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PREFACE

ABOUT THIS MODULE

Its Purpose

The purpose of the Physics of Technology

program is to give you an insight into the

physical principles that are the basis of

technology. To do this you are asked to study

various technological devices. These devices

have been chosen because their operation

depends on or illustrates some important

physical phenomenon. In this module the

device is the loudspeaker. Its design and use

are based on the properties of sound.

The PoT program has adopted a modular

format with each module focusing on a single

device. Thus you can select only those

modules that relate to your own interests or

areas of specialty. This preface highlights

some of the features of the modular approach

so that you may use it efficiently and

effectively.

Its Design

The Introduction explains why we have

selected the loudspeaker to study and what

physical principles will be illustrated by its

behavior. Learning Goals are given, as well as

Prerequisite skills and knowledge you should

have before beginning. The three Sections of

the module treat different aspects of the

device. They are of increasing difficulty, but

each can be completed in about one week.

Each section begins with a brief Introduction

to the topics treated and how they relate to

the behavior of the device. The Experiments

follow and take about two to three hours.

Tear-out Data Pages are provided to record

your data. The body of the section describes

the method of Data Analysis, including a

Discussion of the physical principles which

explain your results. A Summary ends the

section with Problems and Questions you can

do to test your understanding.



HOW TO USE THIS MODULE The Data Analysis

To Begin

This module has been written so that it can be

quickly and easily scanned. That is, you can

get the gist of the ideas and experiments by

simply • flipping from page to page, reading

only the headings and italicized words, and

looking at the illustrations. We suggest that,

before you begin a section or an experiment,

you scan through it in this way so that you

will know where you are going.

The data you take will generally have to be

graphed before it can be analyzed. Graphing
and graphical analysis are essential parts of

experimental science. And understanding

graphs is important for technology since

technical information is often presented

graphically. For these reasons, and since the

discussion of your results will be centered

around your graphs, it is important that you
prepare them clearly and accurately.

The Experimental Activities

The heart of a Physics of Technology module

is the experimental study of the device

behavior. This will often involve learning to

use a new measuring device or instrument.

Since your observations and data may not be

analyzed until after you leave the laboratory,

it is important that you do the experiments

carefully and take accurate data. A scan of

the Data Analysis and Discussion before you

begin the experiment will help you to know
what aspects of the experiment and data are

important.

Review

When you finish a section you should again

scan it to be sure you understand how the

ideas were developed. Reading the Summary
will also help. Then you should try to answer

the Problems and Questions to test your

understanding and to be sure that you have

achieved the Goals for that section. When you

have completed the module, you may want to

tear out certain pages for future refer-

ence: for example, conversion tables,

methods of calibrating instruments, explana-

tions of physical terms, and so on.
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The Loudspeaker

INTRODUCTION: WHY STUDY LOUDSPEAKERS?

Everyone Uses Speakers

Loudspeakers are found in telephones, TV’s,

tape recorders, Hi-Fi’s, AM-FM radios, inter-

coms, and so on. Count them: A typical

family may own ten or more loudspeakers!

Surely speakers arc the most common “house-

hold appliances,” next to light bulbs and

motors.

Loudspeaker Principles Have Wide

Application

Although there are many different types of

loudspeakers, they all produce sound from

electrical signals.

Devices which convert power from one form

to another are called transducers. To convert

electrical power to mechanical power (of a

vibrating surface), most speakers use electric

currents and magnets. Thus, knowledge of

how speakers work helps in understanding

some of mankind’s most important related

devices—including motors and generators.

The Principles of Sound Have Wide

Application

Many of the physical properties of sound are

shared by light, x-rays, TV and radio signals,

ocean swells—even earthquakes. All of these

are waves, although what is “waving” is

different in each case: perhaps water, air, or

rock. All waves have some properties in

common, and their behaviors are essentially

similar. Thus, studying one type of wave is

like studying them all at once.

Sound itself is important in daily life for

communication and entertainment, as well as

for protection. In addition, sound and ultra-

sound (sound too high-pitched for human ears

to hear) have increasing uses in technol-

ogy: for drilling, for cleaning, for shaping

metal, and for non-destructive testing.

RADIO
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WHAT WILL YOU LEARN?

Section A: Generating and Detecting

Sound

Using common sound sources (a radio or tape

recorder for music and voice, and an audio

oscillator for “pure tones”), you will first

explore briefly the types of sound accompa-

nying various electrical signals. Each signal in

turn will be used to drive a loudspeaker.

Then a careful, but not difficult, experiment

will reveal the physics underlying this most

familiar and useful “machine.” You will

measure small motions of the speaker using a

sensitive optical technique.

For convenience in your experiments, you
will very likely use a “planar” speaker, as

illustrated in the module. Its design is unusu-

ally sturdy and suited to experimentation.

This speaker looks a little different from
those you may be used to, because the whole

thing is only about P/2 inches thick. This

makes it very versatile for entertainment

purposes, since it can be installed in many
locations where a conventional speaker would
not fit. However, the principle of operation of
this speaker is the same as that for bulkier

speakers.

Section B: Measuring Sound Radiation

You will learn about, and learn to measure,
some of the performance factors which deter-

mine speaker quality. You will learn about
factors like efficiency and linearity. When it

comes to shopping for “high fidelity,” such

factors can make a difference of hundreds of

dollars in the prices of seemingly similar units.

Special attention will be paid to the direc-

tionality of a speaker’s radiation, and how
that is measured. Besides being of basic

interest, this should help you to understand

some practical considerations affecting the

quality of your own home music system.

In this section you will also learn more about

sound itself, including the meaning and

importance of concepts such as frequency and

acoustic power. You will find that the power
needed to create most familiar sounds is

exceedingly small. This should give you an

increased respect for your own hearing appa-

ratus (ears) as an amazingly sensitive and

versatile detector of sound.

Section C: Using Sound Waves

A little experimentation shows that sound
waves, like waves of light or water, are

reflected from various surfaces. They are also

absorbed by certain materials. The waves can

be made to combine with themselves (to

interfere) to form surprising and intricate

patterns. A brief study of these effects will

allow you to understand the principles of

some important sonic devices. These include

echo rangefinders, ultrasonic sensors (burglar

alarms), and sonar.

The emphasis in this section is less on the

loudspeaker and more on sound as such. You
will measure the wavelength of sound and

determine the speed of sound. The experi-

ments in this section are more open-ended
than in the preceding sections (and perhaps

less precise). Therefore, you may be called

upon to use your own imagination somewhat
in figuring out what to do.

GOALS

The two general goals of this module are

1 . to give you an understanding of the

physical principles underlying the design of

the loudspeaker, and 2. to give you an

2



understanding of the physical behavior of

sound itself.

Loudspeaker

Regarding the loudspeaker in this module,

you should gain a knowledge of:

The conversion of electrical energy into

sound energy.

The magnetic force law.

The directionality of sound radiation.

The technical specifications of a loud-

speaker: power output, efficiency, lin-

earity, and frequency response.

Sound

This module should provide you with a

knowledge of

:

The generation of sound.

The detection of sound.

The parameters of sound: amplitude,

intensity, loudness, frequency, wave-

length, and speed.

Reflection and interference.

Standing waves.

Some uses for sound and sound systems.

This module also introduces several important

measurement techniques. Especially useful is

the general method of “null measurements.”

Furthermore you will learn about the “optical

lever” as a means for amplifying and detecting

very small motions.

At the end of this module you should be able

to demonstrate your understanding by doing

the following things:

Section A:

1. Describe the basic properties of sound.

2. Describe methods for the generation,

propagation, and detection of sound.

3. Explain the basic principles of the elec-

trodynamic loudspeaker. Sketch the

elements of such a speaker.

4. Measure the motion of the speaker, using

an optical method.

5. Measure the force produced by the voice

coil, using a null method.

6. Calculate the magnetic field from the

force, the current, and the coil-wire

length.

Section B:

7. Measure the radiation pattern of a loud-

speaker, and produce an “isointensity

plot.”

8. Explain the basic specifications of a

loudspeaker.

Section C:

9. Predict the behavior of reflected sound
in some simple situations.

10. Explain the basic parameters of sound.

11. Describe some technical uses of sound.

3



PREREQUISITES

To complete this module, you will need a

working knowledge of basic algebra. Some
knowledge of electric current and its measure-

ment using an ammeter would also be helpful.

Certain experiments in the module make use

of the oscilloscope. If you are not acquainted

with the scope, the necessary introduction is

provided by an Appendix at the back of the

module. (On the other hand, the scope is not

essential for the main parts of the work.)

In Section A some discussion is included

dealing with the idea of a magnetic field. This

discussion is very brief but self-contained. To
learn more about the subject, you may wish

to make use of an additional Physics of

Technology module, The Solenoid, which

deals primarily with magnetism.

4



SECTION A

Generating and Detecting Sound

WHAT IS SOUND?

Vibrations of the Air

Most of us know that the air exerts a pressure

on all the things in it. This pressure is called

“atmospheric pressure,” and it is often men-
tioned in the TV and radio weather reports.

Figure 4.

In a sound wave, the air pressure changes by a

very small amount. For audible sounds this

happens hundreds or thousands of times each

second. First the air pressure increases slightly

above the atmospheric pressure. Then it

decreases slightly below this value. Then the

pressure increases and the cycle is repeated

again and again. The air density and tempera-

ture also vary in the same rhythm. This

pattern of changing pressure and density

spreads rapidly outward from the sound
source, just as ripples on a quiet pond spread

from the place where a pebble was thrown in.

And just as with ripples on a pond, the

passing of a sound wave through the air

results in small back-and-forth motions (vibra-

tions) of the air molecules.

Vibrations of Other Materials

Sound can travel through other materials,

such as solids or liquids. The effects are

similar, involving slight back-and-forth vibra-

tions of the molecules.

In particular, sound transmission through

water is used by ships (sonar) to locate other

ships and submarines. Powerful sound genera-

tors send high frequency sound waves out-

ward from the ship. Sensitive microphones
detect the later return of reflections (echoes)

from other objects. The time delay and the

direction of the echoes locate the object.

5



HOW IS SOUND CREATED?

Sudden Changes of Pressure

Any event causing a very rapid compression

or expansion of the air at one place is

followed by a sound pulse traveling outward.

Examples include the clapping of hands, a

thunder clap, or the boom of a cannon. The

sound of a hand clap arises from a sudden

mechanical compression of air. The thunder

clap and cannon boom begin with an expan-

sion of air due to rapid heating.

Natural Vibrations

Most sounds are caused by the very rapid

back-and-forth motion of a solid object,

which in turn sets the surrounding air in

motion. -Watch a guitar string or a drum head

in operation, and this vibration will be appar-

ent. Another, less obvious, example is human

speech, which is caused by the vocal cords in

the throat as they vibrate.

Figure 6. A vibrating surface creates sound.

Controlled Vibrations

Electrical signals are used to cause vibrations

of the surface of a loudspeaker. This makes it

possible to not only produce but also repro-

duce sounds almost at will. Everyone is aware

of the huge entertainment business based on
this fact. Less well known is the rapidly

expanding industrial technology of sound and
ultrasound.

OUTER
SUSPENSION

Construction of a Typical Speaker

The figure above shows a cross-sectional view

of a typical dynamic loudspeaker, the most
common type. The vibrating surface (the

diaphragm) is cone-shaped for stiffness and

made of light-weight paper. It is held in place

by corrugated cloth suspensions, which allows

the cone to move back and forth in response

to the forces generated by currents flowing in

the voice coil.

In the “planar” speaker, a flat, rigid, plastic

panel is used in place of the paper cone.

Otherwise, the construction is similar. One of

your first tasks will be to verify that the parts

of your speaker are basically the same as

those shown here.

6



HOW IS SOUND DETECTED?

A Typical Microphone

Most microphones are like loudspeakers run
in reverse. In a loudspeaker, an electrical

signal forces a diaphragm to vibrate, creating

sound. In a “mike,” the sound makes the

diaphragm vibrate, and this creates an electri-

cal “signal.” This electrical output can be

amplified, recorded, or broadcast as desired.

Our own ears work in much the same way as

does a microphone.

The figure below illustrates how a simple

ceramic microphone works. Small motions of

the diaphragm are transferred by the pin to

the special ceramic element. The ceramic

material develops a voltage, like a tiny

battery, when it is bent. Such materials are

called piezoelectric (pronounced “pea-a-zo-

electric” or “pye-ee'-zo-electric”).

The Human Ear

In the ear, the diaphragm is the eardrum, and

the pin is a series of three bones in the middle

ear called the hammer, anvil, and stirrup.

Their function is to transfer vibrations of the

eardrum to the cochlea (inner ear). The
output of the inner ear goes to the brain as an

electrical signal via the auditory nerve.

Notice how similar the working of a human
ear is to the working of a microphone. The

ear also converts sound into electrical

impulses, which then travel to the brain for

processing or storage.

Figure 9. Construction of the human ear.
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EXAMINING YOUR LOUDSPEAKER

DIAPHRAGM

Figure 10.

An Example of Modern Technology

Speaker Components

1 . Examine your speaker carefully. Identify

the various parts shown in Figures 10

and 1 1 . By comparing your speaker with

the figure of an ordinary cone loud-

speaker, shown previously, you can see

that, while the construction is basically

the same, the planar speaker is simpler

and more rugged.

2. Look for the voice coil in the magnet

gap behind the diaphragm. This is barely

visible. However, if a dismantled version

of the speaker is available, you can see

how the coil fits into the gap.

Recent years have seen impressive develop-

ments in materials technology. Revolutionary

manufacturing techniques have been coupled

with the invention of new alloys, semi-

conductors, liquid crystals, ceramics, plastics,

and many other new materials. This has led to

the design of many new devices and the

re-design of old ones. The speaker you will

study is a simple, yet interesting, example.

Your speaker’s plastic diaphragm is expanded

polystyrene. This material is largely air, and

its density is extremely low-less than

0.01 2 g/cm
3

.

Planar Design

As noted before, the planar loudspeaker

functions in a manner similar to that of the

more common cone loudspeaker. In each type

of speaker, a voice coil consisting of a coil of

wire wrapped around a stiff paper or plastic

form is positioned between the poles of a

strong permanent magnet. Electric currents

applied to the coil cause the coil to move,

which in turn produces motion of the cone or

diaphragm. The diaphragm motion causes the

air to vibrate and this produces sound. You

will see how this works in your experiments.

VOICE COIL

VISIBLE HERE

Figure 1 1

.



EXPLORING THE MAGNETIC FIELD

What Is a Field?

Nearly everyone has noticed that a magnet

mysteriously affects the space around it so

that, if pieces of magnetizable material (like

iron or steel) are placed nearby, they experi-

ence a pull. We describe this by saying that

the magnet surrounds itself with a “field of

magnetic influence,” or magnetic field for

short. Of course, just giving the effect a name

does not really explain anything. But a name
makes it easier to discuss.

You Can Detect a Field with a Compass

While it cannot directly tell you the strength

of a magnetic field, a compass can tell you
that a field is present and what its direction is.

The magnetic needle in a compass always

aligns itself with the field as much as it is free

to. Of course, the needle is only free to rotate

in one plane, the orientation of which

depends on how the compass is held.

The sketch below shows a familiar horseshoe

magnet, indicating the pattern of so-called

field lines. These are simply lines showing the

direction a very small compass needle would

point, when located at each position in space,

if it could rotate completely freely.

Figure 1 2. A compass needle shows the direction of

a magnetic field.

A magnetic compass is sensitive enough to tell

you the direction of the earth’s very weak

natural field. This is, of course, its intended

use. It can also be used to reveal the direc-

tions of your speaker’s field at different

points near the speaker.

FIELD

Figure 13. Cross-section of speaker’s magnet, show-

ing some field lines. (Lines for the lower half were

left off for clarity.)

The Speaker’s Field

Try moving a compass around near the

speaker magnet. Note that the field there is so

great that the needle is strongly deflected

from its usual northerly orientation. You can

manually rotate your compass case around

until the needle is able to point more or less

along a field line.

Slowly move the compass farther away from
the magnet. The field gets weaker. At what

point do you think the speaker’s field has

faded to a strength equal to that of the earth’s

field? How did you find this point?



EXPERIMENT A-l . Trying Out Your Speaker and Mike

The purpose of this experiment is to famil-

iarize you with various audio devices and how
they are used in simple circuits. The work

should not take more than about one-half

hour.

Creating Sound from Signals

1 . Connect the audio oscillator to your

speaker as shown at the left. The oscil-

lator puts out “pure” tones. Later in the

module, you will learn more about the

difference between pure tones and

others.

2. Display the electrical signal from the

oscillator on an oscilloscope while you
listen to the speaker. Use clip leads to

connect the speaker to the scope as

shown. One end of each clip lead should

be connected to a terminal of the

speaker, and the other end to a terminal

of the vertical deflection input to the

scope. The sweep-time setting should

probably be in the range 1—10 ms/cm,

but whatever seems to give an adequate

picture is all right. The scope synchroni-

zation control should be set for internal

sync (“INT”).

3. Note how different the loudness of the

sound is in different directions. Where is

it greatest? Least? Do you think this

performance would be good enough for

a hi-fi system?

4. Try different settings of the amplitude

and frequency controls on the oscillator.

On the scope, you should be able to get

a pattern something like the one on the

scope in Figure 14. This pattern is called

a sine wave or a sinusoidal pattern. Your

oscillator may also have square-wave

and/or triangular-wave outputs. If so, try

them. Listen to the difference. Which

wave sounds most “pure”? What does

“pure” mean to you when applied to

sound?

The frequency of a tone corresponds to the

sensation of musical pitch. Using the markings

on your audio oscillator as a rough guide to

frequency, determine the highest and lowest

frequencies you can hear. (Note that there is

both a frequency dial and a range switch.) Do
Figure 14.



you notice anything interesting at high fre-

quencies as yqu move your head around? We
will study this in Section C.

5. Sketch some of the patterns you ob-

served on the scope. Try to indicate by

means of your sketches the answers to

some of these questions: What features

of a sine wave change when you change

the amplitude setting of the oscillator?

When you change the frequency setting?

What is the relation between the height

of the wave pattern on the oscilloscope

and the loudness of the tones produced

by the speaker?

Creating Signals from Sound

6. Hook up your mike to the amplifier and
connect the amplifier output to the

scope, as shown at the right. The ampli-

fier strengthens the microphone signal to

give a bigger signal on the scope. (If the

amplifier has an offset control, this

should be set to ZERO.)

7. Talk into the mike. Try singing or

whistling a sustained musical note. Ob-

serve the appearance of voice and whis-

tling signals on ihe scope. Do you see

any characteristic difference? Can you

match any of the patterns from the

audio oscillator (“pure” tones)?

Using the Speaker as a Mike

Microphones are like loudspeakers run in

reverse. In fact, you can actually use your

speaker as a mike.

8. Connect your speaker to the input of the

amplifier. Talk into the speaker and

observe the resulting signal on the scope.

When a sound wave hits the speaker, it

moves the diaphragm. The motion

creates an electrical signal, just as with a

mike.

You can also replace the scope with a

second speaker, and hear the sound

which comes out. The first speaker is

Figure 15.

acting like a microphone. (It may be

necessary here to reduce the amplifier

gain, to avoid ringing
, a piercing sound

produced by feedback from the output
into the input.)

Incidentally, a microphone of this type is

called a “dynamic” mike because, like the

“dynamic” speaker, it has a coil which moves
in a magnetic field. The operating principle is

therefore somewhat different than in a

ceramic mike.



Connect a power supply

through an ammeter . . .

to the speaker with the

mirror attached.

Figure 16.

EXPERIMENT A-2. Measuring Motion of the Diaphragm

Preparation

In this experiment you will put a steady

electric current through the speaker coil,

causing it to deflect. You will then measure

the very small deflection with the help of a

light beam.

You need a DC-power supply capable of

supplying from 0 to 1 0 V and up to 0.5 A. An
ammeter or multimeter with a 0-1 A range

will measure the DC current.

You also need a light source and a mirror to

reflect the light to a screen. The screen may
be just a piece of paper taped to the wall. The
image on the screen should not be too
blurred, because you will be trying to measure
its small motions. To get a focused image, you
should use a curved mirror (“spherical”
mirror), which acts like a lens. Then no other

lenses are needed, and almost any light source

will do. For instance, you can use a flashlight

or even just a bare bulb operated from a

battery.

Setup

1. Hook up the circuit shown in Figure 16,

using clip leads. Adjust the supply volt-

age until a current between 0 and about

0.5 A registers on the ammeter.

CAUTION: Do not exceed 0.5 A. Too much
current can damage the coil.

2. Set the speaker flat on your table with

the front pointing up. Place the small

mirror on the L-shaped bracket in the

speaker diaphragm in the position

shown. Carefully tape the speaker to the

bench as shown, so it doesn’t move
accidentally.



Shine a light beam
onto the mirror . . .

and observe the reflection

on a ruled screen.

CAUTION: The speaker diaphragm is soft

and easily damaged. DO NOT USE FORCE.
Handle the speaker lightly. Tape it down only

by the edges.

3. Adjust the current up and down. As the

diaphragm moves up and down, the

mirror deflects through a small angle.

Try observing this small motion of the

mirror so you understand what is

happening.

4. Mount the light source. This can be done
on a ring stand with a clamp. Set it up
near the speaker and on the same table.

Aim it at the mirror.

5. Use a sheet of white paper as a screen,

and locate the reflected light beam about

a meter from the speaker. When you
have located it, hang the sheet of paper
on a stand or tape it to a wall or other

convenient support. Focus the image of

the light source by adjusting the source

or changing distances to get the clearest

possible spot on the screen.

You will need to measure the deflection

of the light beam as current changes.

Adjust the current up and down to get a

feel for how far the light beam moves.

Reverse the two wires to the speaker and
try again. The motion should now be in

the opposite direction.

6.

Now tape a ruler to the screen in such a

position that you can measure the

motion of the light spot throughout the

full range you have just observed. The
motion of the light spot follows the

motion of the diaphragm, but it is much
larger and easier to measure without

disturbing the diaphragm. That is the

reason for this setup.
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Connect a power supply

through an ammeter . . .

to the speaker with the

mirror attached.

Figure 16.

EXPERIMENT A-2. Measuring Motion of the Diaphragm

Preparation

In this experiment you will put a steady

electric current through the speaker coil,

causing it to deflect. You will then measure

the very small deflection with the help of a

light beam.

You need a DC-power supply capable of

supplying from 0 to 1 0 V and up to 0.5 A. An
ammeter or multimeter with a 0-1 A range

will measure the DC current.

You also need a light source and a mirror to

reflect the light to a screen. The screen may
be just a piece of paper taped to the wall. The
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lenses are needed, and almost any light source

will do. For instance, you can use a flashlight

or even just a bare bulb operated from a
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Setup

1. Hook up the circuit shown in Figure 16,

using clip leads. Adjust the supply volt-

age until a current between 0 and about

0.5 A registers on the ammeter.

CAUTION: Do not exceed 0.5 A. Too much
current can damage the coil.

2. Set the speaker flat on your table with

the front pointing up. Place the small

mirror on the L-shaped bracket in the

speaker diaphragm in the position

shown. Carefully tape the speaker to the

bench as shown, so it doesn’t move
accidentally.

12

Shine a light beam
onto the mirror . . .

and observe the reflection

on a ruled screen.

CAUTION: The speaker diaphragm is soft

and easily damaged. DO NOT USE FORCE.
Handle the speaker lightly. Tape it down only

by the edges.

3. Adjust the current up and down. As the

diaphragm moves up and down, the

mirror deflects through a small angle.

Try observing this small motion of the

mirror so you understand what is

happening.

4. Mount the light source. This can be done
on a ring stand with a clamp. Set it up
near the speaker and on the same table.

Aim it at the mirror.

5. Use a sheet of white paper as a screen,

and locate the reflected light beam about

a meter from the speaker. When you
have located it, hang the sheet of paper

on a stand or tape it to a wall or other

convenient support. Focus the image of

the light source by adjusting the source

or changing distances to get the clearest

possible spot on the screen.

You will need to measure the deflection

of the light beam as current changes.

Adjust the current up and down to get a
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Now tape a ruler to the screen in such a

position that you can measure the

motion of the light spot throughout the

full range you have just observed. The
motion of the light spot follows the

motion of the diaphragm, but it is much
larger and easier to measure without

disturbing the diaphragm. That is the

reason for this setup.
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PROCEDURE

Taking the Data

1. At zero current, record the position of

the light spot in the table provided for

that purpose at the end of the module.

You will want to measure the position of

the light spot for several values of

current. Remember: Do not exceed

0.5 A of current through the speaker

coil, or it will overheat.

2. Set the current to some specific value

and measure the position of the light

spot.

Record the data in the table, as shown in

the sample below.

Repeat the measurement for other cur-

rent values up to 0.5 A.

3. Reverse the clip leads to the speaker

terminals and repeat the series of mea-

surements. Record these currents as

negative currents, with a minus sign in

front of them in the table.

Taking Notes

Remember, you are measuring the position of

the light spot, not the position of the dia-

phragm directly. The two are related, but it is

not necessary for this experiment to figure

out the relationship.

In spite of this, it is wise to record in your

notes the distance from the mirror to the

screen. If you ever do wish to figure out the

actual motion of the speaker, you will need

that number. (Why? Are other numbers also

needed?)

It is always sensible to take fairly complete

notes during an experiment, even concerning

seemingly unnecessary facts. You never can

be sure what you may need later!

The Optical Lever

We have remarked that a light spot is used

here because its motion is easier to measure

than the very small motion of the diaphragm.

Why is the motion of the light spot larger? A
clue to this is contained in the name of the

method. Such a way of amplifying small

motions is called an “optical lever” method.
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Units

When you make a measurement, it is usually

essential to pay attention to the units of

measurement involved. For instance, a

number such as 267, representing the height

of a building, is not much use without

knowing if the units are feet, meters, or

inches. Obviously, knowing the units is

usually as important as knowing the number.

In your present experiment however, you can

learn many interesting features of the

speaker’s behavior by knowing just the rela-

tive amounts of motion for different currents.

Thus, positions of the light spot may be used

to represent deflections of the speaker, but

with the units of deflection not known. For

this reason, any convenient units (arbitrary

units) will do. For instance, the spot positions

may be read directly from the scale attached

to the paper screen, as we have suggested.

Plotting Your Data

You can plot your data on a piece of ordinary

graph paper. It will be necessary to first put

numbers on the position axis. The range

should be just enough to include all of your

position readings for the light spot.

1 . Begin the labeling of the position axis by

putting the position value corresponding

to zero current at the origin. This will

make the graph centered vertically.

2. Decide on a suitable scale for the posi-

tion axis. Make a choice of divisions—for

example, one small division on the graph

for 1 mm on your ruler—so that the plot

will fit on the paper, and yet will not be

too small.

3. Label the axis with major divisions of
positions.

4. Do the same with the current axis.

5. Locate the correct point for each set of
current-position values, and mark it with

a dot. The dots can be enclosed in small

circles for easier visibility.

6. Draw the best straight line you can

through the data points. Use your judg-

ment to fit the points as well as possible.

The best straight line should have

roughly as many points above it as

below. Check any points which seem

significantly out of line to see whether

they are misplotted.
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EXPERIMENT A-3. Measuring the Force of the Voice Coil

In this experiment, the amount of force

exerted on the diaphragm by the voice coil

will be determined for various values of

current. This will be done by using the

unknown voice coil force to cancel a known
force (a weight placed on the speaker). Thus

there will be no net displacement of the

diaphragm at the time of the measurement.

Procedure

Again a light spot will be used to observe the

diaphragm motion. The aim will be to cancel

(or “null out”) any observed deflection of the

spot by a proper adjustment of the current.

Measurement of this sort is often referred to

as a null measurement. In a null measurement,

some unknown variable is measured by can-

celling it with a known variable. What is the

unknown variable in this measurement? What
is the known variable?

Handling the Weights

Place each weight directly in the center of the

diaphragm, so that it is pushed down without

any tilting. It is better to use one weight at a

time, rather than combinations. Be sure that

the speaker is not shifted in this process. It

should be taped down.

Why should you worry about shifting the

speaker? Because if it did move, then later,

when the spot deflection was nulled out, you
would not really have cancellation between

the known and unknown forces. The reading

for “zero deflection” would have changed.

This kind of problem in a null measurement is

called zero drift.

Taking Data

1. Record the position of the light spot

with zero current in the voice coil before

placing any weight on the diaphragm.

Call this the original position. Use the

same position scale as you used in the

previous experiment. Use the data table

provided at the back of the module for

recording your data.

2. Add a mass to the speaker, and record its

value. Be sure to note the units. Record

the position of the light spot, calling it

the “deflected position.”

3. Turn on the current, and adjust its value

until the light spot returns to the original

position. Record the current needed.

This concludes the data-taking for that

particular weight.

4. Turn off the current, remove the mass,

and repeat the whole process with

another mass. Repeat with five or six

different masses from 0 to 100 g. As a

check on whether you have avoided

accidentally moving the whole speaker,

you should verify that the original posi-

tion for each measurement is about the

same as the previous value. If not, repeat

the previous measurement.
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POSITION
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Figure 19. Sample data table.



I. With zero current, record position of spot.

4. Repeat with other masses, down to 10 g or less.

Figure 20.
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Graphing the Data

Your plot of current versus mass should look

pretty much like the example below. Notice

that now there are no “arbitrary units,” even

though, in the actual experiments, you have

still been observing an arbitrary quantity,

deflections of the light spot. However, this

has gone out of the final results, because you

made “null” measurements, always adjusting

the spot back to the original position. Other

advantages and some disadvantages of null

measurements will be discussed shortly.

1. Draw the horizontal and vertical axes on

your graph, leaving some room at the

edges for scales.

2. Label both axes. Be sure to include units

on both axes this time. Remember that,

as a general rule, the results of a mea-

surement only make sense if the unit is

known along with the number.

3. Plot each combination of current and

mass as a point on the graph. Draw small

circles around the points for visibility.

4. Draw a smooth, simple curve through

your points. Naturally, any such curve is

supposed to pass through the origin,

since zero current certainly goes with

zero mass. Does a straight line through

the origin “fit”? The answer may require

some judgment, because there is bound

to be a little scatter in the experiment

values, due to errors of measurement.

Figure 21. Sample graph. Does a straight line fit the points?
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DATA ANALYSIS AND DISCUSSION

What Can You Say about Deflections

of the Diaphragm?

In Experiment A-2, when the current in the

voice coil changed to a new value, the

diaphragm quickly moved to a new position.

This position resulted from a balance between
the magnetic force on the diaphragm, due to

the current, and the elastic forces caused by
stretching and bending of the diaphragm away
from its “natural” position.

DIAPHRAGM

MAGNETIC
FORCE

Figure 22. A balance of forces.

Both the magnetic and elastic forces depend

on the position in a complicated way, espe-

cially when the deflections are large. How-
ever, in spite of this fact, and in spite of the

fact that you never actually measured posi-

tions of the diaphragm itself-only positions

of the light spot-you can get some useful

information by looking at your graph of

light-spot position versus current.

Linearity

Does a graph of deflection against current

prove to be a straight line? Yes, approxi-

mately. The deflection is proportional to the

current. This means that increasing the cur-

rent by a given amount always gives the same
increase in deflection, no matter how great

the current is—within reasonable limits, of

course. Look again at your own graph. Can
you see any evidence that your graph is not a

straight line?

Linearity in a loudspeaker (the fact that a

straight line is produced) affects its fidelity ,

the accuracy with which it can reproduce a

sound from an electrical signal. If the signal

gets bigger, the deflection should increase in a

proportional way. More importantly, if the

signal really represents two or more distinct

signals (from different sounds) added to-

gether, then the overall deflection should just

be the sum of deflections corresponding to

the various parts. A linear response insures

this. Can you see why?

Polarity

Does the direction of the deflection reverse if

the direction of the current is reversed? Yes.

Do you see any differences in behavior in the

two directions of deflection?

Paying attention to polarity is important

when more than one speaker is used in a hi-fi

system. The speakers must be connected so

that they move in the same direction at the

same time. This is called phasing the speakers.

They must move “in-phase.” The reason for

this will be explored in Section C.

Sensitivity

How much motion of the diaphragm results

from a given current? This is a little difficult

to compute (see the Problems). The calcu-

lation involves the location and orientation of

the mirror on the speaker, as well as the

distance to the screen.

The sensitivity of the loudspeaker is one of

the factors which determines how much of an

electrical signal it takes to produce a sound of

a certain loudness.
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NULL MEASUREMENTS

Measuring Forces on the Diaphragm

When you measured the deflection of the

speaker diaphragm in Experiment A-2, both

of the opposing forces were of unknown

strength: the magnetic force and the elastic

force.

DEFLECTION MEASUREMENT

Figure 23. Both the net elastic force and the mag-

netic force are unknown.

To be able to say something about one of the

unknown forces, for instance, the magnetic

force, you must balance it against a known
force. Naturally, you must make sure that the

other unknown force is not acting then. This

NULL MEASUREMENT

MASS
FORCE

Figure 24. The force exerted by the mass is known,
ar|d from this the magnetic force can be found.

is the idea behind the null measurement in

Experiment A-3.

In that measurement, the elastic force played

no role because the diaphragm was always

brought back to its original position after the

weight was applied. Thus, no bending or

stretching was taking place. The elastic force

was nulled out of the picture.

The unknown magnetic force from the

current then was balanced by the known
force of the weight and was equal to the force

of that weight.

Other Examples

Many examples of null measurements are

quite familiar. Balance scales, such as the large

ones in doctor’s offices or the small ones in

chemistry labs, use the “null principle.” Sta-

bility is one of their features, as opposed to

spring scales, whose calibration may change

with time. Spring scales are so much less

reliable that their use is prohibited in com-

merce. That is why the scales at the grocery

store often display a label saying NO
SPRINGS.

Another example involves the measurement

of voltage. You may have used a voltmeter at

one time or another. This works by causing

the unknown voltage to drive a current

through a resistor. The meter really measures

this current. It is a deflection measurement.

By contrast, a null measurement of voltage

can be made using a potentiometer. This

cancels the current from an unknown source

using another current from a known source.

In this way any current drain from the

unknown source is avoided.

Advantages of Null Measurements

In general, null measurements avoid uncer-

tainties associated with deflections: unknown
variables, limitations of range, and unwanted

changes of the measured system (such as

having the voice coil moving out of the

magnet gap, or drawing additional current

from the voltage source).
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EXPLAINING THE PHYSICS

Converting Electrical Signals

to Sound

As you have seen, loudspeakers are devices
which change electrical energy into sound
energy. Devices which convert energy from
one form to another are called transducers.

Various principles of physics are involved in

the energy-conversion process in different

kinds of loudspeakers. The most important is

the following.

The Electrodynamic Principle

A fundamental interaction exists between

electric currents and magnetic fields. Stated

briefly, it is:

A current-carrying wire experiences a force in

a magnetic field.

FORCE

In electrodynamic loudspeakers (called

“dynamic” speakers for short), the v/ire forms

a coil-the voice coil-which is attached to the

diaphragm and moves it. The current in the

voice coil comes about because of the electri-

cal signal.

The force you determined in Experiment A-3

was equal to the electrodynamic force exerted

by the speaker’s magnet on the voice coil.

Converting Sound to

Electrical Signals

Earlier in this module you learned that

microphones are like loudspeakers in reverse.

In fact, in most simple intercom systems, the

speakers serve both functions. The person on
each end has one box which contains a

dynamic speaker and some simple electronics.

By listening to his speaker, a person can hear

sound; by talking into it, he can create signals.

You used a speaker as a microphone in

Experiment A-l. You hooked it up directly to

an amplifier and talked into the speaker. The
output signal was visible on the oscilloscope.

The Principle of Induction

The output signal arises because a diaphragm,

moved by sound, moves a coil in the magnetic

field. The movement of the coil through the

magnetic field causes (induces) a voltage

in the coil. This phenomenon is called the

Principle of Induction. It is the reverse of the

Electrodynamic Principle.

Other Energy-Converting Devices: Motors
and Generators

The electrodynamic principle is the cause of

forces in an electric motor. The forces needed
are large, so many more turns of wire are

wound on the coil. Also, rotary motion is

usually more desirable than back-and-forth

motion; therefore motors are designed so that

electrical energy is converted to rotational

energy.

Electric generators operate on the principle of
induction. In a generator, the motion of many
turns of wire through a magnetic field causes

current to flow. This current can then be used

for any desired purpose.

The physical principles which apply to loud-

speakers and microphones also apply to

motors and generators.
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CALCULATING THE MAGNETIC FIELD

The Field in the Gap

The “gap” is the space between the poles of

the magnet. The voice coil is centered in the

gap. As the figure shows, the magnetic field

lines in the gap are radial. That is, they point

directly in toward the center of the magnet

along a radius in each case.

The Magnetic Force Law

You can calculate the field strength in the

magnet gap using the measured force on the

voice coil.

The sketch in Figure 26 shows part of the

coil, emphasizing its position in the field. The
current is at right angles to the field lines

everywhere in the gap.

Whenever the current and the magnetic field

are at right angles, a simple equation gives the

force F on the wire in terms of the value of

current i and the field strength B.

F=BXiXL

Here L is the total length of wire. The units

are indicated in the sketch. The field-strength

unit is one tesla (1 T), which is a strong field.

The earth’s magnetic field (which causes a

compass needle to point north) is less than

1 0
4

T. The magnetic field is assumed to have

the same strength at every point of the coil.

Calculate the Field

Follow the steps in the worksheet at the back

of the module to calculate B for your

speaker’s magnet. The magnetic field is

assumed to have the same strength at every

point of the coil. For the length C, use 3.2 m.

This is the approximate total length of the

coil winding, as can be discovered by un-

winding one. You must convert forces mea-

sured in grams to newtons. To do this,

convert each value measured to kilograms and

multiply the result by 9.8. How does the

value for B which you obtain compare with

the earth’s field?

Figure 26. A cutaway view of a loudspeaker magnet, indicating some of the field lines and a few turns of the

voice coil. A magnified view of part of one turn is also shown.
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SUMMARY OF SECTION A

In Section A you were introduced to the basic

ideas of sound, its generation and its detec-

tion. You examined a loudspeaker and

located its basic elements, the voice coil, the

magnet gap, and the diaphragm. You experi-

mented with various electrical signal sources,

becoming familiar with the parameters of

amplitude and frequency.

You then did two experiments with the

electrodynamic force of a loudspeaker voice

coil, using an optical lever to magnify the

motion. You first measured the deflection of

the diaphragm produced by the force; then

you measured the force itself, using a null

measurement technique.

You thus observed the basic properties of this

speaker, its linearity, its polarity, and its

sensitivity. You learned how a null measure-

ment allows determination of the electro-

magnetic force of the voice coil without

knowing any details of the elastic forces of

the speaker.

You learned about the electrodynamic princi-

ple, which has broad applications, and using

that knowledge you were able to calculate the

magnetic field which exists in your speaker.

In addition to working with the loudspeaker,

you learned how a simple microphone oper-

ates. You found that your speaker could be

run in reverse, forming a dynamic micro-

phone, which operates on the principle of

induction. The principle of induction can be

regarded as the reverse of the electrodynamic

principle.

QUESTIONS

1 . Explain why the optical-lever technique

is useful for measuring the deflection of

the speaker diaphragm.

2. Explain the advantages of null measure-

ments.

3. What property of a loudspeaker suffers if

a graph of its motion versus applied

current is not a straight line?

4. The electrodynamic principle is a rela-

tionship between what three quantities?

5. State the principle of induction. In what

sense is this the reverse of the electro-

dynamic principle?

6. In what way is a dynamic loudspeaker

similar to an electric motor? How is a

dynamic mike like an electric generator?

PROBLEMS

1. Using geometry from the sketch below,

calculate approximately how much de-

flection of the voice coil is needed to

cause a 1 2-mm deflection of the spot on

the screen. (Note that there are similar

triangles of different sizes involved.)
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2. If you have a coil made of 1 m of wire in

a magnetic field of 4 T, what force will

be produced by 1 A of current?

3. If you count two layers of wire, with 50

turns in each layer, on a 1-cm diameter

voice coil, how many centimeters of wire

must you use for your calculations?

4. If a certain force is balanced in an

equal-arm beam balance by a 7 5-g weight,

what is the force in newtons?

s.
75

Problem 4.
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SECTION B

Measuring Sound Radiation

SOUND SOURCES ARE NOT ISOTROPIC

Isotropic means “equal in every direction.”

Most sources radiate sound more in one
direction than in others. They are called

anisotropic. What shape would an isotropic

source have to be? Probably spherical, since it

would have to radiate in a perfectly spherical

pattern. No one has actually constructed a

vibrating spherical source. But designers of

loudspeakers often try to build as isotropic a

source as possible.

Ordinary Loudspeakers

Simple speakers, like your planar loudspeaker,

radiate more frontwards and backwards than

sideways. This is because the back-and-forth

motion of the diaphragm compresses and
decompresses air mainly on the front and

back surfaces. So it is reasonable to expect

that you hear less sound at the side than at

the front.

Earlier, we suggested that you listen to your
speaker from different angles to detect any

differences in loudness. In this section you will

measure these differences.

Figure 27. Sound is loudest in front and back of

your speaker.

Loudhailers

Many devices are intentionally anisotropic.

For instance, electronic megaphones, called

loudhailers, are designed to amplify the sound

of a person’s voice and project it straight

ahead as far as possible, so that it can be

heard at a distance. Since sound is energy, any

sound going off to the side is “wasted

energy.”

Hi-Fi Speakers

High fidelity loudspeakers are carefully made
versions of basic speakers, put in cases called

enclosures which are designed to improve

their performance. They are also anisotropic

radiators. This is undesirable, since it means
that the loudness of the sound you hear

depends on your position in the room. Even

worse, the shape of the radiation pattern may
differ for high notes and low notes. In this

case, one says that the radiation pattern is

“frequency dependent.” It means that the

sound has a different character, as well as a

different overall loudness, in different areas of

the room. Of course, the room itself also

plays a role in the quality of hi-fi sound. You
will study this further in Section C.



DETECTORS ARE ALSO ANISOTROPIC

Ordinary Microphones

As you know, microphones are transducers

that work in the opposite way from speakers.

All microphones convert sound energy to

electrical energy. It is not really surprising

that microphones are also anistropic; they are

more sensitive to sound coming from one

direction than from another. Sometimes this

is desirable and sometimes it isn’t. A micro-

phone in the center of a table, used for

recording voices all around the table, should

be as isotropic (or omnidirectional) as possible.

Figure 30. A directional TV antenna.

Other Examples of Anisotropy

Directional Microphones

These mikes are designed to pick up sounds

from one location without being “swamped”

by other sounds. They are purposely highly

anisotropic. In TV broadcasting, for example,

directional mikes are used to pick out the

quarterback’s voice from a distance, as he

gives his signals at the line of scrimmage in a

noisy football stadium.

Some of the most sophisticated modern tech-

nology has gone into microphones for spying.

There are claims that a whispered conver-

sation can be picked up by such devices at

distances up to half a mile!

Earlier it was mentioned that sound is a wave.

Other types of waves include light, radio or

TV signals, x-rays, etc. All waves have com-

mon properties. One of these is anisotropy—the

property of having different strength, or

different character, in different directions.

For instance, flashlights or searchlights put

out much stronger waves straight ahead than

behind or to the sides. These are like loud-

hailers which use light instead of sound.

The extreme example of a directional light

source is the modern laser. The beam from a

laser may spread out so little that it can be

detected even after traveling from earth to the

moon and being reflected back to earth.

Similarly, a telescope is like a directional

microphone. Both are extremely anisotropic

detectors of waves.

Likewise, if your FM radio or TV reception is

not good enough, you may need a more

directional antenna. Again, this is a very

anisotropic sensor. If it is pointed in a certain

direction, it responds more sensitively to

signals from that direction than from others.

Perhaps you have heard about the extreme

example of a directional radio antenna, called

a radio telescope. This operates much like

your own FM radio antenna, although on a

much larger scale. Some radio telescope

antennas are as large as a football stadium and

roughly the same shape.26 Figure 29. A directional microphone.



MEASURING PATTERNS OF SOUND

Knowing the pattern of radiation from a

source of waves (sound, light, radio, or

what-have-you) is often of practical impor-

tance. In this section you will learn some
ways to measure and describe patterns of

sound radiation. You will record a pattern

using a polar plot of your measurements.

A hi-fi loudspeaker provides a good example

of the use of such polar plots. These are often

furnished by the manufacturer, along with

other data, to show how the speaker radiates

in various directions.

10,000 Hz

\ /

1000 Hz 100 Hz

Figure 31. Radiation patterns for a typical speaker

at different frequencies.

You Need the Right Detector

Your ear, of course, is a sensor which can

detect sound, but it isn’t good at measuring it.

You need a detector which converts sound

energy to a proportional amount of electrical

energy. This allows you to use the large

variety of instruments available for measuring

electrical signals, including meters and oscillo-

scopes. As you know already, the right

detector is a microphone.

Electrical energy is a convenient form for

handling a signal for amplification and mea-

surements. Thus it is very common practice to

convert information into electrical signals,

whether the information is about sound,

changing temperature or pressure, or the speed

of an engine. That is because electrical energy

is easily manipulated; it can be carried on

cables, amplified, displayed on a scope, or

stored on a tape recorder.

Figure 32. Microphones convert sound to electrical

signals.

You Need Careful Procedure

The sound pattern of a given source is usually

changed by its surroundings. (That is the

purpose of speaker enclosures.) Therefore, in

sound measurements, caution is needed to

avoid having the room or the apparatus (or

the experimenter himself) disturb the sound
pattern.

Background noise is also a problem. To avoid

background noise and echoes, sound pro-

fessionals work in special quiet rooms, called

anechoic chambers. These rooms have walls

that absorb almost all sound which strikes

them. You will not be able to use an anechoic

chamber, but you should, if at all possible, do
the following experiment in a reasonably

quiet room. 27



Use the oscillator. . . to drive the speaker.

Figure 33. Summary of the setup.

EXPERIMENT B-l . Measuring the Pattern of Radiation

THE SETUP

The general idea of this experiment is to move
the microphone around the speaker in a big

circle, measuring the strength of sound radia-

tion at different angles, in front, at the sides,

and in back of the speaker. You will measure

the properties of an unbaffled speaker, a

speaker without an enclosure, backing, or

mounting plate of any kind. In other words,

you will study the basic, unaltered properties

of the speaker. By the way, you might think

for a moment about what limitations there

are in your experimental setup that make this

claim of studying the unaltered properties of

the speaker not entirely accurate. After doing

Section C, you should have an answer to this.

Oscillator

You will need an audio oscillator as a signal

source. An oscillator produces a steady

“pure” sinusoidal signal.

The frequency and strength of the output of

the oscillator are adjustable. Start with a

frequency of 400 hertz (Hz). Such a low

frequency will bother your neighbors’ experi-

ments less. Also, start with a low sound

intensity level. The sound should be clearly

audible but certainly not loud or noticeably

distorted.

Speaker and Microphone

Connect the oscillator to the speaker with clip

leads. Mount the speaker vertically on a stand

as shown. Keep as much of the surrounding

area as possible clear of obstacles.

Mount the microphone on its stand so that it

is at the same height as the center of the

speaker. Both should be about one meter

above the table top, if possible. The micro-

phone will be used as the sensor to measure

the intensity of the speaker’s sound pattern at

different locations around the speaker.
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Then, connect the mike ... to the amplifier and converter . . . and the DC meter.

DC Meter

The meter allows you to read numbers which

are proportional to the amplitude of sound

striking the microphone. This is because the

size of the direct-current signal produced by

the converter is proportional to the size of the

original AC signal. It may be much bigger,

because it is amplified, but it increases and

decreases in a way which is proportional to

the input signal.

AC-to-DC Converter

Connect the microphone output cable to the

input of the preamplifier. Connect the output

of the amplifier, through an AC-to-DC con-

verter, to the DC meter. The converter

changes the alternating current signal pro-

duced by the microphone into a direct

current signal which can be measured by a

voltmeter. The alternations of the signal

produced by the microphone correspond to

the rapid back-and-forth vibrations of air.

The simplest way to convert the AC signal to

DC is to pass it through a device which allows

current to flow in one direction only. Such a

device is called a rectifier. In this method half

of the alternating signal is rejected, while the

other half is observed, using a DC-measuring

instrument.

In your experiment, the converter consists of

a single diode rectifier plugged into the

output of the amplifier. The meter which

follows the diode averages out any rapid

variations which remain in the rectified signal

from the amplifier.

The meter RANGE should be set to 2 V.

Then adjust the amplifier OFFSET so the

meter shows a very small reading (at most,

0.1 V) with no sound coming to the mike.

If you have an oscilloscope, it can be used as a

replacement for the converter and the meter.

You can see the size of the AC voltage

directly on the scope. The full peak-to-peak

voltage variation on the scope should be

several millivolts if everything is hooked up

right, if the sound level is comfortable, and if

the microphone is about 25 cm from the

speaker. If you do not know how to measure

voltage with an oscilloscope, ask for help.
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Use the oscillator. . . to drive the speaker.

Figure 33. Summary of the setup.

EXPERIMENT B-l. Measuring the Pattern of Radiation

THE SETUP

The general idea of this experiment is to move
the microphone around the speaker in a big

circle, measuring the strength of sound radia-

tion at different angles, in front, at the sides,

and in back of the speaker. You will measure

the properties of an unbaffled speaker, a

speaker without an enclosure, backing, or

mounting plate of any kind. In other words,

you will study the basic, unaltered properties

of the speaker. By the way, you might think

for a moment about what limitations there

are in your experimental setup that make this

claim of studying the unaltered properties of

the speaker not entirely accurate. After doing

Section C, you should have an answer to this.

Oscillator

You will need an audio oscillator as a signal

source. An oscillator produces a steady

“pure” sinusoidal signal.

The frequency and strength of the output of

the oscillator are adjustable. Start with a

frequency of 400 hertz (Hz). Such a low

frequency will bother your neighbors’ experi-

ments less. Also, start with a low sound

intensity level. The sound should be clearly

audible but certainly not loud or noticeably

distorted.

Speaker and Microphone

Connect the oscillator to the speaker with clip

leads. Mount the speaker vertically on a stand

as shown. Keep as much of the surrounding

area as possible clear of obstacles.

Mount the microphone on its stand so that it

is at the same height as the center of the

speaker. Both should be about one meter

above the table top, if possible. The micro-

phone will be used as the sensor to measure

the intensity of the speaker’s sound pattern at

different locations around the speaker.
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Then, connect the mike ... to the amplifier and converter . . . and the DC meter.

AC-to-DC Converter

Connect the microphone output cable to the

input of the preamplifier. Connect the output

of the amplifier, through an AC-to-DC con-

verter, to the DC meter. The converter

changes the alternating current signal pro-

duced by the microphone into a direct

current signal which can be measured by a

voltmeter. The alternations of the signal

produced by the microphone correspond to

the rapid back-and-forth vibrations of air.

The simplest way to convert the AC signal to

DC is to pass it through a device which allows

current to flow in one direction only. Such a

device is called a rectifier. In this method half

of the alternating signal is rejected, while the

other half is observed, using a DC-measuring

instrument.

In your experiment, the converter consists of

a single diode rectifier plugged into the

output of the amplifier. The meter which

follows the diode averages out any rapid

variations which remain in the rectified signal

from the amplifier.

DC Meter

The meter allows you to read numbers which

are proportional to the amplitude of sound

striking the microphone. This is because the

size of the direct-current signal produced by

the converter is proportional to the size of the

original AC signal. It may be much bigger,

because it is amplified, but it increases and

decreases in a way which is proportional to

the input signal.

The meter RANGE should be set to 2 V.

Then adjust the amplifier OFFSET so the

meter shows a very small reading (at most,

0.1 V) with no sound coming to the mike.

If you have an oscilloscope, it can be used as a

replacement for the converter and the meter.

You can see the size of the AC voltage

directly on the scope. The full peak-to-peak

voltage variation on the scope should be

several millivolts if everything is hooked up

right, if the sound level is comfortable, and if

the microphone is about 25 cm from the

speaker. If you do not know how to measure

voltage with an oscilloscope, ask for help.



THE PROCEDURE

Preparing the Lab Table

You will need to clear a large space to work.

You should have at least one meter clear

space in each direction from the speaker. This

is to avoid having any objects disturb the

motion of the sound waves.

You also may find that your arms affect the

sound pattern as you move them around near

the speaker or microphone. You will want to

avoid that effect as you take data. Put your

books and papers for taking data some dis-

tance away. Do not set up your apparatus too

close to your neighbor’s. Two meters is a

minimum distance between setups to avoid

interference. Also, you should avoid unneces-

sary noise.

Taking Data

1. Place a protractor at the base of the

speaker stand, so that you can determine

angles as you move the microphone

around the speaker.

2. Place the microphone about 25 cm away

from the speaker. Place it right on a line

in front of the speaker. This line is called

the speaker’s “axis.” All angles are mea-

sured relative to that axis line.

(TOP VIEW)
I

3. Set the meter RANGE and amplifier

OFFSET as outlined previously, with the

speaker turned off Then turn the

speaker on, and adjust the amplifier

GAIN until the meter reading is about

1.5 V. Record this reading on the data

sheet.

4. Move the microphone to a new position,

say 20° off-axis, and move it in and out

along the line which makes an angle of
20° with the axis. That is, move it closer

to or farther from the speaker until the

voltage reading is the same as before.

Always aim the mike at the speaker, as

shown in Figure 34.

5. Record this new distance on your data

sheet.

6. Repeat this procedure, increasing the

angle by 20° each time. You are looking,

in each case, for the distance at which

the same voltage output (the same sound

level) is achieved. Obviously, as the

sound gets weaker at certain angles, the

microphone will have to be brought

closer, and the distance will be smaller.

Recording Data

You will make a table of values of angles and

corresponding distances, for one specific volt-

age output (sound intensity). Angles between

90° and 270° are behind the speaker. You

will have to reposition the protractor to make

measurements there, and make the necessary

subtractions or additions to figure out the

angles with reference to the axis. The angle

increases as you move counterclockwise

around the circle.

When you reach 360° you are back to the

initial position. Do your measurements for 0°

and 360° agree reasonably well? If not, repeat

some of the other measurements to find any

errors.
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ANGLE B DISTANCE (cm)

0°

OOCJ

k^O0

Figure 35. Sample data table.

The Background Noise

One nuisance you have to put up with in

these experiments is the background noise

from the other experiments in the room and

from people moving around and talking.

Once everyone gets a speaker hooked up and

running, the background noise from the other

setups should be fairly constant. This is a

great help. Since you are taking data by

always looking for the same output signal, a

constant background noise will affect each of

your measurements the same way.

For example, the microphone signal may be

4 mV at the initial location. Let us imagine

you turn off your speaker, and find that

1 mV of signal is due to the background

sound from everyone else’s experiment. Thus

the difference must result from the sound

from your speaker, which is added to the

background noise. Now at a later location,

you adjust the distance to obtain the same

output voltage, 4 mV. If the background

noise is the same, then you know the sound

from your speaker is again the same. Graphing

these results, you get a plot of positions of

equal intensity. Such a plot is called an

isointensity plot.

This is just another relative measurement, like

the null measurement of Section A. Un-

wanted factors, such as the sensitivity of the

microphone and the background noise level

cancel out. Of course, voice and other tran-

sient noises (that is, ones which change) do

not cancel out, and you should not let them

confuse your data.

The Isointensity Plot

After the lab session is over, plot your data on
the polar graph paper which is provided.

Connect the data points with a smooth curve

to make the pattern more obvious.

Note that each radial line on the graph is

labeled with its angular measurement. Each

circle should be labeled with a distance.

Choose a suitable scale for labeling the con-

centric circles.

Plot each pair of values for angle and distance.

Draw a small circle around each point.

Draw a smooth curve to represent the shape

of the pattern of points. Some points will be

“out of line” due to experimental error.

These data make up an isointensity plot—

a

plot of all points around the speaker at which

the intensity is the same.

The shape of the plot shows the pattern of

sound distribution around the source. It

indicates the nature of the speaker output.

The closer to the origin (center) the plot goes,

the weaker the sound radiation was in that

direction.

DISTANCES ANGLES

Figure 36. Polar graph.
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EXPERIMENT B-2. Measuring the Effect of Distance

The idea that the loudness of sound decreases

as one moves farther away from the sound

source is familiar from everyday experience.

It is perhaps not quite so obvious why sound

(or indeed any other wave phenomenon) loses

intensity as it moves away from the source.

Also, what determines the rate of reduction as

waves expand to cover larger and larger

distances?

In this experiment, you will determine how
the intensity of sound from your speaker

decreases with increasing distance along the

axis of the speaker. Measurements will be

made using the same equipment as before. In

the discussion, you will find that your results

can be explained on the basis of energy

conservation.

Setup

Start with the setup used at the beginning of

Experiment B-l. The microphone should be

placed a little nearer to the speaker, perhaps

10 cm away (on-axis). The sound level should

be at a comfortable value, with the oscillator

frequency set at about 400 Hz.

Begin by adjusting the amplifier OFFSET to

obtain a very small reading on the meter with

the sound off, as outlined previously. This has

the effect of subtracting out the background

noise. Then with the sound turned up, adjust

the converter gain so that the meter reading is

nearly full scale-about 2.0 V.

Procedure

Before taking any data, place your ear near

the microphone and listen to the speaker.

Then move your head farther away, and try

to estimate the changes in loudness of the

sound. See if you can guess what will occur

when the same thing is done with the mike.

For instance, at what distance is the loudness

one-half as great? One-fourth? One-tenth?

Wdistance-I
Figure 37. Estimating loudness with your ear.

Now measure microphone voltage versus dis-

tance along the axis. Record your data in the

table provided. Put a title on the data sheet.

Label the columns for distance and voltage.

Increase the distance in small steps, about

1 0 cm each, recording the voltage at each

distance. Again, when recording voltage, do so

at a moment when no transient noises, such as

talking, are present. Continue the measure-

ments out to at least one meter from the

speaker. At the end of your data-taking,

check to be sure the meter still reads zero

with your speaker off.

Plot your data on a piece of linear graph

paper. How well do the results agree with

what you estimated?

h— DISTANCE—

H

Figure 38. Measuring intensity along the axis.
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EXPERIMENT B-3 (OPTIONAL). Family of Isointensity Plots

Repeat Experiment B-l a couple of times,

starting with a different frequency or a

different distance of the microphone from the

speaker. This will provide a family of isointen-

sity plots, which will show how the behavior

varies with frequency and distance as well as

how it depends on the angle. You can use the

same data table and polar graph paper as

before. You might try a frequency of 5000
Hz, for example.

Figure 39. Repeat the first experiment using a differ-

ent distance or frequency.

EXPERIMENT B-4 (OPTIONAL). Directional Character of the Mike

Measure the microphone pickup pattern by
doing an experiment similar to what you did

with the speaker. The easiest way to do it is

to keep the microphone located in a constant

sound field, for example right in front of the

speaker, and rotate the mike through various

angles. Be sure to keep the part of the mike at

which the sound enters in the same position

(Figure 40). Record angles and voltage out-

puts. Record your data, and plot it on a spare

piece of polar graph paper. What are the

differences between this plot and your earlier

plots? Figure 40. Try rotating the mike itself.

EXPERIMENT B-5 (OPTIONAL). Spherical Radiators

Measure the pattern ofa "baffled” speaker by
mounting your speaker over a hole in a large

plywood sheet. Repeat the isointensity plot

on the front side of the board. What has

changed? Why could such an arrangement be

called a “spherical radiator”? In the jargon of

high fidelity, a speaker enclosure which makes

it impossible for any sound from the rear to

reach the space in front is called an “infinite

baffle.” This can be done very easily, for

instance, by mounting the speaker in a closet

door. Such a mounting improves the radiation

pattern.

A

PLYWOOD
BAFFLE

V

Figure 41. Mount the speaker on a large baffle.
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DATA ANALYSIS AND DISCUSSION

In this module up to this point, the term

“intensity” has been used several times. Prob-

ably without worrying too much about

details, you have understood that sound

intensity is related to the strength or loudness

of a sound.

Actually the term “intensity” has a meaning

which is different from “loudness,” although

the two terms are closely related. Being

careful to distinguish them will lead to a

better understanding of your experiments,

especially Experiment B-2. Also, it will reveal

an interesting fact about human hearing.

To begin with, we must say a bit more about

the power involved in generating sound.

Acoustic Power

The production of sound (or anything else,

for that matter) requires energy. The rate of

radiation of energy in sound is called acoustic

power. Like electric power, this is measured

in watts. One watt is a rate of one joule per

second.

The power represented by most familiar

sounds is not large. For instance, speaking at a

conversational level generates only about ten

millionths of a watt (10
s
W). Thus the power

in sound generated by all of the ten million

people in New York City, talking at once,

would be no more than enough to run one

ordinary light bulb! If you think about it, this

means that your ear is an incredibly sensitive

detector.

In a very soft whisper, the power may be as

little as one billionth of a watt (10
9
W). At

the opposite extreme, shouting loudly may

produce 10
3 W of acoustic power. For com-

parison, the most powerful of all man-made

sounds, that of a Saturn rocket at lift off,

radiates about 40 million (4 X 1

0

7

) watts.

POWER (W) SOURCE
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1
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,
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1 ,
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0.0001

0.00001

-Ram Jet

-Turbo-Jet Engine

-4-Propeller Airliner

-75-Piece Orchestra

-Pipe Organ

-Small Aircraft Engine

-Large Chipping Hammer
-Piano

-Blaring Radio

-Auto on Highway

-Ventilating Fan

-Voice—Shouting

-Voice—Conversational Level

Figure 42. Typical values of acoustic power. The

power scale is logarithmic, to squeeze in the very

large range of values.

Intensity

Usually the intensity of a sound is of more

interest than the total radiated power. Inten-

sity is the wave power crossing any given

small area in the sound field, divided by that

area. It is measured in units of watts per

square meter (W/m ).

A detector of sound, such as a microphone or

your ear, picks up only that part of the sound

power which crosses the detector’s own area.

If the sound intensity is /, then:

Power detected = / X area
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The Loudness of Sound

In contrast to intensity, loudness is what
your mind thinks the strength is, based on
what your ears tell it. Of course, different

people have different hearing sensitivity, so

the term “loudness” refers to an average

person’s hearing.

Surprisingly, hearing experiments have shown
that loudness is proportional to the logarithm

of the intensity of sound. This means that

each additional multiplication by ten in inten-

sity is just an increase of one more unit in

loudness. This “logarithmic behavior” of the

ear is very important, since it affects the

design of all things which are used to produce

sound.

The Decibel Scale

The unit of loudness mentioned above, repre-

senting one decade (factor of 10) in intensity,

is called the bel. Zero bels is defined as the

loudness an average person can just begin to

hear—the threshold of hearing. By conven-

tion, the intensity of this sound level is taken

to be exactly 1 0
1

2

W/m 2
.

The bel is a large unit, so it is commonly
divided into ten subdivisions called decibels

(dB). Thus an additive increase of lOdB (or

one bel) is a factor of ten increase in

intensity. Likewise an additive increase of

20 dB is a factor of 100 in intensity, and so

on. Thus the noise of a train at 80 dB
loudness has 100 times the intensity of a

cocktail conversation of 60 dB.

It takes a while to get used to working with a

decibel scale. But it is very commonly used in

specifications for audio equipment. That is

because such equipment is designed for appre-

ciation by humans, and it therefore makes

sense to use a scale which corresponds to the

sensitivity of human hearing.

In the table below, we show you some
common sounds and their locations on the

decibel scale. The scale spans a range of a

factor of 10
1 2

in intensity, so it shows how
versatile the ear is. It can handle a huge range

of levels, allowing us to hear amazingly weak
sounds without being overloaded by ones that

are 10 times more powerful. Thus, the ear

has a large dynamic range.

\
1

INTENSITY (W/m
2

)

LOUDNESS (dB)

10° - - 120 -

SOUNDS

Threshold of pain

icf
2

. - 100 - Jet plane at 30 m
10-4 - - 80 • Train

id
"6

- 60 • • Conversation

10"8 40 - Quiet radio

Id
"10

. 20 - " Whisper

10" 2
- 0 - - Threshold of hearing

Figure 43. Typical values of intensity and loudness.

Notice some of the interesting properties of a

logarithmic scale. The difference in loudness
between lOOdB and 120dB is the same as
the difference between 20 and 40 dB, even
though the first case involves 10

8
times more

intensity than the second. Notice on the scale

below that a doubling of intensity does not
produce a doubling of loudness. Instead, the
increase in loudness is proportional to log 2,

or 0.3. That means an increase of 0.3 bels, by
definition, or 3 dB.

LOUDNESS DIFFERENCE (BELS)
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Figure 44.
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EXAMINING YOUR RESULTS

At this point, you may have realized why
your ear is not a good guide to predicting

microphone results, as in Experiment B-2. The

ear measures loudness, while the mike output

reveals something else; something which is

more closely related to the sound intensity.

That something is the sound amplitude.

Amplitude

The amplitude of sound is the amount of

vibration in the wave, measured in units of

pressure difference. For instance, as the wave

travels along, if the air pressure varies above

and below atmospheric pressure by a maxi-

mum of 10N/m 2

, then that is the sound

amplitude: 10N/m 2
.

An amplitude this large, by the way, repre-

sents an extremely loud, even painful, sound.

Since normal atmospheric pressure is about

10
4

times larger, you can see that we are

dealing with extremely small pressure changes

in sound.

A microphone can be used to measure sound

amplitude because the voltage produced by a

mike is usually proportional to the pressure

change. Thus the strength of the electrical

signal, as indicated on your meter for exam-

ple, is a direct measure of the amplitude of

the sound.

The Data

Your meter readings in Experiment B-2 pro-

duced a graph like the one sketched in Figure

45. This shows that the sound amplitude goes

down quite rapidly as you move away from

the speaker. (Why doesn’t the loudness de-

crease equally rapidly?)

Note that the readings do not go to zero, no

matter how far away you go, because of the

amplifier “offset” adjustment and also

because of the constant background noise.

Figure 45. Amplitude decreases rapidly with distance.

How far out does it make sense to continue

your graph? Only until you can no longer see

significant changes in the true signal above

this final voltage level. Probably that hap-

pened at a distance between one and two

meters in the actual experiment.

Replotting the Amplitude

Something interesting about the amplitude

behavior is shown by making a new type of

graph. Replot your data using the inverse

distance 1/d instead of d itself. This new plot

should look like Figure 46. You see essen-

tially a straight line graph of amplitude versus

inverse distance. Naturally this starts from the

arbitrary offset level at 1 /d = 0 (infinite

distance), but above that level the increase is

basically linear as the detector approaches the

speaker from reasonably large distances.

Figure 46. The plot is nearly linear with inverse dis-

tance.
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The Ideal Behavior

If your results were not perfect because of
unwanted noise, reflections, interference, etc.,

that is of minor concern. The ideal behavior

of the amplitude with inverse distance is

exactly linear for waves expanding outward in

all directions from a single source. That
is: A l/d, where A is the amplitude and d is

distance from the source. The symbol «
stands for “is proportional to.”

Intensity and Amplitude

The preceding simple result has a simple

explanation. To seek it, we must first express

the result in terms of the intensity, rather

than amplitude. This is possible because of
the following general rule: intensity is pro-

portional to the square of the wave ampli-

tude. In symbols:

I * A 2

So, if the amplitude of a wave doubles, the

intensity quadruples. If the amplitude is

halved, the intensity is quartered, and so on.

The Inverse Square Law

To find the ideal behavior of the intensity,

simply combine the preceding relations.

Square both A and \ /d in the first relation,

finding A « 1 Id . Then, using the second

relation, replace A 2
with I. The result is called

the Inverse Square Law of Radiation

,

which

reads as follows:

Or, in words, intensity is proportional to the

inverse distance squared. The inverse square

law has some limitations, but it represents the

simplest type of behavior possible for expand-

ing waves. They must weaken with increasing

distance, and they do so more or less in this

simple fashion. To see that, you must recog-

nize that waves carry energy as they travel,

and that energy must be conserved.

Conservation Explains the Behavior

Energy can be neither created nor destroyed,

but only converted between various forms.
The total amount of energy remains constant.

In physics, this is what we mean by energy
conservation. The forms of energy include
light, heat, motion (kinetic energy), and so

on. As you have learned in this module, sound
also represents one form of energy.

As sound waves expand, the energy in them is

spread out over an ever-increasing area. In

fact, the area increases like d
2
(where again d

is the distance from the source). To see this,

think of the surface of a large balloon being
blown up to larger and larger diameters. The
formula for its surface area is vd

2
14.

As a balloon expands, it gets thinner, because
the mass is conserved. Likewise, the energy of
an expanding wave is spread over a larger and
larger area more and more “thinly” because
of energy conservation. If you think about it,

this “thinness” is measured by the intensity.

So indeed the intensity goes down as the area

covered by the sound goes up.

figure 47. Because its mass is conserved, a balloon
gets thinner as the area gets larger.
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LOUDSPEAKER SPECIFICATIONS

Anyone shopping for a loudspeaker meets a

bewildering variety of types and prices. So-

called “hi-fi” speakers, for example, may
range in price from only a few dollars to as

much as a thousand dollars. What is the real

difference between speakers? How can a

buyer make a sensible choice, according to his

needs?

Figure 48. High-fidelity speaker system.

To help answer these questions, manu-

facturers provide data sheets, called technical

specifications (or “specs”), which tell you

about a speaker’s strengths and weaknesses.

These can be quite complicated, and may
demand a fair amount of study if one is to

avoid being misled. Basically, however, one

need only answer a few questions about a

loudspeaker’s performance.

Power Specs

As you know by now, sound is energy. The

speaker specs which are concerned with the

way the speaker handles energy are the

following.

1. Power Handling Capacity. How much

electrical power, applied to the voice

coil, can the speaker tolerate before the

sound is distorted and the speaker possi-

bly damaged?

2. Efficiency. What fraction of power used

to drive the speaker is converted to

sound (not heat, etc.)?

If the electrical power driving the speaker is

An> and the sound power output is Pout* the

efficiency is defined as the ratio :

E =^-X 100%
An

For the speakers you have seen, this is usually

about 1% or less, which of course means that

almost all of the input power is “wasted.” In

hi-fi systems for the home, that is not

important, since even 1 watt of sound power

in an ordinary room is excessive. The low

efficiency of a cone speaker is more than

offset by its strong points: uniform fre-

quency response and linearity.

In public-address applications, these priorities

are reversed. To fill a stadium or a theater

with sound may require tens of watts of

acoustical power. Thus 1% efficiency is intol-

erable, since the amplifier power requirement

would be thousands of watts! Fortunately,

another type of loudspeaker, the horn loud-

speaker, is commonly 20 to 50% efficient.

For this reason, horns are the speakers of

choice for P.A. systems.

Figure 49. Public-address speaker.

Frequency Specs

A pure musical tone involves perfectly sinu-

soidal vibrations of the air pressure. The

number of complete vibrations per second is

called the frequency of the tone. The unit of

frequency is the hertz (abbreviation Hz). One

hertz is just one vibration per second.

The ear does not respond to frequencies
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below about 20 Hz or above roughly

20,000 Hz. This range of hearing varies from

person to person, and usually decreases

greatly with age.

Of course, most sounds are not pure tones at

all. Rather, they are complex patterns of air

vibration with no single frequency. However,

any sound can be formed from a number of

pure tones all added together, much as the

individual instruments of an orchestra, each

playing single notes, combine to make the

complex sound of a symphony. The indi-

vidual tones which make up a given sound are

called its spectrum.

One of the most important requirements for

high-fidelity speakers is to reproduce the

entire spectrum of audible sounds. This leads

to the next specification:

3.

Frequency Response. If the speaker is

driven with pure tones, how much does

the efficiency vary with the frequency of

the pure tones?

Speaker manufacturers usually provide graphs

which illustrate the frequency response of a

speaker. These show the sound output inten-

sity or loudness versus frequency for a con-

stant input power. A typical plot for the

planar speaker you have used is shown in

Figure 50.
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Figure 50. Frequency response of a planar speaker.

Three kinds of speakers are usually found in a

hi-fi speaker system, each one handling a

different range of frequencies. Figure 51

illustrates the frequency responses of these

three speaker types.

Woofers are quite big, perhaps 12 inches in

diameter, and tweeters are smallest, perhaps

only 3 inches in diameter. Your planar

speaker is primarily a midrange unit, also

useful as a general purpose speaker.

FREQUENCY UIOOO Hi)

Figure 51. Frequency response of special purpose

speakers.

Other Specs (Optional)

Several other types of specifications occur

which should be listed. While these will not be

discussed at any length here, you will recog-

nize that they relate to some of your other

work in the module.

4. Directivity. How much does the loud-

ness of the radiated sound depend on
direction?

The directivity is usually illustrated with polar

plots which show the loudness versus direc-

tion at a constant distance from the speaker.

Thus, although such plots look very similar to

your own isointensity plots, the meaning is a

little different. Since the directivity depends
on the frequency, often two or three plots are

provided (for low, middle, and high ranges).

5. Linearity. If the speaker is driven with

one pure tone, how pure is the output

sound? (The failure to produce a pure

output is called harmonic distortion.)

6. Transient Response. If the input signal

suddenly changes (either in pitch or

loudness), how quickly and faithfully

does the output follow?
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SUMMARY OF SECTION B

In Section B you examined the properties of

your loudspeaker in more detail. It is an

anisotropic sound source. To measure the

directionality of its sound radiation, you used

a microphone as a sensor. Caution was re-

quired to obtain valid data in the presence of

background noise and interference. The data

obtained was used to produce an isointensity

plot. The shape of that graph showed the

pattern of sound radiation. A separate experi-

ment showed the decrease in amplitude with

distance.

Amplitude is proportional to sound pressure.

Intensity is proportional to sound power and

to the square of the amplitude. Loudness is

proportional to the logarithm of intensity. It

is measured in decibels. Zero decibels corre-

sponds to the threshold of human hearing.

Using this knowledge, you can examine more
critically the specifications of commercial

speakers and speaker systems (sets of speakers

in enclosures). Common specifications include

plots of frequency response and direc-

tionality. Frequency is measured in hertz. The
ear responds only to sound in the range

roughly from 20 Hz to 20,000 Hz.

QUESTIONS

1. Sketch an isointensity plot for an iso-

tropic sound source.

2. Sketch an isointensity plot for a highly

directional microphone used for picking

out the signals of the quarterback in a

football stadium.

3. Explain why it is undesirable for a

speaker to become more directional at

high frequencies than it is at low fre-

quencies.

4. Explain what information you get from

a family of isointensity plots in addition

to the information supplied by a single

plot.

5. When taking data for an isointensity plot

of the speaker output, why should the

microphone always point at the speaker

as it is moved to various positions

around the speaker?

PROBLEMS

1 . How much more intensity is there in the

sound of a jet plane at 30 m (100 dB)

than there is in a whisper (20 dB)?

2. If you put 100W of electrical energy

into a loudspeaker and obtain 0.5 W of

sound energy, what is the speaker’s

efficiency, and what type of speaker is it

most probably?

3. If you know that the AC-to-DC con-

verter puts out 0.05 V for a 1-mV input

to the preamplifier, what microphone

output voltage is represented by a meter

reading of 1 0 mV?
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SECTION C

Using Sound Waves

This section of the module deals with ways to

use sound, not by familiar means, such as

talking or listening, but by studying and

exploiting the behavior of sound as a wave.

The emphasis here is on understanding the

basic nature of sound and seeing how that

understanding opens the way toward new

applications. There will be some experimental

work to do, but it will be less detailed and

more exploratory than was your previous

work. You should focus more on the ideas

than on the numbers.

Reminder: Waves Travel

Waves of various kinds are extremely common
in nature: there are light waves, water waves,

sound waves, etc. Ordinary sound is a wave in

air. As a sound wave passes by, you can

observe a rapid, repetitive variation of the air

pressure -up and down -using a microphone

as a sensor.

Figure 52. A sound wave in space and its graph. The

baseline for the graph is atmospheric pressure.

If you could look closely enough, you would

find that, as a sound wave travels through air,

the air molecules move back and forth.

However, the motion of the molecules is not

the same as the overall motion of the wave

itself. That is, the molecules oscillate back

and forth in a given location while the wave

travels from one place to another.

Transverse and Longitudinal Waves

Perhaps you have noticed the difference

between particle motion and wave motion for

other waves. A wave on a piece of rope

involves transverse (sideways) motion of the

rope itself, whereas the wave travels along the

rope. The transverse wave motion and the

particle motion are at right angles to one

another.

PARTICLE
MOTION WAVE

By contrast, a compressional wave on a spring

involves longitudinal motion—back-and-forth
vibrations—while the wave travels along the

spring. The longitudinal wave motion and

particle motion are parallel.

A sound wave is a longitudinal wave in air.

The air molecules at a given spot move a short

distance back and forth as the wave travels

outward from the source. Transverse sound
waves are not possible in air.

PARTICLE WAVE
MOTION MOTION

Figure 54. Longitudinal waves.



THE SPEED OF WAVES

One important thing to know about a wave is

the speed with which it travels along, carrying

energy from one place to another. As a wave
travels through matter, it moves at a speed
which is different from the speed at which the

particles of matter are moving.

Usually the speed of the particles is of little

interest, while the wave speed matters a great

deal. For instance, if an earthquake creates a

tidal wave at sea which approaches the shore,

the inhabitants waiting for its arrival probably

do not care how fast the surface of the water

bobs up and down as the wave passes by. On
the other hand, they have a major interest in

how long it will be until the tidal wave
reaches them.

Measuring Wave Speed

When anything moves, its speed can be found

by measuring the distance it moves in a given

length of time. Then, the definition of speed

is:

Speed = distance/time

The problem of measuring the speed of a

wave accurately can be rather tricky, how-

ever, and the method chosen depends on the

type of wave. This is because of the vast

differences between the speeds of various

waves. While a wave on a rope travels only a

few meters per second, a light wave travels

about 300 million meters per second. Thus, to

measure the speed of light directly requires

the use of either very long distances or very

short times.

The speed of sound is between these two

extremes, about 300 meters per second, de-

pending on the air temperature, humidity,

etc. One of your aims in this section will be to

measure the speed of sound. To understand

the indirect method used (which can be

applied to most waves, including light), one or

two other simple, yet general, ideas are

needed.

Wave Period

A periodic wave is a repetitive phenomenon.
Whatever type of wave it is, the action

involved (water waving, air vibrating, etc.)

repeats again and again. This can happen
slowly (geological waves in earthquakes) or

rapidly (radio waves). A pure tone of sound is

the simplest and most familiar example of a

periodic wave.

The period of a periodic wave is the length of
time between repetitions. For instance, if

there are 100 repetitions per second, then a

new repetition occurs each 1/1 00th of a

second. The time between repetitions is the

wave period T. (T stands for “time.”) In other
words, T = 0.01 s for this example.

Incidentally, this example shows the relation

between the period 7
1

of a wave and its

frequency f. The frequency is just the number
of repetitions per second (here, 100 per
second, or 1 00 Hz). A little thought should
convince you that T=l/f for any value of T.

Wavelength

A periodic wave repeats in distance as well as
in time. The wavelength X describes the
distance between identical portions of the
wave. It is the “repeat distance,” just as T is

the “repeat time.”

h—

x

Figure 55. The wavelength of a periodic wave.
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A Fundamental Relation

The distance a periodic wave travels in exactly

one period is the wavelength. This is because

the repetition in time is a result of identical

portions of the wave passing a fixed location.

Calling the speed s, we can therefore write

5 = X/T.

But dividing by T is the same as multiplying

by / Thus, for any periodic wave,

s = Xf

The speed of a periodic wave equals its

wavelength times its frequency.

Waves Reflect

One interesting property of all waves is that

they are reflected by certain surfaces. You

may be familiar with the reflection of water

waves from a wall or shore line. You are

certainly familiar with the reflection of light

from shiny surfaces (although you have to

take our word that light is basically wavelike).

If you imagine waves in a stretched spring or

in a rope attached to a wall at one end (Figure

57), you can see that reflections also take

place there.

Figure 57. Waves on a rope are reflected by a wall.

Figure 56. Light waves are reflected by a shiny

surface.

Echoes are reflections of sound waves. You
will gain a great deal more detailed experience
with the reflection of sound waves in the

upcoming experiments.

Specular Reflection

Specular reflection is a term referring to

“mirror-like” reflections. If a wave is reflected

from a smooth surface, we find that its angle

of reflection is equal to its angle of incidence.

Light waves provide a familiar example. You
can check this, at least roughly, using a

flashlight and a flat mirror. You may not have
realized that, under certain conditions, the

same effect occurs with water waves, sound
waves, radio waves, and others. You will

search for sound-wave reflections in the next
experiment.
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EXPERIMENT C-l. Observing Reflections of Sound Waves

The equation s = X/, which relates the wave

speed, wavelength, and frequency, allows you

to find the speed of sound if you know X and

/ for a periodic wave. This will be your

“indirect” method for finding the speed of

sound.

The wavelength X can be measured with the

aid of sound reflections. You will see how to

do this in the next experiment. First, you

should gain a little experience with these

reflections by making a few simple tests. That

is the purpose of the present work.

Setup

To do this experiment you will need appara-

tus for generating sound and for detecting

sound. The way to fill both of these require-

ments is now very familiar to you. Set up the

apparatus as indicated in Figure 58. You may
use this equipment to search for reflections

from any surface you wish. We suggest

starting with a large plane surface, such as a

1-m square sheet of plywood or hardboard.

Start with the oscillator frequency set at

1 000 Hz.



Procedure

The work here should proceed quite rapidly.

However, you may wish to try several things

according to the materials and time available.

The following steps are offered mainly as

suggestions. When you think that you have a

reasonable picture in your mind of how sound

reflections operate, you should go on to the

next experiment.

/

/

/

MOVE MIKE i

Figure 59. Surveying the reflected intensity.

1. Specular Reflections. With the speaker

mounted in a fixed location, and the

board located a meter or so in front of

it, you can vary the angle of the board

and the position of the microphone. You
should be interested at first in simply

surveying the pattern of reflected sound

intensity, without recording any numeri-

cal data. Choose your angles from what

you know of specular reflection with

light and what you would expect for

sound. The drawings suggest some possi-

bilities. Look for maximum intensity at

the microphone.

2. Absorption. How would you expect the

nature of the board’s surface to affect

the reflections? Compare the results you
obtain using the plywood board with the

results you obtain using various materials

stretched over the surface of the board.

Try fiber glass building insulation, fabric,

heavy fabric, or other available materials.

/

/

/

/

/

Figure 60. Checking the possibility of absorption. 45



EXPERIMENT C-2. Using Reflections to Measure the Wavelength

Procedure

1 . Without using a reflector, refresh your

memory of the behavior of the signal

strength as the microphone is moved
along the axis of the speaker. The
strength should decrease smoothly as the

mike is moved away from the sound

source, as in Experiment B-2.

2. Add the reflecting board, to reflect the

sound back toward the speaker. Use a

frequency of 1 000 Hz. Between the

speaker and the board the microphone

will now pick up both the original sound

and the reflected sound.

(X)
Figure 61. Add the reflector in front of the speaker.

3. Carefully and slowly move the micro-

phone back and forth, as before. Do you
observe anything unusual? See ifyou can

observe increases and decreases of inten-

sity, roughly every 1 5 cm of motion of

the microphone. This is very different

from the behavior you observed earlier.

Try a different frequency, such as

500 Hz. What do you observe now?

I

i 1 1 1 1 r

About how far apart are any two posi-

tions of maximum intensity?

Taking Data

Choosing convenient frequencies and pro-

ceeding as in Step 3, you should now record

data from which you will later be able to

calculate the speed of sound.

Record the frequency setting of the oscillator.

Then, using a meter stick, carefully measure

and record the distance between two adjacent

points of minimum sound intensity. Do this

for several pairs of minima at different dis-

tances from the speaker. Record these various

examples on your data sheet. Try different

frequencies, and repeat the experiment at

least twice.

Using the Data

In this experiment, you observed the effect of

having the direct sound wave from a speaker

added to the reflected wave from a nearby

surface. Whenever two or more similar waves

add together, there is said to be interference

of the waves. The result in this case is the

formation of a standing wave. This standing

wave shows many points of decreased sound
intensity, and the spacing of those points can

be used to find X.

Shortly you will learn more about the topic

of interference, why it occurs, and what a

standing wave really is. You will also calculate

the speed of sound from the data obtained.

t 1 1 1 r

46 Figure 62. Locate the points of minimum intensity.



EXPERIMENT C-3. Using Reflections to Detect Intrusion

Before proceeding, notice that the experi-

mental situation you just studied is not a

totally artificial one. Reflections of sound
waves occur naturally all around us. The
rooms we live in are full of reflecting surfaces.

A brief additional experiment will show you
one result of this, and how it can be turned to

advantage for some purposes.

Setup

Construct a model room as shown in Figure

63, using boards held together with tape. The
boards should rest directly on the lab table.

Procedure

1. Movement of microphone. Fill the

model room with 2000-Hz sound, and
move the microphone slowly around. Do
you detect resemblances between what

you saw before and this more compli-

cated situation with multiple reflections?

2. Intrusion of objects. Set the microphone

in a fixed position on its stand in the

room. Insert and remove your hand and

other objects in the room. What happens

to the signal intensity?

Figure 63. A model room (top view).

Figure 64. The standing wave pattern is changed by
moving objects.

An Intrusion Alarm

You have discovered that the intrusion of an
object into a room full of reflected sound
changes the sound intensity at any specific

point, such as the point where your micro-
phone is located. This phenomenon has a

practical application. You could design an
intrusion alarm (burglar alarm) using your
discovery. All that is necessary is to develop
an electronic circuit to detect this signal

change and sound an alarm.

A commercial alarm is available which uses

reflected waves of ultrasound (frequency
40 kHz). The transmitter and receiver trans-

ducers are mounted in a single unit, which can
be disguised as a book. While the signal in this

case is inaudible (since the frequency is

beyond the limit of human hearing) the basic

principle is the same.

One question you might ask yourself is what
sort of electronic detection circuit should be
used in the alarm. Should it be a “threshold”
circuit, which is triggered by a certain signal

level? Or should it be a circuit which senses
only changes in signal level? 47



EXPERIMENT C-4 (OPTIONAL). Echo Ranging with Sound Pulses

Up till now, you have been doing experiments

with reflections of continuous waves. The

indirect method of measuring wave speed uses

the special pattern of intensity which can

occur in such a case (standing wave pattern).

It is a simple and convenient method to use.

This method also works for light waves, radio

waves, etc.

There is another experiment you can try

which is much more like the kind of echo

experiment you do when you make a loud

noise outdoors and hear an echo a short time

later. You can produce a very short sound

with your loudspeaker, a “click” for example,

and wait for its reflection. The time delay

allows you to compute how fast sound travels

if you know the distance involved. On the

other hand, if you already know the speed of

sound, this method can be used to measure

the distance to a reflecting object.

This is an optional experiment because it is

quite a bit more difficult than the earlier

ones. On the other hand, it perhaps gives you

some feeling for the difficulties which arise in

trying to measure wave speeds directly.

Setup

Any sudden changes of voltage applied to a

speaker will produce “clicks.” A convenient

source of click signals is a square wave

generator. (Your audio oscillator may have a

“square wave” setting.) To get distinct clicks

instead of a continuous buzz, the frequency

chosen should be below 10 Hz.

An amplifier is again necessary to boost the

microphone signal to observe it on the oscillo-

scope. The overall setup is shown schemat-

ically in Figure 65. In practice, the mike

should be as close as possible to the speaker at

one side. Also, the reflecting board should be

about one meter away, directly in front of the

speaker. The mike should be pointed toward

the board.

Figure 65.



Procedure

Set your oscilloscope for a sweep rate of

approximately 1 ms/cm. The trigger control

should be on the “internal” setting (1NT), so

that a sweep begins each time the scope

receives a signal from the mike, caused by the

direct click from the speaker. The reflected

click will be received at a later time, depen-

ding on the distance to the reflecting board.

With the reflector positioned about one meter

from the speaker and oriented carefully to get

a maximum signal at the mike, and with the

gain of the amplifier set high enough, you

should be able to get a trace similar to the

example of Figure 66, with two distinct

“blips.”

The first blip is the signal caused by the click

traveling directly from the speaker to the

microphone. The second blip is caused by the

later arrival of the reflected click. The whole

process repeats with each click from the

speaker.

The exact shape of each blip is not important.

However, the time delay between blips

depends on the net path length from the

speaker to the reflector and back to the

microphone. It is the total indirect distance

from speaker to mike minus the direct

speaker to mike distance.

Figure 66.

In the table provided at the back of the

module record the time delay for various

distances, for use in calculations later. Can
you find the speed of sound directly, given

the delay and the distance?

An Example

The trace in Figure 66 was obtained with the

reflector exactly 114 cm in front of the

speaker. The distance from mike to speaker

was 1 5 cm. The trace shows that the delay

between the blips was 6.2 ms. What was the

speed of sound in this example?

Applications

Sonar represents an application of some of

the technology you have studied here. Pulses

of sound are transmitted outward through

water, and careful sensing detects echoes. The
longer the delay before the echo is received,

the farther away is the object that caused the

echo. The speed of sound in water is known
(about three times the speed in air), so the

distance can be figured out.

Radar is based on the same principle as sonar

but uses high-frequency radio waves. Again,

the wave speed is known, so the delay of

echoes can be used to locate the reflecting

object, such as an airplane or speeding auto.

Bats use a sonar echo-location system to hunt

insects for food. They are nearly blind, but

hunt mainly at night anyway. They rely on
sound to find their food and to avoid flying

into obstacles. Their sonar system is very

sophisticated and very effective.

A bat can fly very rapidly through a room full

of obstacles and catch a single moth “on the

fly.” The frequency of sound bats use is

above the range of human hearing, and is

emitted in rapid short bursts when needed.
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EXPERIMENT C-5 (OPTIONAL). Phasing Two Speakers

Stereo sound reproduction uses two similar

speakers placed a short distance apart. In

Section A (page 19) it was mentioned that

phasing the speakers is important. If driven

with the same signal, they should move in the

same direction at the same time. Otherwise

the sound from the speakers does not add,

but tends to cancel by interference.

Set up two planar speakers side by side, and

hook them up to a single oscillator. Use fairly

long leads, so the speakers can be moved

around. Use a low frequency, say 200 Hz.

With a mike right in front of the speakers,

check the sound amplitude on the meter.

Now reverse the leads to one speaker. What

happens? Does the amplitude increase or

decrease? Are the speakers “in-phase” or

“out-of-phase”?

EXPERIMENT C-6 (OPTIONAL). Standing Waves without Reflections

In Experiment C-2, you saw that when

traveling waves of the same frequency, but

moving in opposite directions, are added

together, they produce a pattern of maximum
and minimum sound intensities called a

“standing” wave. This is most often caused by

surfaces or other boundaries which reflect the

waves traveling in one direction back on

themselves.

To produce standing waves without reflec-

tions, try to generate opposite traveling waves

by using two separate speakers facing each

other.

Place the speakers about 1 m apart on the

same bench, and connect both at once, in

series, to the same audio oscillator. Set the

frequency to about 1 000 Hz.

Figure 67. Producing standing waves without reflec-

tions.

Hook up a mike to the converter and meter as

before, and move it back and forth between

the speakers. Can you see evidence of a

standing wave pattern? If so, how does the

spacing of nodes compare to what you found

in Experiment C-2 for the same frequency?

EXPERIMENT C-7 (OPTIONAL). Producing Beats

If possible, use two oscillators to drive the

speakers at slightly different frequencies.

What becomes of the standing waves? What

happens when you adjust the frequencies so

that they are almost exactly equal, but not

quite? This dramatic result can be easily

heard, as well as observed on the meter if the

frequencies are close enough. Use some effort

to see how well you can adjust the two

oscillators so that the frequencies become

equal. Repeat this in a few frequency ranges,

for example, near 200 Hz, 1000 Hz, and

5000 Hz.

When two similar waves of slightly different

frequencies are added together, they produce

beats. With sound waves, the beats produce a

“warbling” effect which can give the impres-

sion of a new note, the “beat note.” The

frequency of the beat note is the difference

between the two “parent” frequencies.

Beats play an important role in music,

because, when two separate tones are sounded

together, strong beats give a feeling of “disso-

nance.” Some modern music is characterized

by extreme dissonance.
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DATA ANALYSIS AND DISCUSSION

How Can You Describe Sound Waves?

It is important to be able to describe waves

accurately. Only in that way can you make
accurate predictions of their effects-such as

how long they require to travel a certain

distance, or what happens when two or more
waves traveling in the same region interfere

with each other.

To begin, you can get some ideas about how
to describe pressure waves in air (sound

waves) by considering the behavior of waves

on a long stretched rope.

A Traveling Wave

The illustration shows an artist’s conception

of a series of photographs taken as a wave on
a rope travels away from the source (a waving

hand). Such a series of pictures make up a

“motion picture,” and could be projected to

re-create the motion of the waves. The pic-

tures should be viewed in order from top to

bottom.

Consider for a moment the shape of the wave.

It is drawn with a very simple shape: that of

the mathematical sine curve. You may have

learned something about the sine curve

already in studying trigonometry. It is related

in a simple way to the sine of an angle.

However, if you are not already acquainted

with the sine curve, don’t worry. The impor-

tant thing for now is just to look at the figure

and recognize that it looks fairly reasonable.

It turns out that many different waves in

nature have almost exactly this shape.

Note especially that the shape of the wave is

the same in each snapshot, but the wave is

slightly offset to the right in each successive

picture. The whole pattern shifts but does not

change shape. Such a wave is called a traveling

wave. Figure 68.
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VISUALIZING WAVE MOTION

In order to study the movement of the wave,

imagine you are projecting the images of
Figure 68 with a movie projector. The images
flash on a screen one after another. In Figure

69 they have been drawn all together, over-

laid.

You can see from this figure that, in each

instant of time, the traveling wave shape

moves to the right by the same small distance.

In real life the motion happens so quickly

that it is difficult to see. But here you can

easily see that the wave can be described by
the same mathematical function all the time,

but it just shifts a bit in one direction with

each unit of passing time.

A Traveling Sound Wave

Now you can take the description of waves on
a rope and apply it to sound. For example, at

any instant of time a graph of air pressure

versus position for the simplest sound wave (a

pure tone) would have the basic shape of a

sine curve. So it too can be described by a

mathematical sine curve, this one relating

pressure and position (see Figure 52). The
sound wave also would be shifted a bit in the

direction of travel at each succeeding instant

of time. If you could make the pressure

measurements as easily as you can see the

rope, you would see that the pressure varies in

the same way as does the displacement of the

rope.

Standing Waves: A Mini-Experiment

Now we are going to look at a more compli-

cated situation. This is like the situation you
studied when you reflected sound waves back

on themselves.

Tie a rope or piece of tubing to a support.

Hold the rope fairly taut, then snap your
wrist sharply upward and back to produce a

single wave pulse, as in Figure 57. Observe the

behavior of the pulse as it reflects from the

fixed end of the rope. If the pulse is strong

enough to return to your hand, is it reflected

again there?

Now move your hand up and down repeat-

edly to produce a periodic wave, more or less

as shown in Figure 70. You should find, by
varying the rate at which you shake the rope,

that you can create the wave patterns called

standing waves. These can be identified by the

presence of points on the rope which move
very little. They are the nodes. This effect is

startling. The behavior of the rope now
represents the sum of the original traveling

wave and the reflected traveling wave. How
must you change the rate of shaking in order

to add another node to the pattern?

Figure 69. A traveling wave “motion picture,” with successive positions of the wave all shown, overlaid.



Notice especially that a standing wave does

not appear to move or travel anywhere. It

vibrates in place. That is the reason for the

name. Standing waves are caused by the

addition of identical waves moving in oppo-

site directions to produce a wave which

“stands still.” (Of course, the rope is not

standing still, but the wave is.)

Do not be discouraged if you have difficulty

seeing how the two traveling waves add up to

form a standing wave. It requires thought and

examination before one is comfortable with

this idea. In the graphical exercise outlined

next, you can work out how this takes place

in the example of the rope. Even after doing

that, you may have to think some more to

understand how a standing wave takes place

in air.

Graphical Addition of the

Two Sine Waves (OPTIONAL)

The drawing of Figure 71 below shows several

cycles of a typical wave on a long rope. You
can add this wave graphically to a second
wave of the same type if you:

1. Copy the sine wave on tracing paper,

including the baseline shown.

2. Shift the paper to the left slightly and
trace the wave again. The copied baseline

must remain over its original.

3. Sketch the sum wave by adding the first

two waves point by point.

If you measure the height of one wave over

the baseline at a point and find that it is

7 mm, while over the same point the height of

the other wave is 4 mm, then the height of

the sum wave over that point is 1 1 mm. (The

baseline is “zero” for each wave. Where a

wave is below the baseline, it is negative.)

The sum you obtain is another sine wave with a

different amplitude. If you repeat the con-

struction a few times, using various shifts, you

will find that while the amplitude of the sum

is always changing, its zeroes (nodes) remain

midway between zeroes of the added waves.

You can think of the added waves as two

waves moving left and right on the same rope.

If their zeroes move in opposite directions at

the same speed, the nodes of the sum remain

fixed: i.e., the two waves add up in such a

way that some points in space are nodes,

where no motion of the particles occurs.
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INTERFERENCE

Sound Added to Sound

You now have a better idea how cancellation

can occur when two waves occupy the same

location. Whether they are sound waves or

waves on a rope, the basic point is that one

wave may be going “up” while the other is

going “down.” The result is called destructive

interference. The total wave is reduced at

points of destructive interference.

The opposite effect is called constructive

interference. Here, both waves are going up or

down together. The total wave size is in-

creased at points of constructive interference.

As you know from earlier work, what goes up

or down in a sound wave is the pressure. Thus

if two sound waves interfere destructively at

some location, the pressure variations are

smaller there. This happens in a standing

wave. A microphone shows the effect, as you
found in Experiment C-2.

Calculating the Speed of Sound

By taking your standing wave data from

Experiment C-2, and knowing that the dis-

tance between nodes is one-half wavelength,

A/2, you can calculate the speed of sound in

air. A worksheet is provided for that purpose

at the back of the module.

Calculate the speed of sound from your data.

How does your average value compare with

the accepted value of 344 m/s? This is the

value in relatively dry air at 20°C. The speed

of sound in air depends slightly on tempera-

ture and humidity.

Standing Waves in a Room

Reflecting sound from the many walls of your

model room (Experiment C-3) creates a more

complicated situation. In a room you have a

three-dimensional situation. The nodes are no

longer half a wavelength apart, but the con-

54 cept is the same.

Figure 72. Standing wave patterns can be complex in

three dimensions.

Actually, the “nodes” of standing waves in a

room are not points at all, but rather whole

surfaces called nodal surfaces,* where the

sound is relatively weak.

Uve Rooms and Dead Rooms

The presence of standing waves in a room can

be very annoying. Your appreciation of stereo

music may depend on where you are in the

room. If you are at a node for certain tones,

then you will not hear those tones well.

This situation is greatly improved by reducing

the amount of reflection of the sound waves.

As you probably discovered, soft materials

reflect less (and absorb more).

A “live” room, which is a room with many
reflecting surfaces, can be deadened some-

what by drapes, carpet, furniture, and even

people. The effect is to make a better

listening room.

If there is only incomplete cancellation of partial

waves in the total wave pattern, then we do not

observe any true nodes. Properly speaking, there are

only standing wave minima, where the pressure

changes are less than at nearby locations (as you

actually observed in Experiment C-2).



MATHEMATICS OF WAVES (OPTIONAL)

Why are the simple waves being discussed in

this section called “sine waves”? What have

they to do with the numbers called sines of

angles, which you may have learned about in

trigonometry?

To help answer this question, look at Figure

73. It is a graph of the sines of angles between
0° and 360°. The values of the sine can be

found in a sine table or by using a calculator.

To find the sine of any particular angle on the

graph, simply look on the graph at the

appropriate place, and estimate the value of

sin 0 from the vertical scale. For example, sin

120° is about 0.9. Sin 270° is -1.0, etc.

There obviously is a close similarity between

this curve and the wave shapes you saw

earlier. However, there are two apparent

difficulties:

1 The sine of an angle is just a number,

ranging from +1 to -1, instead of a

quantity like air pressure or height of a

rope.

2. An angle is not a position, such as

distance from a sound source, distance

along a rope, etc.

It is easy to cure the first difficulty. Just

multiply the vertical axis in the graph by a

factor A 0 which correctly gives the maximum

size of the variable quantity in the actual

wave. A 0 is called the amplitude of the

variation. Thus, write:

A = A 0 sin 0

where A might represent deflection (for a

wave on a rope) or pressure change (for a

sound wave in air).

To cure the second difficulty, define an angle

0 which is proportional to the distance. When
the distance increases by one wavelength, this

angle must increase by 360°. Then sin 0
returns to its original value, and the wave
repeats. A suitable phase angle for this pur-

pose is:

0 = 360° (x/X)

where x is the distance and X is the wave-

length. At x = 0, 0 = 0°, while at x = X,

0 = 360°.

A graph of

A=A 0 sin [360° (x/X)]

versus the distance x is shown in Figure 74.

Because of the way in which the amplitude

and phase angle are defined, this figure is

identical to the original graph of the sine

curve. Figure 73. The only difference is in the

scales of the two axes. The shape is that of a

pure sine wave.

55



SUMMARY OF SECTION C

The experiments in Section C dealt with the

properties of sound waves and their motion.

Waves travel at characteristic speeds. Ordinary

sound waves are longitudinal, vibrational

waves in air, although sound can also travel in

other gases as well as in liquids and solids.

Sound waves are reflected from surfaces.

Echoes are a familiar example. A large flat

surface can cause specular reflection, that is,

“mirror-like” reflections.

Traveling waves interfere with each other.

Under certain conditions standing waves are

formed. In the simplest cases, the nodes of

standing waves are spaced one-half wavelength

apart. This fact can be used to measure the

wavelength, and thus the speed, of sound,

using the fundamental relation:

s — \f

You found that such standing waves, which

are present to some extent in any closed

room, can be an annoyance in listening to

music, or they can be useful in developing an

intrusion alarm.

You went on to measure directly the speed of

sound by an echo-ranging experiment. The
physics of this experiment and the others you
have done apply to a wide range of familiar

objects, including musical instruments, com-

munication devices, and navigation equipment.

QUESTIONS

1. If a standing wave is formed by sound
waves whose wavelength is 30 cm, what
is the distance between nodes of the

standing wave?

2. Explain why the properties of a room
affect the apparent performance of a

hi-fi speaker.

3. Can one use a large, curved reflecting

surface to focus sound waves, like light is

focused by the mirror in a reflecting

telescope?

PROBLEMS

1. If you know that the frequency of a

sound wave is 1 545 Hz, what is its

wavelength? (The velocity of sound in

air is about 344 m/s.)

2. If an echo returns from a reflector 1 5 cm
away 0.5 ms after the pulse was emitted,

what is the speed of sound in the

medium?

3. A guitar string is 1 m long and is

stretched tightly enough to produce a

tone of 400 Hz when plucked. What is

the speed of a traveling transverse vibra-

tional wave on that string? (Hint: Both

ends of the string must be nodes of the

standing wave pattern.)
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EXPERIMENT A-2. Measuring Motion of the Diaphragm

Data Table

Trial #
Current

(Amperes)

Position

(Arbitrary Units) Comments

(Distance from mirror to screen: )



EXPERIMENT A-3. Measuring the Force of the Voice Coil

Data Table

58



WORKSHEET: Calculating the Magnetic Field

Make three separate calculations, using dif-

ferent forces from your data, one at a high

current, one at low current, and one in be-

tween. Do you get about the same result each

time? Which do you think should be most

accurate?

MEASURING QUANTITIES FOR THREE DIFFERENT VALUES OF CURRENT:

Use the data from Experiment A-3:

Weight Weight Weight Current

(grams) (kilograms) (newtons) (amperes)

THE FORMULA:

(1 g = 10
3

kg; 1 kg weighs 9.8 N)

F(N) = 5(T) X L(m) X /(A)

Therefore:

B ~ 77 T
-

(in teslas)
3.2 m X i

CALCULATED FIELD VALUES:

Field Value #1

:

Field Value #2:

Field Value #3:



EXPERIMENT B-l . Measuring the Pattern of Radiation

Data Table

Microphone output:

Oscillator frequency: (about 400 Hz)

1

Angle Distance

0°



EXPERIMENT B-l . Measuring the Pattern of Radiation

POLAR GRAPH PAPER

0

180

Microphone output:
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EXPERIMENT B-2. Measuring the Effect of Distance

Data Table



EXPERIMENT B-4. Directional Character of the Mike

Angle Voltage
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EXPERIMENT C-2. Using Reflections to Measure the Wavelength

Data Table

FREQUENCY DISTANCE BETWEEN MINIMA

FREQUENCY

FREQUENCY

DISTANCE BETWEEN MINIMA

DISTANCE BETWEEN MINIMA



EXPERIMENT C-4. Echo Ranging with Sound Pulses

Data Table

Distance (m) Time Delay (ms)



WORKSHEET. Calculating the Speed of Sound

Transcribe your data from the data sheet for

Experiment C-2 into the spaces below and

perform the computations.

Distance

between

Nodes X 2 = Wavelength Wavelength y Frequency = Velocity

i. X 2 X

X 2 X

X 2 X

2. X 2 X

X 2 X

X 2 X =

You can also calculate the speed of sound

from the optional experiment with pulse

echoes. That experiment represents a direct

measurement of velocity. The sound travels

out and back with a delay time t. The

distance from the speaker to the reflector is

D, so the total distance traveled is 2D. From
this you must subtract the direct distance, d,

from the speaker to the mike.

Transcribe your data from the data sheet into

the spaces given and perform the

computation:

Net

Distance Delay = Velocity

Thus:

net distance _ 2 D How does this result compare with the result

delay time t above?
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APPENDIX: The Oscilloscope

The oscilloscope is nothing more than a

very fast “graphic machine.” It is able to

present graphs of voltages (usually on the

vertical axis) against time or other voltages

(on the horizontal axis). Thus the scope

displays the size, shape, and frequency of an

input signal. How the oscilloscope circuits are

designed is not important for this module.

Instead, we shall examine the functions of the

external controls which are common to most

general-purpose laboratory oscilloscopes. Be-

cause most oscilloscopes have additional fea-

tures and because the naming of controls

varies among oscilloscopes, the operating

instructions for a specific oscilloscope should

always be consulted before use. (The terms

scope and oscilloscope are used interchange-

ably here.)

Some of the basic controls found on all

oscilloscopes are listed below, along with a

brief explanation of their functions. As you

read the description of each control, you

should refer to the one on your scope.

I. Screen Section

A. The AC ON/OFF control turns the

oscilloscope on. It is usually com-

bined with either the INTENSITY
control or the SCALE ILLUMINA-
TION control. Most scopes have a

panel light to indicate when they

are on.

B. The INTENSITY control changes

the brightness of the spot (or

trace). If a bright spot is left in one

place on the screen for too long, it

can “burn” away the phosphor on

the screen, leaving a permanent

dark spot. For this reason, the

intensity is usually kept as low as is

consistent with good viewing.

C. The FOCUS control adjusts the

sharpness of the trace. It should be

adjusted to give the narrowest line

possible.

D. The VERTICAL and HORIZON-
TAL POSITION controls change

the up-down and left-right positions

of the beam. On some scopes, you
may find a BEAM FINDER button,

which allows immediate location of

a beam which is “off the screen.”

After finding the beam with the

beam finder, you can then use the

positioning controls to move the

beam to the center of the screen.

II. Vertical Amplifier Section

E. The voltage to be analyzed is usual-

ly connected to the VERTICAL
INPUT. If there is a probe provided

with the scope, be sure to check its

attenuation factor. Most probes are

designed to reduce the voltage in-

put to the scope by a factor of ten

or more. Any calculation of voltage

should include this factor.

F. The VOLTS/CM (also called VER-
TICAL SENSITIVITY) control

allows measurement of the size of a

voltage signal. The face of most
oscilloscope screens is covered with

a grid which is ruled in centimeters.

This grid is used to read the voltage

of a signal. For example, suppose
the trace is 2.5 cm high and the

VOLT/DIV is set on 10 VOLTS/CM.
Then the voltage input to the scope
is 2.5 cm X 10 VOLTS/CM or 25 V.

(On many scopes, a concentric con-
trol knob allows the vertical sensi-

tivity to vary. For calibrated read-

ings this knob must be properly

set.)

III. Time Base Section

G. The TIME/CM control (also called

the SWEEP RANGE SELECTOR)
varies the rate at which the trace

“sweeps” across the oscilloscope

screen. This feature is necessary to
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allow measurement of the duration

of a signal or of the frequency of

the signal. For example, if a voltage

pulse is 4 cm long and the

TIME/CM switch is set on

20 ms/cm, the time required for the

pulse is 4 cm X 20 ms/cm or 80 ms.

(On many scopes a multiplier

switch allows the calibration time

to be changed by some factor.)

H. A SYNC (synchronization) control

is part of the time base section on

many inexpensive scopes. Its pur-

pose is to cause the sweep voltage

to always begin at the same point

of a recurrent signal so the signal

appears to “stand still.” The SYNC
control is turned until the pattern

on the screen appears stationary. If

you cannot “stop” the signal, you

may need to choose a different

sweep rate.

I. The SYNC SELECTOR control se-

lects one of three possible modes of
synchronization. On INTERNAL
SYNC, the input is synchronized

with the internal sweep of the

scope. On EXTERNAL SYNC, the

input is synchronized with an ex-

ternal signal; on LINE SYNC, the

input is synchronized with the AC-
line voltage. This control is usually

set to INTERNAL.

J. On more sophisticated scopes, the

TRIGGER controls achieve

synchronization. Triggering means

that the horizontal sweep is caused

to begin (triggered) whenever the

input signal reaches a predeter-

mined value.

The following exercise is to acquaint you

with the controls of the oscilloscope you will

use in the Loudspeaker module. You will

need to consult the operating manual for your

scope. If you have problems, consult your

instructor.

LABORATORY EXERCISE

1. With the power off, examine the scope

and locate the following controls or their

equivalents.

a. INTENSITY

b. FOCUS

c. VERTICAL INPUT TERMINALS

d. VOLT/CM

e. TIME/CM

f. SYNC controls or

g. TRIGGER controls

2. a. Find out, from the operating man-

ual, how to turn off the internal

sweep. This may be done by setting

the TRIGGER LEVEL to a high

position, or by turning the sweep

selector to external (with no ex-

ternal input signal).

b. Turn the FOCUS and INTENSITY
controls fully counterclockwise.

c. Set the VERTICAL and HORI-
ZONTAL POSITION controls to

the midpoints of their positions.

d. Turn on the scope and allow it to

warm up for at least one minute.

e. Turn up the intensity until you see

a spot on the screen. Do not turn

the intensity higher than you need

to. A glow around the spot indi-

cates a too-high intensity. If no

spot is visible, it is probably “off-

screen.” Use the positioning con-

trols to move the spot onto the

screen.

f. Rotate the FOCUS control to see

the effect, and adjust to get a very

small bright dot on the screen.



g. Observe the effects of the HORI-
ZONTAL and VERTICAL position

controls and center the dot.

h. Set the SWEEP selector to an in-

ternal sweep and turn on a recur-

rent sweep. You will need to con-

sult the operating instructions.

i. Observe the effect of changing the

TIME/CM setting. Expand the dot

into a line by increasing the sweep
rate.

3. You are now ready to observe an input

signal.

a. Connect the voltage output of a

sine- and square-wave generator to

the vertical input of the scope.

Connect the ground terminal of the

generator to the ground input of

the scope.

b. If you have a triggered scope, set

the TRIGGER to “auto.” If the

scope is not triggered, set the SYNC
selector to INTERNAL.

c. Set the TIME/CM switch to the

slowest sweep rate (on the order of

1 s/cm). (Make sure the vertical is

set for calibrated measurements.)

d. Set the generator to give a sine

wave with a frequency of 1 000 Hz.

Turn on the generator.

e. Adjust the generator output

(and/or VOLTS/CM control) to ob-

tain a signal which is about 5 cm
high.

f. Observe the effect of increasing the

sweep rate.

g. Observe the effect of varying the

frequency of the input signal.

h. Change the output of the generator

to “square wave” and observe the

pattern.

i. If you have a triggered scope, set

the TRIGGER to INTERNAL. Ad-
just the TRIGGER LEVEL control

until you get a stable trace which

“stands still.” Center the trace.

j. Measure the length of a single pat-

tern on the screen and use the

TIME/CM setting to compute the

duration of the pattern. How does

your measured value compare with

the value computed from the

known input frequency? (Be sure

the multiplier is set to 1 , or that

you include the proper factor.)

k. Change the input frequency and
repeat (i) and (j).
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