple thresholding will be used because it's easy to implement.

3.4. Matched filtering or optimal correlation method

3.4.1. Introduction

Threshold detection has two drawbacks as discussed earlier. First, the detected time

of-flight is dependent on the amplitude of the echo. Second, when multiple objects

have to be resolved, their minimum separation is limited by the length of the

emitted burst. If they are so close that the received echoes overlap, then they can't

be separated. A simple solution for the second problem could be to minimize the

length of the emitted burst. However, when a burst becomes shorter, its energy

decreases, and so does the sensivity of the measurement.

By using existing radar techniques (see [26]), the problems coming along with

threshold detection can be overcome, without a decrease in sensitivity. The solution

consists of the following:

• Optimal filtering the received signal using a matched filter3, to optimize the

signal-to-noise ratio, without a decrease in sensitivity.

• Carefully choosing the emitted waveform, to optimize resolution.

• Peak detection of the filtered signal instead of level detection, so that the

position estimate is amplitude independent.

3.4.2. Optimal filtering

Suppose that the emitted waveform is u(t). If a reflector is visible, the received signal

will be of the form ret) = A· u1..t - 't) + n1..t), where A and 't are, respectively the relative

amplitude and the round-trip delay of the echo. n(t) is the additive noise present in the

signal. Radar theory shows us (see [26], [27]) how to devise a filter, with impulse

response h(t), such that the filtered signal yet) = r(t)* h(t) has an optimal signal-to-

noise ratio. If n(t) is stationary white noise, it can be shown that h(t) must be

3The radar theory states that in the case of white Gaussion noise, point targets and no
apriori knowledge of the location of objects, then a matched filter will optimize the
signal to noise ratio.
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proportional to y(-t). Such a filter is called a matched filter (see Appendix D). Its

output will be the autocorrelation function (ACF) of u(t): Rxrt).

The detection as well as the position estimation of the reflector can now be carried out

by searching the maximum of y(t). If this maximum lies above a certain proposed

threshold level, then we assume that it corresponds with an object and is no artefact
of the noise. The distance d of the object then satisfies d = tm/2c, with tm the position

of the maximum and c the speed of sound.

In the presence of N reflectors, we get a linear combination of several Rx-pulses,

each one shifted 't i in time. Finding the 't i is not trivial in this case, because we now

have to look for local maximum in y(t). Theory states that an echo will yield a local

maximum in y(t): the peak of the main lobe of the ACF. The problem is however, that

the sidelobes of the ACF yield local maximum too. The peak detection algorithm will

thus have to discern between main lobe and sidelobes. Therefore it's important to

choose the transmitted waveform so that the ACF will have low sidelobes.

3.4.3. Choosing the emitted waveform

Define:

• Transmitted signal: u(t)
N

• Received signal of N objects at receiver r: L Gt-,r . uf....t - 't i,r) + n1...t)
i=l

The objective is to find a signal u(t) for which the autocorrelation (ACF) is the Dirac-

function, as drawn in figure 3.2

1

o
Figure 3.2: Ideal ACF, dirac function.

If the ACF of u(t) is a dirac function then the ACF of the received signal will be the

summation of the ACF of u(t) with a time delay and amplitude factor:
N

L~,r· ACF(t -'ti,r)' This is shown in figure 3.3.
i=l

Figure 3.3: ACF of multiple signals.
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In practice the ACF will not be an ideal dirac function but a smoother waveform or

even an ACF with sidelobes. The figures 3.5 and 3.6 show examples of possible

ACF's.

1

o
Figure 3.5: Small

ACF.

1

o
Figure 3.6: Practical

ACF.
Figure 3.4: ACF with sidelobes.

The problem is to find the signal

u(t), for which the ACF approaches the dirac function as close as possible. Since the

signal will also be accompanied by noise, the envelope of the ACF at the receiver will

look like drawn in figure 3.7. Note that the amplitude of the received signal will

decrease with increasing times due to damping of the ultrasonic wave.

Figure 3.7: ACF in practice

Now it's possible to find the 't i' S by using peak detection. With the 't / s known, the

distance is also known via formula (3.3). With the 't i I S a table looking like 3.1 can be

created to store the values. In practice noise will introduce extra peaks, this peaks are

assumed to have a lower amplitude. Therefore only peaks above a certain threshold

value should be detected.

Table 3.1:

receiver 1 receiver 2 '" receiverN
't, 't 't~ ... 'tN1

't., 't, ., 't.,., ... 't",.,

'" ... ... ... ...
'tr 't1 r 't2T ... 'tNT
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In order to simplify the remaining task of detecting the peaks in the filtered signal y(t),

we optimize the signal u(t). Linear frequency modulation (LFM) signals, for instance,

are used in various radar applications, because they have a very sharp

autocorrelation function. This means that, even if echoes are overlapping each other

in the original signal r(t), it is still possible that their peaks will be very well separated in

the filtered signal y(t). In this regard, a matched filter is also called a pulse

compression filter. In the following paragraphs some pulse compression filters will

be discussed.

3.4.3.1. White noise

The ACF of white noise is the Dirac-function as shown in 3.2. White noise thus results

in the best possible pulse compression. This is however impractical, since the

transducers used with ultrasonic detection have a limited bandwidth.

3.4.3.2. Pulse compression with linear frequency modulation

At the transmitting end of the system a signal with constant amplitude is modulated.

The transmission starts at t1 with the modulation frequency '1 and stops at t2 with the

modulation frequency '2 as is illustrated in figure 3.8. The modulation frequency varies

linearly with time and is therefore called linear frequency modulation (LFM).

Amplitude

O,f----..+---\--H++t+t+i+H-t1rf-L----.time

(a) (b)

(3.2)

Figure 3.8: LFM, (a) Modulation frequency versus time, (b) Amplitude versus time.

At the receiving end of the system it's possible to use a pulse compression filter to

compress the received signal as is illustrated in figure 3.9. This filter yields a time

delay M of the input signal as a linear function of the frequency (see figure 3.10). The

result is that the beginning of the pulse is delayed relative to the end, since a signal

with higher frequency will be delayed more than a signal with lower frequency. The

result is a narrower peak of the filters output signal. Since the law of conservation of

energy must apply, the amplitude of the output signal must be higher. The result is a

time compression ratio of the pulse:

Po T
il = 't

p
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Where P denotes the peak power of, respectively the output and input signal, and T
and 'tp the width of, respectively the input and output signal of the filter. Formula (3.2)

is known as the law of conversation of energy.

f \ Z\l\l\lV\f\N1

linear
frequency
modulation

linear time delay
compression filter

'tp

Figure 3.9: An overview of pulse compression with LFM.

L\t

~--~------/!
, ,, ,, ,, ,

Figure 3.10: Time delay versus frequency for linear pulse compression.

After filtering the LFM signal with the pulse compression filter, the compressed signal
will have the form of a sinc function as shown in figure 3.9. The mainlobe will be 'tp

wide. To reduce the sidelobes further, a sidelobe reduction filter can be used. See

[27] for an extensive description of pulse compression.

In case of LFM the compression filter can be implemented as a dispersive delay line.

A dispersive delay line is a device which delays the input as function of frequency.

These delay lines can be very complex and are not very well documented (see [27]).

For higher frequencies SAW4 filters are used to achieve this. Unfortunately these

filters, used in some radar and medical applications, are only available for very high

frequencies (> MHz). One of the reasons that the delay lines are very complex is that

the frequency spectrum of most ultrasonic transducers doesn't have the same

amplitude for every frequency, this has to be compensated. Another reason is that for

acoustic transducers the speed of sound is a function of frequency, this must also be

compensated. In radar applications this is not a problem since the signal will be

modulated on radio waves traveling at the speed of light.

4SAW = Surface Acoustic Wave (see [31]).
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Instead of using linear FM for pulse compression it's possible to use discrete coded

signals, e.g. polyphase codes or pseudo random noise. The matched filter can now

be implemented as a tapped delay line or with other digital methods. This avoids the

problems which are typical of dispersive delay lines.

3.4.3.3. Polyphase codes

Barker's codes (see [26, p.242]) result from the multiplication of a carrier wave (e.g. a

pulse or a sinus) with period 't by a bit sequence h(m:) equal to +1 or -1, where n is

the bit number. The function b is called the Barker sequence. Barker's codes have a

finite duration and provide transmitted signals with finite duration. The autocorrelation

function of a Barker's code binary phase-modulated signal is composed of a central

peak surrounded by secondary peaks, all with the same amplitude (see 3.Error!

Bookmark not defined.).

Table 3.2: list of possible Barker sequences.

Length Barker sequence

2 + + or - +

3 ++-

4 ++-+

5 +++-+

7 +++--+-

11 +++---+--+-

13 +++++--++-+-+

13

1

Figure 3.11: ACF of 13·bit Barker code word.
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It is easy to prove that no Barker sequence is possible with an even length (above 4).

Nobody found an odd Barker sequence above 13. In practice, that means that pulse

compression using a Barker sequence could not provide a pulse compression ratio

above 13. As a consequence only sequences with 11 or 13 length are effectively used

(the relative height of the central peak compared with the sidelobes peaks is equal to

the length of the code: Le. 13 for the last sequence, or 22.3 dB). In table 3.2 all the

Barker sequences are listed.

3.4.3.4. Pseudo random noise and others

Some other codes are available. For example the Golay code (see [26]), pseudo

random noise, and one of the many other codes used in radar technology. All these

codes have their own specific characteristics and application.

3.4.4. Implementation of the correlation filter

In the previous paragraphs pulse compression filters have been introduced. The

advantages of using pUlse compression are:

• Increase in average power which can be transmitted ~ higher range.

• Small detection pulse ~ higher resolution.

Some codes have been introduced which have sharp ACF with low sidelobes. A 13-bit

Barker code was chosen because of the following advantages:

• Easy to generate - digital code.

• Short bit sequence.

• Sufficient small sidelobes compared to the main lobe.

These three points led to the choice of the 13 bit Barker code. In cases where the

sidelobes need to be even smaller, it's always possible to resort to other codes or to

use sidelobe reduction filters.

At this point it's clear that the 13 bit Barker code will be used. To realize this the

signals shown in figure 3.12 will be used. A carrier signal with the frequency of the

transducer will be multiplied by the Barker sequence as follows:

• If bit in Barker sequence 1, then transmit carrier pulses.

• If bit in Barker sequence -1, then transmit inverted carrier pulses.
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Barker sequence
1.------,-----,----,--,------,

-1

T

Figure 3.12: Scheme of code to transmit.

In this example the carrier is a square wave of 4 pulses for each bit in the Barker

sequence, but it's also possible to use 1, 2, 8, etc. pulse per bit. Choosing the number

of pulses in the carrier depends on the following:

• The maximum allowed length of the total signal sent, depending on how close

the nearest object can be. When the signal is too long, it's possible that a close

object returns a signal while the transducer is still transmitting.

• How many pulses per carrier are needed to transmit enough energy.

Now the ultrasonic wave will reHect against objects and a receiver records the

reflected wave. The next step is to extract the time-of-flight from the received wave.

As shown earlier this can be done with a matched filter or optimal correlation filter.

Matched filtering means in this case cross-correlating the received signal r(f) with an

idealized echo signal i(f), Le. the signal that would be reflected if one single object

would be present and if no noise would be introduced. See Appendix E for more

information on correlation and convolution.
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3.5. Determining the location of objects

In the previous paragraphs some techniques are described to determine the time-of

flight from the transducer to an object. The distance is related to the time-of-flight via

the speed of sound. An ultrasonic transducer has a relatively wide beam width. For

this reason the angular position of the object is unknown. Triangulation can be used to

determine the angular position of the object. In this paragraph a number of

transducers is used to determine the angular position of objects.

3.5.1. Locating objects with multiple receivers, in two dimensions

In this paragraph we will see how to determine the location of a single object when the

time-of-flight to that object is known. With the time-of-flight known, the distance from

transmitter to receiver can easily be determined with the following formula:

[=l1t·c (3.3)

Figure 3.13 shows a simple system. which can be used to measure the covered

distance II =r + rl' With this knowledge we can obtain an ellipse. whose foci are at

the transmitter T and receiver R. which defines the possible locations of the object O.

x

Objectz

T----------.<....--.---------.

Figure 3.13: Configuration of measurement system with one transmitter and one receiver.

The formula for the ellipse is given by (see Appendix F):
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2 [ J2x+(dj2) + z -1

( (1,/2)) ~(l,/2)2 _ld/~2 -
(3.4)

The centerpoint of the ellipse lies at (dj2,O) , halfway between the transmitter and

receiver. When the covered distance II is known, an ellipse of possible locations of

the object can be drawn. The number of possible locations can be reduced for two

reasons. Firstly, ultrasonic transducers only transmit in one direction, so we can leave

out the solutions in the negative z-plane (z<O). Secondly, the beam width of the

ultrasonic wave is restricted, and only those locations which are within the detectable

area of both transmitter and receiver can be measured, as is illustrated in figure 3.14.

x

detectable area

I

Figure 3.14: Detectable area of measurement system.

The situation in figure 3.13 can be compared with a rope, where one end of the rope

is connected to the transmitter, and the other end to the receiver. The object is

connected the rope somewhere, and the time-of-flight can now be compared with the

length of the rope. When we move the object and hold the rope tight, the object will

make the path described by an ellipse.
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At this moment we determined on which ellipse the object is located. For determining

the absolute location of an object it's necessary to have more information. Therefore

we add a second receiver to the left of the transmitter, as shown in figure 3.15. With

this receiver we measure a second distance, the covered distance from the transmitter

to the second receiver. Now it's possible to calculate a second ellipse, corresponding

to the transmitter and second receiver.

z Object

x
----------- ---- ---.--~~--.---~~-----.

R2 T
~d-+--d----+

Figure 3.15 : Determination of one object with two receivers.

Locating the object is now in fact the same as determining the intersection of the two

ellipses. This triangulation method makes it possible to determine (see Appendix F)

the range r

Z2 +ti - 2d2

r = 1 2(ZI + ~) (3.5)

and azimuth e

(3.6)

where ZI = r + rl' Z2 = r + r2 and d the distance between the transmitter and one of

the receivers.
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With the range r and azimuth e the location of the object can be determined in the

direction parallel to the xz-plane. This means the position of the object can now be

determined in two dimensions.

3.5.2. Locating objects with multiple receivers, in three dimensions

The formulas (3.5) and (3.6) can be used for detecting an object in a two dimensional

space. For measuring in three dimensions the system must be extended in the y

direction. The formulas mentioned can be used to measure the range rx and azimuth

ex in the xz-plane using the receivers on the x-axis, and range ry and azimuth ey in

the yz-plane using the receivers on the y-axis. With the projection of the range and

azimuth on the xz-plane, and the yz-plane, the position of an object can be

reconstructed in three dimensions. Figure 3.16 illustrates the measurement of one

object with one transmitter and four receivers. The range and azimuth in the x

direction and y-direction can be determined by respectively, projecting the object on

the xz-plane or yz-plane.

z

x

, ", ,
1 ,/'
'/_____________ ______ ...Y

y

Figure 3.16: Measuring an object with four receivers in three dimensions

For the three dimensional case the ellipses can be represented by ellipsoids. Formula

(3.4) can therefore be extended in the y dimension by adding an extra term:

2 2 ( J2X + (d/2) y + (d/2) z 1

( (/,/2) ) + ( (/,/2) ) + ~(l';2)2 -1d/2j2 =
(3.7)
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Now we know how to determine the location of one object in three dimensions with

four receivers. What about multiple objects? How many receivers are needed to be

able to determine the location of more than one object? This will be discussed in the

next section.

3.5.3. Number of receivers compared with number of objects

The question is: how many receivers do are needed to unambiguously determine the

locations of more than one object? For simplicity the two dimensional case will be

discussed here. We already know that we need two receivers to locate one object

(see figure 3.15). How many receivers are necessary to detect more than one object?

In figure 3.17 the situation of two receivers, one transmitter, and two objects is drawn.

-- ......

---------------
''''',

""""\\

\ \
, '-----....---, ,, ,, ,, ,, ,, ,, ,, ,, ,

, ', ,, ,, ,, ,, ,, ,, ,, ,
,,' ,/

,1/ //
, ,, ,, ,, ,, ,

" ,
ii; ;,'

" ;i

-----:::~~::::::::~>/
"'- ...-.....-...-..-...... ------------

Figure 3.17: Detennination of two objects with two receivers.

From this picture it becomes clear that there are two crossings at the object points, but

also at two other (imaginary) points. These two points will be identified as real objects

while in reality they don't exist. From this the conclusion may be drawn that at least

one other receiver is necessary to eliminate these imaginary points.
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In figure 3.18 the situation of two objects and three receivers is depicted. Now there

are only intersection points where thre.e ellipses intersect on real object points.

Figure 3.18: Determination of two objects with three receivers.

By using more objects and drawing more ellipses it becomes clear that three

transducers suffice as long as the ellipses are sharp and the number of objects is not

too high. A sharp ellipse means that the covered distance can be determined without

measurement error, Le., no noise. The maximum number of objects is hard to

determine in practice since there will be measurement errors and objects obscuring

other objects.

Since three sensors is the minimum for locating multiple objects, four sensors will be

used to reduce measurement errors. Using more than four sensors is not necessary

and would mean: higher cost, bigger sensor system, more data to compute. In figure

3.19 an example of a four receiver system is shown.
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,
\

\
\
\

Figure 3.19: Detennination of four objects with four receivers.

Finally the theory can simply be extended to three dimensions analog to the case of

detecting one object.

3.5.4. Implementation of calculations

The basic principle for detecting the objects is known now. How can we implement the

calculation? Two methods will be presented here. Firstly, a method using the formulas

for the ellipse will be presented. Secondly, a method using the formulas for the range

and azimuth will pass in revue.

Now the first method for determining the locations of the objects will be presented.

The starting point here is the grid representation; the object space is divided into

smaller pieces according to some grid representations. The object space will thus be

determined by a fixed number of points. The idea is to check whether a point in the

grid contains an object or not.

To check whether some point in space contains an object 0 the folloWing steps have

to be carried out:
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• Determine the covered distances from transmitter to the objects, and back to the

receiver.

• Determine the ellipses using the covered distances.

• Substitute the coordinates of the unknown point in the ellipse formulas. When

the result equals 1, probably there is an object at that location.

Table 3.3: Covered distance versus coordinates.

coordinate covered distance covered distance
receiver 1 receiver 2

.. .. ..
(1,4) 9 8,12
(1,5) 9,6 8,7

.. .. ..
(n,n) .. ..

• It could be efficient to make a look-up table for a number of discrete points in

space (the grid) with their corresponding covered distances from each

transmitter to receiver.

From the cross-correlation diagram it's possible to extract peak values. These peak

values correspond with the time-of-flight of the objects. For each receiver there's an

autocorrelation diagram. With table 3.3 it's possible to correlate the covered

distances. This can be done in two ways:

• Points to peaks; systematically lookup the covered distances in table 3.3 for

each point we want to check. When the covered distances are known, check via

the corresponding cross-correlation diagram (table 3.1) whether there's a peak

at that position.

• Peaks to points; check with the peak values in table 3.1 if there is a

corresponding object point via table 3.3. Thus first take peak 1 of receiver 1 and

peak 1 of receiver 2, then look in table 3.3 if the values correspond with an

object. Do this for all peak values.

The second method for determining the locations of the objects is simply using the

formulas for the range and the azimuth. In the grid representation, the grid which lies

closest the measured range and azimuth, will be marked.
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This chapter discusses the measurements used to test the correlation and threshold

detection methods described in the previous chapter. The first paragraph describes

the line-up needed to perform the tests. The second paragraph describes the

measurements performed with one transducer. The third paragraph describes how to

measure the distance with one transmitter and two receivers. The fourth paragraph

describes how to set up a system for real-time measurement using a DSP. In the final

and last paragraph some conclusions are drawn.

4.1. Test line-up

Detecting obstacles with ultrasonic sensors in a two- or three-dimensional space

makes high demands on the measurement system. The received signals have to be

amplified and sampled (analog-to-digital (AID) conversion). Normally the

measurement system consists of more than one receiver, and more than one signal

has to be sampled at the same time. This could be done by one AID converter,

limiting the maximum number of receivers. A better approach would be to make a

modular system where every receiver has its own AID converter and memory.

Advantages:

• The sampled signal is available whenever needed, signals that are useless are

simply discarded.

• All signals are sampled at the same time.

• The system is easy scalable. It's easy to add extra sensors.

Disadvantage:

• Implementation of the hardware is Inefficient.

A similar problem arises with the generation of the transmitted signal. We need a D/A

converter to produce the desired waveform. This waveform has to be amplified and

then transmitted. It must be noted here that the signal to be transmitted can also be

generated by an analog circuit.

The requirements on the system are the following:

• Transducer is working at a frequency of 50 kHz.

• The minimal sampling frequency (Nyquist) to reconstruct the signal completely is

100 kHz. In practice however a higher sampling frequency is needed.

• Resolution of the AID-conversion should be high enough.
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Processing of the signals can be done in several ways. A fast implementation is a

system that uses a digital signal processor (DSP), as is discussed in the next

paragraph. The architecture of a DSP is particularly suited for the calculation of

convolution or correlation. A disadvantage of a DSP is that it is relatively hard to

program. Another possibility is to make our own processing software in Matlab or

ANSI-C, which results in slower calculations than with implementation on a DSP.

The first goal was to test the measurement methods designed earlier. Therefore a

system was designed, that could be implemented quickly. The system uses a digital

oscilloscope for the AID conversion. The acquired data is transported to a PC via an

GPIB-bus. On the PC runs a software package, that puts the data in a file on disk.

This software package (TestPoint) uses a GPIB1 object to communicate with the

digital oscilloscope. It must be noted that this implementation is only suited for testing,

for real-time application a faster system is needed, e.g., a system using a DSP. The

waveform (Barker sequence) that has to be transmitted by the transducer will be

produced by an electronic circuit (see Appendix C). The actual transmitting and

receiving of the ultrasonic wave is done by the driver and receiver circuits of the

transducer (see Appendix B). These circuits were initially used in the Polaroid design

kit, and are primarily used for amplifying and filtering the signals. This kit was originally

designed to send an ultrasonic burst of sixteen pulses and detect the reflected echo

using the threshold method. The circuits used for producing the sixteen pulses, and

performing the threshold detection are not needed are. Therefore these circuits were

replaced by respectively, a circuit for transmitting the Barker code (see Appendix C),

and the computer programs running on a PC in ANSI-C or Matlab. Figure 4.1

illustrates the test line-up.

(])
itter

transducer
Barker sequence "'- circuits "'-

generator ,
{>-

,
transm

manual----.
trigger

... GPIB-bus digital
receiver

PC ~ circuits ....
oscilloscope -<}-

....

Figure 4.1: Measurement system with movable receiver.

1A GPIB object can be any kind of equipment that is able to communicate with an
IEEE-466 or GPIB-bus. A digital scope or a wave generator sometimes has this
possibility. Via this bus it's possible to program and read data from the GPIB object.
It's possible to connect more than one GPIB object on the bus.
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4.2. Time-of-flight measurement with one transducer

In this paragraph the measurement of time-of-flight with one transducer, under several

test conditions, will be discussed. The measurement line-up is described in the

previous paragraph, and illustrated in figure 4.1. The calculations will be performed on

a PC with a program in Matlab or ANSI-C. The programs are described in Appendix G.

On a manual trigger the transducer generates an ultrasonic wave, which will be

reflected, and received by the same transducer. The received wave is recorded with a

digital oscilloscope and transferred to the PC via the GPIB bus. The connection

between the PC and the oscilloscope is done via software of TestPoint software. The

received data will be saved on disk and can be used for the calculations.

The sampling frequency of the digital oscilloscope is 5 MHz. This sampling frequency

is much higher than required. The received signal has a carrier frequency of 50 kHz,

therefore the minimal sampling frequency (Nyquist) should be 100 kHz. In practice this

value it is better to use a higher sampling frequency. A lower sampling frequency is

preferred for two reasons:

• Data acquisition is cheaper.

• A lower sampling frequency results in less data, and therefore in faster

calculation.

To simulate a practical situation, the data acquired by the digital oscilloscope, has to

be decimated to a lower sampling frequency (e.g., 200 kHz). This can be realized by

taking a sample from the acquired signal on every 25 samples. The sampling interval

will now be decimated to 5 1lS.

The test conditions which will be discussed are the following:

• A small ball with a diameter of approximately 10 mm is connected to the ceiling

of the lab via a thin string. The distance from the transducer to the ball can be

varied by changing the length of the rope. All objects in the environment of the

ball are removed to avoid false reflections. Two tests will be carried out. In one

test the distance to the ball is fixed and several measurements are made to test

the consistency of the measurement. In second test the distance of the ball to

the transducer is varied from 30 cm to over 1 m.

• The setup is the same as the in the previous test, except that two or three small

balls are connected to the ceiling at a fixed distance.
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• In this test all kinds of objects are used to test the correlation and threshold

detection: a mug, a pliers, a small plank, a cube of 10x10x10 cm, a small case,

a box of 24x50x30 cm, a thin horizontal rope, a sugar box, and finally a big ball.

• A board is placed at a certain distance from the transducer under several

angles.

• A small ball is placed at fixed position right above the transducer, at a distance

of 58.2 cm. The transducers will now be moved horizontally, and the ball will not

be right above the transducer. In other words, the response from the ball is

measured for different angles.

Two methods for calculating the time-of-flight were used:

• Correlation method.

• Threshold detection.

The correlation method uses an idealized or 'template' echo to perform the calculation

of the time-of-flight. But what is the idealized echo? The answer must be that it

depends on the objects being measured. The reflection from a plane surface will be

different from the reflection from a small ball, and the renection from a small ball is

different from the renection 'from a big ball, and so on. The best possible idealized

echo for a certain object is the echo reflected from that object and received by the

transducer. Correlating with this received echo, where the part of the signal caused by

the time delay must be cut out, results in the best possible correlation. It's however

impractical to use a 'template' for every possible object: there are simply too many

objects. Therefore we must restrict ourselves to one 'template.' To choose the best

template for common situations, some 'templates' will be tested:

• BALL: Reflection of a small ball of diameter approximately the wavelength of

the sound wave (Figure 4.4). This 'template' consists of 152 samples.

• SENT: The signal (Barker sequence) that is sent by the transducer (Figure 4.2).

This template consists of 110 samples.

• DIRECT: The signal that is received when there are no objects in the path of the

ultrasonic wave (Figure 4.3). This 'template' can be measured by using two

transducers: one as a transmitter, and the other as a receiver. This 'template'

consists of 160 samples.



Measurements 75

The first measurement is that of a single ball of diameter 9 mm. This measurement is

mainly done to show how the system is used. The ball is placed at a fixed distance of

0.70 m to the transducer, and all objects in the neighborhood are removed. The next

is to transmit the Barker code and receive (after reflection) the reflected echo. The
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Figure 4.3: 'Template' echo: DIRECT. Figure 4.2: 'Template' echo: SENT.

recorded signal is shown in figure 4.5. The first part of the acquired signal contains

noise caused by the transducer while transmitting. This part of the signal must be cut

out, and replaced by zeros. The sampling interval is 5 /ls, as stated earlier.
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Figure 4.4: Idealized echo signal. Figure 4.5: Signal reflected from a single small
ball.

reflection of a single small ball (Figure

4.5) when the part of the reflection caused by the time-delay is left out. Figure 4.4

shows the resulting "idealized" echo, and will be referred to as the BALL echo.

The received signal and the idealized echo can be used to calculate the cross

correlation with a program in Matlab or ANSI-C. The result (Figure 4.6) clearly shows a

peak at the position of the ball. The following data is needed to calculate the exact

position of the ball:

• Sample number of the peak: sample 934.
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• The length of the idealized echo: 130 samples.

• The speed of sound c at the current temperature is: 25°C => 346.3 m/s.

• The sampling interval: 51ls.

The following formula can be used to determine the position:

(sample nr -length' template')· interval· c (4.1)

With this formula the total distance of the ball can be calculated:

(934 -130)· 5e-6
. 346.3 = 1.39 m.

The distance from transducer to object is thus 1.39.! = 0.696 m. The measurement

error made with the cross-correlation technique is thus -4 mm. We can compare this

with the threshold method (threshold at amplitude 5): 0.704 m. The measurement

error made with the threshold technique is thus +4 mm.
amplitude
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Figure 4.6: Signal after cross-correlation.

Next is again the measurement of a single small ball at a fixed position from the

transducer. The test will be performed fifteen times to test the consistency2 of the

measurements. The results of correlation with the three templates: SENT, DIRECT,

and BALL will all be compared with the results of the threshold detection.

The following conditions apply for the measurements: the distance d between the

transducer and the ball is 0.577 m, the temperature Tis 295.4 K, the speed of sound

c is 344.8 mls at T, the sampling interval L\ t is 51ls, the threshold for threshold

detection is 10.

2A good test of the consistency should perform the tests over a thousand times, but

due to practical limitations this was not possible.
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The results of the measurements are shown in Table 4.1. The following properties

have been calculated: mean, standard deviation and maximum error. Not mentioned

in the table are the peak sidelobe ratio (PSR) which is approximately 5, and the peak

to-peak voltage (Vpp) of the received echo that is approximately 2 V. The noise level

(Vnoise) is at approximately 150 mV. The signal-to-noise ratio (SNR) is thus 13.

To reduce the mean error, the speed of sound value can be corrected. The advantage

is that the results of the measurements will be more accurate, and uncertain

environment conditions are cancelled out. The correction can be used in practice by

calculating a 'reference' distance to a known object.

The results in table 4.1 show that after correction we get a better view of the accuracy

of the measurements. Therefore, the results after correction will be discussed here.

Threshold detection gives the best results when measuring a small ball. It must be

noted however that the SNR of 13 is high, and therefore threshold detection works

very well. In situation where the SNR is low threshold detection will give worse results.

The correlation 'template' SENT gives better results than BALL and DIRECT for the

standard deviation in this test. The maximum error is however smallest for the

DIRECT 'template'.

Table 4.1' Result of 15 measurements before and after correction,

detection mean error standard deviation max. error speed of

method (in mm) (in mm) (in mm) sound

(in m/s)

BALL -10.3 2.0 -13.3 344.8

DIRECT -12.7 1.4 -15.0 344.8

SENT 4.2 1.1 5.7 344.8

Threshold(>10) -0.61 0.53 -1.2 344.8

after correction:

BALL 0.09 2.0 4.1 351.1

DIRECT 0.03 1.5 2.3 352.6

SENT 0.004 1.1 2.8 330.0

Threshold 0.06 0.53 1.2 345.2
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The previous measurement was a test of the ball at fixed position. In the next test the

distance from transducer to ball is varied between 30 cm and 1 m. Table 4.2 shows

the result of the tests. In addition figure 4.7 shows the measurement error versus the

distance for threshold and correlation detection.

fdaftb fd' tT bi 42 R I fa e .. esu t a measurements at varymg IS anees, e are an er eorree Ion.

detection mean error standard deviation max. error speed of sound

method (in mm) (in mm) (in mm) (in m/s)

BALL -6.1 1.8 -9.0 346.24

DIRECT -9.3 1.5 -11.9 346.24

SENT 7.5 1.5 10.7 346.24

Threshold (>5) 1.2 1.9 5.2 346.24

after correction:

BALL 0.03 2.7 7.9 349.8

DIRECT 0.02 3.5 7.6 351.7

SENT 0.05 2.9 6.7 342.0

Threshold 0.01 1.8 -6.6 345.6

0.8 1

0.4 0.6 0,8
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correlation with template: DIRECT
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Figure 4.7: Measurement error versus distance for the threshold detection and the
templates: SENT, BALL, DIRECT.
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The following test describes the measurement of two or three balls close to each

other. The correlation is performed using SENT, the temperature T is 296.8 K, and the

speed of sound 345.6 m/s. Two measurements with two balls, and one with three

balls were done. Threshold detection was performed to measure the distance to the

first object.

'h I'Ibll fT bi 43 R I fa e , , esu t 0 measurements WIt mu tlpJe a s, a ter correctIOn,

measurement peak distance distance distance error

number correlation threshold actual correlation

inmm inmm inmm inmm

two balls(1) 1 577.5 580,5 580 -2.5

two balls(1) 2 596.3 - 596 0.3

two balls(2) 1 572.3 572.7 570 2.3

two balls(2) 2 667.2 - 668 -0.8

three balls 1 581.7 581.3 580 1.7

three balls 2 594.6 - 596 -1.4

three balls 3 664.6 - 665 -0.4

Table 4.3 shows the results after correction. The correction was determined by the

mean error of the measurements, the resulting speed of sound was: 341.7 mls for the

correlation, and 345,0 mls for the threshold detection. The standard deviation for the

correlation measurements is 1.9 mm. From the results we can conclude that detection

of multiple balls very well possible. Threshold detection can only be used for the

detection of the first echo. Figure 4.8 shows the received echo of three balls. The

echoes of the three balls overlap and can't be distinguished. After cross-correlation

(Figure 4.9) three peaks appear in the signal, from which the distances to the balls

can be determined. Care must be taken to choose a threshold to only detect the

peaks causes by the balls, and not the peaks caused by noise or sidelobes. In this

Amplitude ampltude
14 150

12 100

10
50

a
0

6

-50
4

2 -100
nu_of umberrA

0 ..rope, -150 samples

0 200 400 600 aDD 1000 1200 0 200 400 600 800 1000

Figure 4.9: Result of correlation with SENT Figure 4.8: Echo received from three balls.
and received of three balls.
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case a threshold value of ~ of the maximum peak value works very well.

In the following tests all kinds of objects are used: a mug, a pliers, a small plank, a

cube of 1Ox1 Ox1 0 em, a small case, a box of 24x50x30 em, a thin horizontal rope, a

sugar box, and finally a big ball. Both correlation and threshold detection will be

performed. The 'template' SENT will be used for the correlation. The temperature

during the measurements was 295.5 K, and the speed of sound was thus 344.8 m/s.

Correcting the speed of sound is not possible since only one measurement is

performed for each object. This can result in some structural errors in the

measurements.

Mug at distance 64.6 em: Threshold detection gives 64.8 em. Correlation gives 65.0

em. The result of the correlation is a broad peak instead of a small peak.

Pliers at distances 63.1 em (one end) and 63.4 em (other end): Threshold detection

gives 63.4 em. Correlation results in four peaks of which the first is the sharpest. The

first peak is at 63.9 em.

Small plank at distances 52.3 em and 53.6 em (plank hangs oblique): Threshold

detection gives 52.4 em. Correlation results in two broad peaks, but the distance

between the peaks is much more than the distance between the edges of the plank.

Cube at distance 41.3 em (cube hangs oblique): Threshold detection gives 44.1 em.

Correlation gives also 44.1 em for the highest peak. The correlation is not useful since

there are more than 10 peaks.

Small case at distance 48.7 em: Threshold detection gives 50 em. Correlation gives

two peaks, and is not useful.

Box at distances 65.0 em (one end) and 85.0 em (other end): Threshold detection

gives 66.8 em. Correlation gives one peak at 67.0 em.

Horizontal rope (diameter 0.5 mm) at distance 53.3 em: Threshold detection gives

53.5 em. Correlation results in a distance of 52.7 em for the first large peak. The

correlated signal is spread out, and a lot of peaks are following the first peak. This

result can be explained by the fact that an echo is returned under several angles.

Sugar box at distance 57.8 em: Threshold detection gives 58.4 em. Correlation

results in 58.5 em for the first high peak. The resulting correlation is not useful

because a lot of strange peaks occur due to multiple reflections inside the (open) box.

Big ball at distance 60.0 em: Threshold detection gives 60.4 em. Correlation gives two

broad peaks of which the lies first one at 61.3 em.



Measurements 81

In the next test a board is placed at a distance from the transducer under angles

ranging from 0° to 20°. Figure 4.10 shows the result of correlating the 'template' SENT

with the echo of a board at 0°. The peak in the middle is the shortest distance at right

angles to the board. The other peaks probably result from the echoes received on the

angles that are not perpendicular to the board. The result of the correlation for

different angles of the board are like in figure 4.10 all the time. The middle of the peak

is the shortest distance to the board with a maximum error of 2 em.
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Figure 4.10: Correlation of SENT with echo of a plank.

In the following test a small ball is placed at fixed position right above the transducer,

at a distance of 58.2 em. The transducers will now be moved horizontally, and the ball

will not be right above the transducer anymore. In fact the response from the ball is

measured for different angles. As measure for the response we will use the signal-to

noise ratio (SNR). The noise level of the echo is steady at 15 mY. The minimum SNR

needed for correlation detection is two. Lower SNR gives unpredictable results.

Threshold detection needs a higher SNR to give good results.

SNR
10~-~-~-~-~-~-----'
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4

2

0'---'-~-~-~-~-~------!I
o 2 4 6 8 10 12

angle On degrees)

Figure 4.11: Signal-to-noise ratio of echo.
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4.3. Measurements with one transmitter and two receiver

A system with one transmitter and two receivers can be used to locate a small object.

The time-of-flight is measured from two different viewpoints. TriangUlation is then

used to locate the object using the intersection point of the two ellipses. The time-of

flight will not be measured exactly, but it will contain an error ~1. The result is an

uncertainty boundary of the ellipse. Figure 4.123 shows the situation where the

distance to ball is measured with an uncertainty denoted by the shaded area.

Triangulation can still be used to locate the object, but the intersection point is

transformed to an area of uncertainty. In figure 4.12 the uncertainty area is denoted

by the checked area. The corners of the area are called: a, b, c, d.

V
T

c
b

Figure 4.12: Uncertainty area when measured distance contains an error.

The corners of the uncertainty area can be determined by filling in the uncertainties ~

11 and ~12 in formulas (3.5) and (3.6) (derived in Appendix F) in the following manner

for each corner:

• a: 11+~11 and 12- ~12' largest negative error of 8.

• b: 11-~11 and '2- ~12' largest negative error of r.

• c: 11-~11 and 12+~12' largest positive error of 8.

• d: 11+~11 and 12+~12' largest positive error of r.

3Note that the angle 8 is zero, and therefore not drawn. In the other situations the

angle can be non-zero.
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Matlab was used study the effect of the distance between the transducers and the

range error on the absolute locations of the object (using r and e). To visualize the

situation the number of variables had to be reduced in the following manner:
d =d1=d2, l = 11 =12, !ll2 =O. The spacing (d) between the transducers is varied from

0.01 to 0.5 m, I is chosen at 1.0 m, the error .1.11 between -0.005 and 0.005 m. The

result of the simulation is shown in figure 4.13. In figure 4.13a it can be seen that, at a

transducer spacing close to zero, the error in the range r is small. At a transducer

spacing of approximately 0.5, an error in the measured distance .1.11 of 5 mm results in

an error in the range of 1 mm.
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Figure 4.13: Simulation of the effect of the measurement error and distance between the
transducers on the measurement of r (part b)and e (part a).

Figure 4.13b shows that a small transducer spacing leads to a severe error on the

measured range of 0.5 ad (==29°). For a larger spacing this error goes to zero. The

conclusion from the figures is that the transducer interspacing must not be too small,

since this will lead to an error in the measured angle. On the other hand, the

interspacing must not be too large because an error in the measured range would

result. In figure 4.13 a transducer spacing of 0.25 m would suffice. Note that the

optimal interspacing is a function of the range and azimuth. The range and azimuth

are also restricted due to other properties. When the azimuth is too large the

ultrasonic wave may reflect away from the sensors, and the range is restricted to the

maximum range that can be measured.
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4.4. A measurement system using a DSP

The measurement system described in the previous paragraphs was used to test the

measurement methods developed earlier. In practice we need a system that

measures the time-of-flight in real-time. The goal is to develop a system that is built in

a modular fashion, i.e., it must be easy to add or remove sensors if necessary. Central

in this system is the PC (or any other computer) which handles among others the

communication between sensors, data acquisition boards, DSP, and calculations

necessary for robot control. Important in this system is the DSP that takes care of the

data acquisition and calculations, necessary to measure the distance to an object

(cross-correlation). In figure 4.14 this is illustrated: on one side stand the PC and its

communication with the DSP, on the other side stands the DSP with data acquisition,

calculations and sensors.

data
acquisition

Figure 4.14: A measurement system using a DSP.

In this system the DSP provides the calculations necessary in the system, and the PC

collects what it needs. The heavy workload is taken off the PC to the DSP.
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4.5. Conclusions with respect to measurements

A simple test line-up has been used to measure the distance to various objects. The

Barker sequence multiplied by a carrier was transmitted by an ultrasonic transducer

from Polaroid. The resulting sound wave was, after reflection against one or more

objects, recorded with a digital oscilloscope. Two methods were used to determine the

distance covered by the ultrasonic wave: threshold detection cross-correlation.

The implementation of the threshold detection is straightforward. The threshold level

must set above the noise level. The first time the signal exceeds the threshold is the

moment that the ultrasonic wave is detected. When the reflected signal contains

significant noise, then threshold detection can not be used the measure the distance.

The cross-correlation technique needs a 'template' echo to detect an object. Round

objects with dimensions in the order of wavelength (±7 mm) are very well suited for

correlation detection. These objects cause only one reflection, and also diffuse

reflection. Three 'templates' were tested under various conditions: one template is the

signal transmitted, another second signal is the signal reflected from a small ball, and

a third is the signal received when no objects are in the path of a transmitter and

receiver.

In the first test a ball is located at a fixed distance. A number of measurements were

carried out, and the mean error, standard deviation and maximum error were

determined. The measured time-of-flight was multiplied by the speed of sound. This

resulted in a large mean error of 4 to 10 mm, and maximum error ranging from 6 to 15

mm. Therefore, the speed of sound is corrected in order to reduce the mean error.

After the correction the mean error is zero, and the maximum error ranges from 2 to 4

mm. In this test the best 'template' is the transmitted signal, having a standard

deviation of 1.1 mm. The threshold detection performs better than the correlation

technique: standard deviation 0.5 mm, and maximum error 1.2 mm. One possible

reason for this is that the autocorrelation signal of the transmitted signal has high

sidelobes. The peak sidelobe ratio (PSR) of the Barker signal should be 13, but in

reality it is 9:1. The most reasonable explanation is that the transmitted signal is not

exactly the Barker sequence.

In the next test the distance from the transducer to the ball is varied from 0.25 to 1 m.

The measured standard deviation is larger than in the previous test because the

distance was by hand using a measuring rod, resulting in an error of 1 or 2 mm. Using
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the transmitted signal as 'template' again gives the best when using the correlation

technique. The threshold method gives a better result compared with correlation.

The next test is used to measure two or three balls. The distance between the balls is

in the order of mm. The threshold technique can be used to detect the distance to the

first ball. In the received signal the echoes of the three balls overlap, but in the cross

correlation diagram the three signals are separated and form three peaks. The

maximum error measured was 2.5 mm.

Next, a test was done using various objects, ranging from a mug to a thin rope.

Threshold detection can be used on all these opjects. The correlation technique can

give some strange results when using transmitted signal as 'template'. The reason is

that these objects can be seen as a set of point objects very close to each other. All

these echoes (with different amplitudes) add up in the received signal. Correlating the

received signal with a 'template' causes a lot of peaks to occur in the correlation

signal. Often no detection is possible, but sometimes it's possible. The correlation

diagram of a plank shows a the large peak between other peaks for the shortest

distance to the plank. Often the largest peak occurs at the closest point to the object.

Note that even from a thin rope at a distance of one meter a detectable echo is

received. One possible use correlation for all kind of compex objects (e.g. a plank) is

to use the received echo of the signal as 'template' for correlation. The correlation

diagram could also be used in another way: recognizing the object via pattern

recognition.

To test the beam width an object was placed under several angles. The result is that

the full beam width of the Polaroid transducer is approximately 15°, as was given by

Polaroid.

Finally the influence of the transducer spacing on the measurement of the radius r
and azimuth ewas examined. The conclusion from the figures was that the transducer

interspacing must not be too small, because this will lead to an error in the measured

angle e. On the other hand, the interspacing must not be too large because an error in

the measured range r would result. It is difficult to give absolute values on the best

interspacing. For a measured distance of 1 m with an error of 5 mm, an interspacing

of 25 cm is possible.



5. Conclusions

A system was described which is able to determine obstacles in a three-dimensional

robot environment at a range of 1 m3. Acoustical sensors were found most suited for

this purpose. Some advantages of ultrasonic sensors are:

• They are generally of small size that make them easier to use especially in

robotic application, and give in real-time a measure.

• Low cost, robustness, and good precision.

• No artificial lighting is necessary.

• High sensivity, to detect small objects.

Some disadvantages ultrasonic sensors are:

• Atmospheric movements disturb the measurement and can reduce the range.

Working can be disturbed by noise (industrial for example) which induces

detection errors.

• The collection of measurement may be affected by the sensor (movement of a

manipulator arm or mobile robot). For precision measurement or for high speed

robot displacement, it is necessary to take the displacement into account.

• Due to the acoustical beam width of the transducers, the angular accuracy of

the measurements is low (in the order of 10 to 20 degrees).

• Acoustic measurement is slow compared to light due to lower speed of acoustic

signals.

• Due to the high wavelength, it's more difficult to manipulate acoustic beams

(focusing, collimating). The wavelength of acoustic beam for a 50 kHz

transducer is ±7 mm, which is much larger than the roughness of most indoor

surfaces. As a result, the reflection of ultrasonic beams off smooth surface can

reflect away from the sensors and become invisible or create multiple

reflections.

The range of object(s) is determined with Polaroid ultrasonic transducers using time

of-flight and triangulation. Time-of-flight can be measured using threshold detection or

the cross-correlation technique. With threshold detection one object was measured

with a maximum error of 1.2 mm. The cross-correlation technique resulted in a

maximum error of 4 mm. The speed of sound must be chosen in such a way that the

mean error reduces to zero. Finding the right value of the speed of sound can be

done by measuring the distance to an object at fixed distance. Cross-correlation uses

an idealized echo or 'template' signal to correlate with the received signal. The best

template for small objects is the transmitted signal: the Barker sequence multiplied by
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a carrier wave. This signal has a sharp autocorrelation function with low sidelobes.

The electronically generated Barker sequence (multiplied by a carrier wave) is

however not ideal, resulting in some sidelobes in the autocorrelation function.

Reducing these sidelobes will result in lower measurement errors.

With cross-correlation it is possible to measure the distance to more than one object

at the same time. The objects must cause diffuse reflection of the sound wave. Small

balls of diameter of approximately the wavelength (±7 mm) are such objects. In the

original signal the echoes of the three objects may overlap, but after cross-correlation

sharp peaks occur at the location of the echoes. For more complex objects (for

instance, a plank or a mug) the cross-correlation still gives peaks at the location of

object points. However, there are a lot of object points and it will be very difficult to

determine the range to the object. A possible solution is to use the received echo of

the object (without the time delay) as 'template' for correlation. The problem is that a

lot of 'templates' and information on the object are needed.

The conclusion is that signals containing no significant noise can be detected with the

threshold detection. As the noise level increases, the threshold level must be

increased, which results in worse measurements of time-of-IIlght. To detect more than

one object or when objects are in a noisy environment cross-correlation can be used.

If however, complex objects are measured a special 'template' is needed or threshold

detection can be used to detect the closest point of the object.

It must be noted that the cross-correlation technique should produce better results

than threshold detection, since more information is used. A possible reason that

threshold detection gives better results is the frequency response of the transducer

and its electronics (a band filter is used). A frequency analysis should be done to

check jf it is possible to improve the cross-correlation technique.

The triangulation with the time-of-flight was not measured but simulated. An optimal

spacing of the transducer can be determined depending on the measured distance.

The interspacing of the transducer must not be too small as this will result in an error

in the measured angle. On the other hand, the interspacing must not be too large

because an error in the measured range would result.

The tests were performed on a simple system, a system for real-time measurement

using a DSP was proposed.
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The beam width of ultrasonic transducers is too small to create a wide field of view.

Three methods were discussed to create this wide field of view. First, electronically

scanning with ultrasonic arrays was discussed. At the moment these arrays are not

realizable. One of the main problems is that the array components (transducers) have

to be separated at least half a wavelength to eliminate sidelobes. However, available

transducers are greater that half a wavelength, and therefore it is impossible to

compose an array of loose transducers.

A second solution is to increase the number of sensors in such a manner the a wide

field of view is realized. Disadvantage is the large number of sensors that are needed.

Finally, mechanical scanning was posted. Some disadvantages are that they are often

large, slow, and liable to dust and wear. Two advantages of mechanical scanning

devices for ultrasonic system compared with scanning devices for optical systems are

that they don't need to be so accurate and fast. Therefore mechanical scanning

seems to be the best solution.



6. Recommendations

The choice has been made to use electrostatic ultrasonic transducers from Polaroid

because they were widely available and were delivered with driver electronics. The

piezo electric sensors from Murata have the advantage that they are cheaper and

smaller. They should be tested to see if they are give the same results as the Polaroid

transducer.

It must be noted that it is possible that better methods for estimating time-of-flight (see

for instance [24]) than threshold detection and cross-correlation exist. A choice had to

be made, resulting in the methods above. This doesn't mean that these methods

necessarily are the best. Any solution which will improve the above methods should

be considered. It is also possible that a sequence exists with a sharper autocorrelation

function and lower sidelobes than the Barker sequence. Also these should be

considered.

The generation of the Barker sequence is at the moment implemented in an analog

circuit. A more flexible system can be made by generating the Barker sequence via a

computer or DSP. Then, other codes could be tried. Another advantage is that in this

way the imperfections in the analog circuit can be solved. These imperfections result

in sidelobes in the autocorrelation function of the barker code.

As long as electronic scanning with arrays is not practicable, mechanical scanning is

proposed. For example, this can be realized with the principle of a joystick but then in

the reverse way. The potentiometers in the joystick are thus replace by little motors

and the transducer is placed on the stick of the joystick.
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Appendix A: The Polaroid electrostatic transducer

This appendix describes the environmental ultrasonic transducer made by Polaroid.

Ordering number 607281, price f 16.50 Dutch gUilders.

A thin foil is the moving part which transforms electrical energy into sound waves,

and, conversely, sound waves into electrical energy (Figures 1.2 and 1.1). The foil is

plastic (kapton) with a conductive (gold) coating on the front side; it is stretched over a

metallic (aluminum) backplate. Backplate and foil represent an electrical capacitor.

The backplate has a series of concentric grooves over which the foil is suspended.

When charged, an electrostatic force is exerted on the foil. An AC voltage of given

frequency forces the foil to move the same frequency and to send out sound waves. A

DC bias is applied externally. A steel spring transfers the voltage from the backplate

and holds the foil under constant tension. The perforated front cover mechanically

protects the foil with a small loss of signal strength. The foil chosen has to be

noncreeping, elastic, yet light and extremely thin. The insulating part has to withstand

high fields without punching through.

HOUSING

300 VOLTS

GOLD PLATED PLASTIC FOIL

LEAF SPRING

TRANSDUCER ASSEMBLY

Figure 1.1: Transducer assembly· exploded.

INNER RING
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Figure 1.2: Cross-sectional view of transducer.

The next 6 pages contain the datasheets of the environmental ultrasonic transducer.
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ENVIRONMENTAL
ULTRASONIC TRANSDUCER

i§Polaroid

"PID" 607281

r r
1.690
OIA.

1.513
OIA.

i (-I 0

i
1.580 1+1
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This instrument grade ultrasonic transducer is ~ .32t
specifically intended for operation in air. The
assembly comes complete with an integral 59
protective cover. .1

-.- ---

ELECTRO-ACOUSTIC CHARACTERISTICS

Type
Usable Transmitting

Frequency Range
Usable Receiving

Frequency Range
Beam Pattern
Minimum Transmitting

Sensitivity at 50kHz
300 VAC pk-pk, 150
VDC bias (dB re 20 uPa
at 1 meter)

Minimum Receiving
Sensitivity at 50 kHz
150 VDC bias (dB re 1v/Pa)

Suggested DC Bias Voltage
Suggested AC Driving Voltage
(peak)
Maximum Combined Voltage
Capacitance at 1 kHz (typical)

150 VDC bias

zo
iii
:>
5

Electrostatic

See Graph 1

See Graph 2
See Graph 3

110dB

-42 dB

150V

150V
400V
400pf

zo
iii
:>
5
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GRAPH 2. TYPICAL FREE FIELD RECEIVE
RESPONSE

GRAPH 3. TYPICAL BEAM PATIERN AT 50 KHz

lD
"0
II)

ENVIRONMENTAL CHARACTERISTICS 
OPERATIONAL

10 KHz 20 30 40 50 60 70 80 9'0 100

GRAPH 1. TYPICAL TRANSMIT RESPONSE

MECHANICAL CHARACTERISTICS

Temperature Range -20 D F to 160 DF
(- 30 DC to 70 DC)

Combined transmit and receive sensitivity
variation is less then 6 dB over this range.

Construction
Diaphragm
Housing

24K gold on Kapton Film
Stainless Steel

Relative Humidity 5% to 95%
non-condensing
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ENVIRONMENTAL CHARACTERISTICS
EXPOSURE

Salt Spray Exposure
5% salt spray solution at 95°F (35°C) 96 hours

FIGURE 1. POLAROID TEST ENCLOSURE

After each test, transducers were cleaned and dried
if necessary. Measurements were then taken at room
temperature.

24 hours

20 cycles

Water Immersion (vent hole sealed)

Sand Bombardment
SOml fine sand poured from 4 feet
onto front grill

Chemical Exposure
Gasoline, acetone, SUlphur dioxide. Samples
sprayed with/exposed to chemical then placed in
120°F (49°C)/90D/o relative humidity environment for
24 hours.

SPECIFICATIONS SUBJECT TO CHANGE
WITHOUT NOTICE.

FreezelThaw Cycle 4 cycles
Spray with water, drain, expose
to -20DF (-30DC) for 20 minutes, allow to
warm to room temperature.

Shock and Vibration
50 G peak in each direction along 3 perpendicular
axes, pulse duration: 6.5 ms;
6 G's RMS 20 • 2000 Hz for 6 minutes

No claim for performance is made without an
enclosure providing protection equal to or better than
that prOVided by the POLAROID TEST ENCLOSURE.
Similarly, no claim is made for performance in any
other environments or under any other conditions than
those described herein.

WARRANTY: We will, within 90 days from date of
shipment, replace or, at our option, repair any
products or parts thereof sold hereunder which are
found to be defective in material or workmanship. Our
obligation with respect to such products or parts shall
be limited to replacement or repair f.o.b. Cambridge,
Mass. and in no event shall we be liable for
consequential or special damages, or for
transportation, installation, adjustment, or other
expenses which may arise in connection with such
products or parts. No waiver, alteration or modification
of this paragraph shall be valid unless made in writing
and signed by an executive officer of Polaroid.

- 40°F to 250°F
( - 40°C to 120°C)

SECTION View

VERTICAL r
DIRECTION

STAINLESS STEEL
ENVIRONMENTAL
TRANSDUCER

HOUSING
MATERIAL: VALOX RESIN

TWIST-LOCK
HOUSING

TUNED I
PROTECTIVE .
GRILLE il

A\~Le

NOTE: The following tests were performed with the
transducer housed in the POLAROID TEST
ENCLOSURE (see FIGURE 1). The TEST
ENCLOSURE protects the sides and back of the
transducer from exposure to any foreign matter. The
rear of the transducer is vented to atmospheric
pressure. Output and sensitivity of the transducer are
reduced slightly when used in this enclosure.

Variation in combined transmiUreceive sensitivity at
50kHz was no more than 4.5 dB after anyone of the
following tests.

Storage Temperature Range
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ENVIRONMENTAL ULTRASONIC TRANSDUCER
MOUNTING SUGGESTIONS

The following guidelines should be used when designing your own housing for the Polaroid Environmental
Ultrasonic Transducer.

SEALING FORCE APPLIED
OVER 4 SHADED REGIONS
(SEE NOTE 1)

REAR VIEW

(i --INTERIOR
(PROTECTED
ENVIRONMEND

I
I

~

(SEE NOTE 2)----l
SIDE VIEW

EXTERIOR

HERMETIC SEAL
PROVIDED BY
O-RING OR
ELASTOMERIC
SEALANT

NOTE 1
A uniform force must be applied on the plastic ring shown if an a-ring is used as a seal. The use of an
elastomeric sealant such as RTV silicone rubber eliminates the need for a seal clamping mechanism.

NOTE 2
Provisions must be made to provide for equalization of air pressure between the front and rear of the
transducer. The location and design of this vent must be such that water, dust, corrosives, or foreign matter
are prevented from reaching the transducer's interior surfaces.
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SINGAL ATTENUATION VS. RANGE

t = 20 DEG C

RH =40%

PRESSURE =1 ATM.

o

-10

-40

-30

-20

-50

#~..--
~# ;--.. .... X = 2.5 METERS

""'- ..........o~ __#__ .... ...__..

""'-"""""""0 #--#__ X = 5 METERS
+ ~ #--#""'- 0____ --#__#

""'- 0 ____

+ 0____ X = 10 METERS

~ ° 0

+~ ~~o
+~

+

~+ X = 20 METERS

~+
~
+~

-60 +---+---t---+----+----+---+------l----+----t--~

-m
'"C-
z
o-t-«
::J
z
w
t
t«
..J«
z
Co'-CJ)

o o... o
C\I

o
M

o..,. o
II)

o
to

o,... o
CX)

o
en o

o...

FREQUENCY (KHz)



.. = 5 DEG
# = 10 DEG
+ = 15 DEG
0= 20DEG

10

8

6
5-J: 4

U 3Z-en 2

:J
C
< 1a: .8
a:
LLI .6
U .5
:J .4
C
en .3
Z
< .2a:
~

The Polaroid electrostatic transducers 105
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ATTENUATION CONSTANT AS A FUNCTION OF
TEMPERATURE AND RELATIVE HUMIDITY

deg F 15% 20% 25% 30% 35% 40% 45% 50% 55% 60% 65% 70%

63 .2162 .2570 .2984 .3387 .3764 .4104 .4398 .4642 .4833 .4975 .5070 .5124

68 .2456 .2973 .3480 .3950 .4362 .4703 .4968 .5157 .5276 .5335 .5343 .5311

73 .2823 .3462 .4506 .4567 .4972 .5264 .5447 .5537 .5551 .5505 .5418 .5302

78 .3272 .4033 .4687 .5189 .5526 .5710 .5767 .5730 .5626 .5479 .5309 .5127

83 .3807 .4671 .5330 .5751 .5952 .5981 .5889 .5723 .5516 .5291 .5063 .4842

1009080

63 F ....... ...
83 F ---
73 F ----
68 F --
78 F _.-

70605040302010

--~ .-:-......... -
~ ,.., __ <e~~. --~

/ //
""- ." - . .. . . =-=--~-:::"""'-o :.:"....

-' .... .-...-- -- -. ".. ---- .-.... --'/ ~". ... ---..... .--h ·/ :~~........ ---- .
I.~ ", ••••

~
/ / "" .. 'Ib ~ ...

'~~.'.~....

1.0

0.9

- 0.0--......
aJ
"0- 0.7I-
Z
<:
I- 0.6(f)

z
0
0 0.5
z
0
;:: 0.4
<:
::J
z 0.3UJ
l-
I-
<: 0.2
<:-

0.1

0.0

0

% RELATIVE HUMIDITY

FREQUENCY: 50000 Hz PRESSURE: 1 fltm.



Appendix B: Ultrasonic design kit

This appendix contains information on the ultrasonic design kit manufactured by

Polaroid. The order number is 606783, and the price is f 272,- Dutch guilders. The kit

contains 2 Polaroid environmental transducers and two frequency ranging boards.

With this board it's possible to detect the presence and distance of objects within a

range of approximately 15 cm to 10m. In operation, a pulse is transmitted toward a

target and the resulting echo is detected.

When the ultrasonic ranging unit is activated, the transducer emits a sound pulse,

then waits to receive the echo returning from whatever object the sound pulse has

struck. The emitted pulse is a high-frequency, inaudible "chirp", lasting for about 1/2

millisecond and consisting of sixteen pulses.

The ranging circuit board electronics control the operating mode (transmit/receive) of

the transducer. It is comprised of three major sections, which control the transducer

operation and allow the information gathered by it to be used as desired. Among the

sections are: a digital circuit, an analog circuit and a power section.

Powered by a 6 VDC supply, capable of at least 2.5 amps, an appropriate drive circuit

initiates the transmission of an ultrasonic pulse by the transducer (see figure 2.3).

,
,

Transducer ,,,,,

Power Transmit Signal

(,)Interface
Circuit

.
Received

~\Echo

Received Transmitted

Digital Wave Wave

Section Processed
Echo Analog

Circuit
Gain and Bandwidth

Control

Figure 2.3: Block diagram: transmitting/receiving.

A ceramic resonator-controlled clock in the digital circuit generates the pulse

transmitted by the transducers.
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After generating the "chirp" the operating mode of the transducer changes, in effect,

from loud-speaker to microphone to detect the returning echo. Upon receiving the

echo, the transducer converts the sound energy to electrical energy, which is

amplified by the analog circuit, then detected by the digital circuit to produce the echo

received signal.

Because of the reduction in return signal strength (echo) over longer distances (return

signal power at 10m is almost a million times weaker than at 1 m, a dual role is

played by the amplifier within the analog circuit. In addition to processing the echo, the

amplifier also performs the function of maintaining a tailored sensivity over the entire

operating range (distance covered) of the systems. Lower amplification is needed for

close echoes, while higher amplification is needed for distance echoes. The change in

amplification is accomplished by increasing the gain and the Q of the amplifier in eight

steps, up to 4 m, and then by increasing just the gain of the amplifier, again in four

steps, beyond 4m. For optimum performance, a tailored sensivity over the entire

operating range is important and necessary.

For more detailed information, please refer to the datasheets on the following 9 pages

and the documentation of the design kit, available at the University.
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eatures:

• Accurate Sonar Ranging from 6 Inches to
35 Feet

• Drives 50·kHz Electrostatic Transducer with
No Additional Interface

• Operates from Single Supply

• Accurate Clock Output Provided for
External Use

• Selective Echo Exclusion

!scription

• TTL-Compatible

• Multiple Measurement Capability

• Uses TI TL851 and Polaroid 614906 Sonar
Ranging Integrated Circuits

• Integral Transducer Cable

• Socketed Digital Chip

• Convenient Terminal Connector

• Variable Gain Control Potentiometer

The 6500 Series is an economical sonar ranging module that can drive all Polaroid electrostatic transducers
with no additional interface. This module, with a simple interface, is able to measure distances from 6
inches to 35 feet. The typical absolute accuracy is ± 1% of the reading over the entire range.

This module has an external blanking input that allows selective echo exclusion for operation on a multiple
echo mode. The module is able to differentiate echos from objects that are only three inches apart. The
digitally controlled-gain, variable-bandwidth amplifier minimizes noise and side-lobe detection in sonar
applications.

The module has an accurate ceramic-resonator-eontrolled 420-kilohertz time-base generator. An output
based on the 420-kilohertz time base is provided for external use. The sonar transmit output is 16 cycles
at a frequency of 49.4 kilohertz.

The 6500 Series module operates over a supply voltage range from 4.5 volts to 6.8 volts and is characterized
for operation from 0° C to 40° C.

Isolute Maximum Ratings

Voltage from any pin to ground (see Note 1) 7 V
Voltage from any pin except XDCR to Vec (see Note 1) -7 to 0.5 V
Operating free-aIr temperature range 0° C to 40 0 C
Storage temperature range . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .. -40° C to 85 0 C

NOTE' The xcDR pin may be droven from ., volt to 400 voltS typical with respect to ground.
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Recommended Operating Conditions

MAX. I UNIT II MIN.

Supply voltage, Vec 4.5 6.8 V i
High-level input voltage, VIH SLNK, SINH. (NIT 2.1 V I
Low-level input voltage. Vn SLNK. SINH, INIT 0.6 V

ECHO and OSC output voltage 6.8 V

Delay time, power up to INIT high 5 ms

Recycle period 80 ms

Operating free-air temperature, TA 0 40 °c

Electrical Characteristics Over Recommended Ranges of Supply Voltage and Operating Free-Air
Temperature (unless otherwise noted)

PARAMETER TEST CONDITIONS MIN TYP MAX UNIT

Input current SLNK, SINH, INIT VI = 2.1 V 1 mA

High-level output current, IOH ECHO,OSC VOH = 5.5 V 100 p.A

Low-level output voltage. VOL ECHO.OSC IOl = 1.6 mA OA V

Transducer bias voltage TA = 25° C 200 V

Transducer output voltage (peak-te-peak) TA = 25°C 400 V

Number of cycles for XDCA output to reach 400 V C = 500 pF 7

Internal blanking interval 2.38t ms

Frequency during 16-pulse OSC output 49At

Itransmit period XMIT output 49At
kHz

I Frequency after 16-pulse OSC output I 93.3t kHz I
transmit period XMIT output 0

I

IISupply current, ICC
During transmit period 2000 mA
After transmit period 100

t These typIcal values apply for a 420·kHz ceramIC resonator.

Operation With Polaroid Electrostatic Transducer

There are two basic modes of operation for the 6500 Series Sonar ranging module: single-echo mode and
multiple-echo mode. The application of power (VCC). the activation of the Initiate (INID input. and the resulting
transmit output. and the use of the Blanking Inhibit (BINH) input are basically the same for either mode
of operation. After applying power (VCC) a minimum of 5 milliseconds must elapse before the INIT input
can be taken high. During this time. all internal circuitry is reset and the internal oscillator stabilizes. When
INIT is taken high, drive to the Transducer XDCR output occurs. Sixteen pulses at 49.4 kilohertz with 400·volt
amplitude will excITe the transducer as transmission occurs. At the end of the 16 transmit pulses. a de bias
of 200 volts will remain on the transducer as recommended for optimum operation.
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In order to eliminate ringing of the transducer from being detected as a return signal, the Receive (REG)
input of the ranging control IC is inhibited by internal blanking for 2.38 milliseconds after the initiate signal.
If a reduced blanking time is desired. then the SINH input can be taken high to end the blanking of the
Receive input anytime prior to internal blanking. This may be desirable to detect objects closer than 1.33
feet corresponding to 2.38 milliseconds and may be done if transducer damping is sufficient so that ringing
is not detected as a return signal.

In the single-echo mode of operation (Figure 1), all that must be done next is to wait for the return of the
transmitted signal, traveling at approximately 0.9 milliseconds per foot out and back. The returning signal
is amplified and appears as a high-logic-Ievel echo output. The time between INIT going high and the Echo
(ECHO) output going high is proportional to the distance of the target from the transducer. If desired, the
cycle can now be repeated by returning !NIT to a low-logic level and then taking it high when the next
transmission i~ desired.

INIT----

TRANSMIT
(INTERNAL)
~ I [L.--~6PU_LSES _

LOW
BLNK ------------------------

BINH ......::.LO:...:W _

INTERNAL I I_ ___.....J - 2.38 MS- _
BLANKING

ECHO .....J

Figure 1 - Example of a Single-Echo-Mode Cycle without Blanking Input
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If there is more than one target and multiple echos will be detected from a single transmission, then the
cycle is slightly different (Figure 2). After receiving the first return signal which causes the ECHO output
to go high, the Blanking (BLNK) input must be taken high then back low to reset the ECHO output for the
next return signaL The blanking signal must be at least 0.44 milliseconds in duration to account for all 16
returning pulses from the first target and allow for internal delay times. This corresponds to the two targets
being 3 inches apart.

vcc+
---.........I

INIT

TRANSMIT II I(INTERNAL)__ _ _

BLNK n n---- ---1 ....J _

BINH------_......

INTERNAL n
BLANKING ------ ------------------

ECHO ......nL------'n--------

Figure 2 - Example of a Multiple-Echo-Mode Cycle with Blanking Input
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During a cycle starting with INIT going high, the receiver amplifier gain is incremented higher at discretE
times (Figure 3) since the transmitted signal is attenuated with distance. At approximately 38 milliseconds
the maximum gain is attained. For this reason, sufficient gain may not be available for objects greater thar
35 feet away. Although gain can be increased by varying R1 (Figure 4), there is a limit to which the gain
can be increased for reliable module operation. This will vary from application to application. The modules
are "kitted" prior to their final test during manufacture. This is necessary because the desired gain distributi00
is much narrower than the module gain distribution if all were kitted with one value resistor. As kitted, these
modules will perform satisfactorily in most applications. As a rule of thumb, the gain can be increased up
to a factor of 4, if required, by increasing R1 correspondingly. Gain is directly proportional to R1.

Potentiometer VR1 (Figure 4) provides an interstage gain adjustment for the module. It can be used to trim
the overall range of gain set by fix resistor R1.

RecavER GAIN
vs

GAINSTep NUMBeRS
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I I I

I I

I i I I
~ I I

, I II0.1

20

0.:

0 .•

0.7

z:c
"a:...
>
ji; •
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a:
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o 2 J 4 5 6 7 8 9 10 11

GAIN STEPS

Figure 3 - Receiver Gain vS Gainstep Numbers
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During a cycle starting with INIT going high. the receiver amplifier gain is incremented higher at discrete
times (Figure 3) since the transmitted signal is attenuated with distance. At approximately 38 milliseconds,
the maximum gain is attained. For this reason, sufficient gain may not be available for objects greater than
35 feet away. Although gain can be increased by varying R1 (Figure 4). there is a limit to which the gain
can be increased for reliable module operation. This will vary from application to application. The modules
are "kitted" prior to their final test during manufacture. This is necessary because the desired gain distributio~

is much narrower than the module gain distribution if all were kitted with one value resistor. As kitted, these
modules will perform satisfactorily in most applications. As a rule of thumb, the gain can be increased up
to a factor of 4, if required, by increasing R1 correspondingly. Gain is directly proportional to R1.

Potentiometer VR1 (Figure 4) provides an interstage gain adjustment for the module. It can be used to trim
the overall range of gain set by fix resistor R1.
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Figure 3 - Receiver Gain vs Gainstep Numbers
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INPUT/OUTPUT SCHEMATICS

EQUIVALENT OF BLNK, BINH,
AND INIT INPUTS

INPUT -~-"-1

TYPICAL OF ECHO, OSC, GCA.
GCB, GCC, AND GCD OUTPUTS

REF

OUTPUT

XMIT OUTPUT

50
·OUTPUT.

5000

NOTE: To observe the ECHO OUTPUT, an external 4.7KO pull up resistor is recommended.
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COIL
PID #614095

ELECTRICAL & PHYSICAL SPECIFICATION

1 Nominal Inductance: 1.04 mH

2 Minimum Adjustment Range: .96 - 1.13mh MIN

3 Test Frequency: 50 KHZ

±.003
.090

.300
(7.62)

f

( ±0.08)
2.29

+.005

-6~~
O

./: POSITION OF SLOT ADJUST
. CAN BE IN ANY DIRECTION

(
: ~:~;) .24 MAX

~__ 15.24 (6.10)

.150r (3.81)

+1---"'-

.300
(7.62)

.250
(6.35)

l
l

(
+0.13~
-0.38
10.16
+.005
-.015r .400

I
3.5 x 0.6 MM THREADED SLUG

(~~~5) I
~O~~2 ~~r~ ~ITYP

.500
112.71

.370 MAX
(9.40)

I,

l ±'".135

(±0.25)
3.43

PIN ~3 0

PIN ~4 0

~ PIN 2 (Finish)

~ PIN 1 (Stan)

Dimensions in parentheses in millimeters



Appendix C: Circuit for transmitting Barker sequence

The circuit for generating the Barker sequence modulated on a carrier is shown in

Figure 3.4. In the case of the Polaroid transducer the carrier will be a 50 kHz square

wave. The bit in the Barker sequence determines whether the carrier (bit=1) or the

inverted carrier (bit=O) will be generated. The output pin of the circuit must be

connected to the driver circuit of the ultrasonic transducer. In the circuit of the Polaroid

design kit (see Appendix B), pin 2 of IC U2 (XMIT) is the output of the 16 pulse chirp.

To transmit the Barker code, this pin must be disconnected and replaced by output pin

of the Barker circuit.

The circuit works as follows:

The shift register (IC3 and IC4) is initiated when INIT gets high. The shift register

contains the Barker code (1111100110101).

The clock signal is divided by 2 (IC5A), by 4 IC5B), and by 8 (IC6A). The CLOCK

divided by 2 determines the carrier frequency. The CLOCK input of the shift register

can be used the choose the number of carriers per bit of the Barker code (output of

shift register). In the situation of figure 3.4, the clock of the shift register is the CLOCK

divided by 8, while the carrier frequency is the CLOCK divided by 2. The result is that

each bit contains 4 carrier pulses. An EXCLUSIVE OR is used to multiply the carrier

by 1 or -1, depending on the output of the shift register.

The digital switch (IC10) is used to be sure that only pulses will be transmitted during

the 13 Barker bits. IC7C, IC7D, IC6B, IC11, and IC12A are used as timing for the

switch. When INIT goes high, the one-shot (IC7C and IC7D) is initiated, and the

switch will be closes (conducting). At the same moment the timer (IC11) start counting

upto 13. When the counter reaches 13, the switch will go open, and its output will be

zero.

Transistor T1 is used for buffering.
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Appendix D: Matched filtering

In the following, it will be shown that the St\lR achieved with a matched filter,

regardless of waveform type, is proportional to the received signal energy.

r(t) + ni(t) ----.1 h(t) I---.~ y(t)+no(t)

Figure 4.5: Matched fIlter channel for input signal r(t) in the presence of white noise of
spectral density NO W/Hz

Consider the filter impulse response h(t), shown in figure 4.5, that forms a matched

filter for an input signal ret). The objective is to maximize the SNR of the output signal

y(t), relative to the output noise power (12, according to

SNR = Iy(t)~ax
cr

The filter input signal consists of the desired signal ret) and an input noise term nj{t).

The constant NO is the associated noise power density nj{t) in W/Hz. The only

requirement on the noise is that it be stationary and white. The output signal y(t) is the

filter response to r(t). It can be shown (see for example [32]) that the maximum

achievable signal-to-noise ratio St\lRmax is given by:

2 00 2E
SNRmax =- Jlr(t)1

2
dt=-

No No
--00

Where E is the input signal energy. This maximum SNR will occur when the filter

response is the time-inverted complex conjugate of the input signal. The required

matched filter response hoptft) is then given by:

hopt(t)=K'r(Td-t) (0.3)

Where Td is a delay needed to make the filter causal. The transfer function of the

matched filter is the Fourier transform of equation (0.3):

Hopt (00) = K· R*(oo)e-jroTd (0.4)

where R(oo) is the spectrum of the input signal r(t). The output signal spectrum of a

matched filter, with input R(oo) is now given by:

Y(oo) = KIR(ffi)12e-jroTd (0.5)



Appendix E: Correlation and convolution

In this appendix cross-correlation, auto-correlation, convolution, and the relationship

between them will be discussed. The calculations will be done on a digital calculator,

therefore the definitions in this appendix apply to the discrete time domain. For further

information on this subject the user is referred one of the many books on digital signal

processing, see for instance [34].

Cross-correlation (CCF) is a technique which can be used to give a measure of

similarities or shared properties between two signals. A possible application is

detection of signals buried in noise, for example the detection of radar return signals,

pattern matching, and delay measurements. Auto-correlation (ACF) gives information

about the structure of a signal or its behavior in time domain. Convolution is generally

used for filtering signals. Later on we will see that correlation and convolution are the

similar, the difference is that the samples of one of the two input signals are reversed

(thUS first sample becomes last and vice versa).

First we define the periodic convolution of two signals gl[n] and gz[n]' both with

periodicity N can defined as follows:

N-l N-l

g[n] = gl[n] (8) gz[n] = Lgl[n - m]gz[m] = Lgl[m]gZ[n - m] (E.1)
m=O m=O

Now we can determine the Discrete Fourier Transform (OFT) of g[n]:

This can be written in the following form, with 10FT the Inverse Discrete Fourier

Transform:

g[n] = IDFT{G[k]}~~ G[k] = DFT{g[n]}

Periodic convolution in the time-domain (n-domain) thus corresponds with multiplying

in the frequency-domain (k-domain). In the same way it can be shown that multiplying

in the time-domain corresponds with periodic convolution in the frequency-domain.

The normal or aperiodic convolution of two finite signals gl[n] and gz[n], with

length N l and length Nz respectively, is defined as:

00 00

g[n]=gl[n]*gZ[n]= Lgl[m]gZ[n-m]= Lgl[n-m]gz[m] (E.2)
m=-oo m=-oo
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The result is a signal of length N l + N 2 -1. When we want to work with the OFT, all

three signals (gl[n], g2[n], and g[n]) have to fit in the OFT-interval. Therefore we

choose the OFT-length N to be minimal the length of the longest signal:

N~Nl+N2-1

The signals gl[n] and g2[n] will thus be padded with zeros, and the signals can be

periodically extended with period N to get gl[n] and g2[n]. The periodic convolution

g[n] = gl[n] ® g2[n] will now, in the first period of length N, be equal to the aperiodic

convolution:

(E.3)

Where RN[n] denotes the first period of the signal.

The above calculation method, where the aperiodic convolution is calculated with the

periodic convolution, is called fast convolution. The name fast convolution comes

from the idea that the OFT can be computed using Fast Fourier Transformation (FFT),

which is faster than direct computation. The number of multiplication's required for fast

convolution (see [33], page 223-235) are 12Nlog22N + 8N. Calculating the aperiodic

convolution directly, thus without Fourier transforms, requires N 2 multiplication's. Now

it's easy to see that fast convolution is faster for sequences containing in excess of

128 data points, and ten times faster for sequences containing 1024 points.

The cross-correlation of two finite length signals can be defined as follows:
00 00

g[n] = gl[n]* g2[n] = Itgl[m]g2[n + m] = Itgl[n + m]g2[m] (EA)
m==-oo m=-oo

When the order of the samples in one of the two signals in the formula (EA) is

reversed, this results in the formula for convolution. In fact correlation is the same as

convolution, but with one of the signals reversed. Therefore the calculation of cross

correlation can be done using fast correlation.

The auto-correlation is simply the cross-correlation of a signal with itself.



Appendix F: Formulas for ellipse and object location

This appendix contains the derivation of the formulas for the ellipse, and for

determining the location of an object. The parameters for the covered distance

11 =f + fl' and the distance d between the transmitter and receiver are known.

The formula of the ellipse, whose foci are at the transmitter T and the receiver R, can

be described by the following formula:

(F.1 )

Object

r -===--e
~

x

The parameters Xc and Zc describe the centerpoint of the ellipse: (xc' zcJ. The radius in

the x -and z-direction can be described by respectively a and ~.

The centerpoint of the ellipse will be halfway between the transmitter and the receiver,

resulting in (xc' zcJ = (d/2,O). The radius in the x-direction can be determined when

11 = f + fl is measured with the component in the z-direction zero or almost zero, as is

shown in figure 6.6.

Tl
~d~

radius of ellipse in x-direction

Figure 6.6: Determining the radius of the ellipse in the x-direction.

The radius of the ellipse in the x-direction is

a=IJ{ (F.2)

The radius of the ellipse in the z-direction can be measured when the component in

the x-direction is close to zero.
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radius ellipse
in z-direction

x

Figure 6.7: Determining the radius of the ellipse in the z-direction.

The radius of the ellipse in the z-direction follows from the geometry in figure 6.7

The formula for the ellipse is now completely known

2 ( J2x+(dj2) + z -1

( (1i/2)) ~(li/2)2-ld/212 -

(F.3)

(FA)

The formula for the ellipse can be extended to three dimensions by adding the y

direction. This result is an ellipsoid:

2 2 ( J2x + (dj2) y+(dj2) z 1

( (li/2) ) +( (1i/2) ) +~(1i/2f -ld/212 =
(F.5)

To determine the location of an object in two dimensions, as shown in figure 6.8, the

cross-section of two ellipses has to be determined. Following the notations in figure

6.8, five equations can be derived, namely:

02+a2= r2

( )2 2 20+d1 +a = rl
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( )2 2 20+d2 +a = r2

z

l-e 0----.1·1 Object

a

x

Figure 6.8: Detennination of the location of the object.

In these equations the parameters /1 and /2 are known, and a, 0, rare known. The set

of equations can reduced to three equations by substituting the equations for /1 and /2

02 + a2 = r2

(0+d1)2 +a2 =(11 _r)2

(0+d2)2 +a2 =(12 _r)2

Now we have a set of three second order equations with three unknown parameters.

Solving the set of equations by hand or with the aid of a computer program, e.g.

MapleV, results in the following equations:

d2 2 2 2
r =.!. -d1 2 + d112+ d1d2 -11 d2 (F.6)

2 d,12 -1,d2

0= 1 -1,d~ + 1,1~ + df12-lfl2
2 d,12 -1,d2

(F.7)



lfz

(F.8)
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-dil? + 2d~I?I~ + 2d~lllzd? - 2d~I~lz -IiI?

-21~lld?+ 2lilr-l~dt + 21~d?lr -l~lt + drdi

1 -2d?d~l~ - 2dfd~ + ... + lid~
a = ~----------------"---

2 (dIlz -lldz)

The solutions in the negative z-plane are of no interest and are omitted.

angle 8, can be calculated:

z z z z
. (8)_0_ l\dZ-I\IZ-d\lz+I\IZ

sm --- z z z z
r d\dZ-d\IZ-d\dz+l\dZ

Now the

When the distances d1 and d2 are both equal to d, the equations can be simplified to:

z z z
r = _.!. 2d -1\ -lz (F.9)

2 1\ + lz

(F.10)

(F.11 )



Appendix G: Programs for calculations in ANSI-C and
Matlab

This appendix describes shortly the programs used to calculate the cross-correlation

of a received echo signal with a 'template signal. Two programs were written, one in

ANSI-C, one in Matlab. The advantage of Matlab is that the results can easily be

visualized, whereas ANSI-C is faster. First the ANSI-C program will be described, and

secondly the Matlab program.

The ANSI-C program uses routines to calculate the convolution of two signals. These

routines are highly ANSI-C compatible and are described in [35]. These routines uses

fast fourier transforms to calculate the convolution of two signals. To calculate the

cross-correlation of two signals simply reverse the order of the samples in the second

signal. To proove the program was really ANSI-C it was compiled on the following

platforms:

• MS-DOS on a 486 machine: Borland C 4.0 compiler and HIGH C compiler.

• Unix on a Sillicon Graphics Indy machine: Unix C compiler.

The program uses the following routines:

• ReadData: Reads data from a file or memory into a vector. The data files

contain the values of the received echo in ASCII form. Numbers are separated

by the new line character.

• SaveCalculatedWave: Saves (calculated) data from a vector into a file or

memory.

• ReadSettings: Reads settings from disk. These settings contain: length of data

signal, threshold settings, sample frequency, etc.

• ComputeThresholdDetection: Computes threshold of a received echo using

the threshold value stored in the settings file.

• ComputePeaks: Computes the correlation of the received echo with a

'template' echo stored in the data file "ideal.dat". This function calls Convlv to

perform the calculations. After correlation peak detection is performed. First, the

envelope of the correlated signal is calculated using a FIR filter, then peak

detection is performed on the filtered signal. The FIR filter is implemented using

the routine Convlv. The filter values were calculated with Chebychev

approximation using Matlab. The peak detection simply detects the point where

the previous and following point are lower than the point itself.
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• Convlv: This routine calculates the convolution of two signals. The

implementation is done with routines from Numerical Recipes in C (see [35]).

These routines use among other fast fourier transforms to efficiently calculate

the convolution. To calculate the cross-correlation of two signals simply reverse

the order of the samples in the second signal.

The Matlab program uses the same ideas for the calculation as the ANSI-C program.

The program calculated both the threshold and cross-correlation. The cross

correlation is determined using the function CONV(x,y). Where x and yare the input

vectors. Vector y must be reversed to calculate the cross-correlation instead of the

convolution. Next, the correlated signal passes through a FIR filter determined with

Chebychev approximation. Peak detection is performed by the FINDMAX algorithm.

An advantage of the Matlab program is that it's very easy to include some function to

visualize the data.

It is important that the calculations are performed fast. Therfore, the speed of the

convolution algorithm was measured on various platforms. Starting-point is a

convolution with 1024 points1. The sampling frequency is 200 kHz. The speed of

sound is approximately 340 m/s. The length of the signal is therefore ± 5 ms and the

measuring range is 2 m. This resulted in the following table:

Proqram Machine Compiler Result

ANSI-C 486 Borland 4.0 39.3 ms

ANSI-C 486 Hiqh C 30.1 ms

ANSI-C Sillicon Graphics UnixC 13.2 ms

Matlab 486 - 350 ms

Matlab Sillicon Graphics - 98 ms

1the algorithm uses fast fourier transforms and is therefore most efficient when the
number of data points is 2N , where N is a positive whole number.
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