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TOPIC 9
Sound waves

9.1 Overview
9.1.1 Module 3: Waves and thermodynamics
Sound waves
Inquiry question: What evidence suggests that sound is a mechanical wave?

Students:
 • conduct a practical investigation to relate the pitch and loudness of a sound to its wave characteristics
 • model the behaviour of sound in air as a longitudinal wave
 • relate the displacement of air molecules to variations in pressure (ACSPH070)
 • investigate quantitatively the relationship between distance and intensity of sound
 • conduct investigations to analyse the reflection, diffraction, resonance and superposition of sound waves

(ACSPH071)
 • investigate and model the behaviour of standing waves on strings and/or in pipes to relate quantitatively

the fundamental and harmonic frequencies of the waves that are produced to the physical characteristics
(e.g. length, mass, tension, wave velocity) of the medium (ACSPH072)

 • analyse qualitatively and quantitatively the relationships of the wave nature of sound to explain:

 – beats ( fbeat = ∣  f2 − f1∣ )

 – the Doppler effect f ′ = f 
(vwave + vobserver)
(vwave − vsource)

FIGURE 9.1 A cathode-ray oscilloscope (CRO) is an electronic device that can be used 
to study sound waves. The CRO enables you to see sound waves.
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    9.2  Sound: Vibrations in a medium 
  9.2.1  What is sound? 
 Sound is created when a vibrating 
object causes particles in a medium to 
be alternately pushed closer together 
(compression) and spread further apart 
(rarefaction). When an object such as a 
tuning fork, a drum membrane or a loud-
speaker vibrates, it transfers some of its 
kinetic energy to the medium that car-
ries the sound wave or vibrational energy 
away from the source in the form of lon-
gitudinal waves. The longitudinal waves 
move outwards from the object much as 
the ripples in a pond spread outwards 
from the point where you have dropped 
a stone into it. 

 The drum is a good example of a 
device acting as a source of vibrational 
energy. As shown in fi gure 9.2, the back 
and forth vibrations of the drum skin 
(note the red line on the surface of the 
drum skin in the fi gure) produce differ-
ences in air pressure. The varying air 
pressure produces a vibration effect in 
the air particles that results in zones of 
high air pressure ( compression ) and 
zones of low air pressure ( rarefaction ).   

   When the vibrations strike the human 
ear, the eardrum (under the infl uence of 
the very small increases and decreases 
in air pressure that make up the sound 
wave) will undergo forced vibration. 
The vibration in the eardrum, in turn, 
causes fi ne structures in the inner ear 
to vibrate. The neural signals sent from 
these receptors travel along the audi-
tory nerve to the brain, which interprets 
the signals as sound.   

    9.2.2  Looking at sound 
 For ease of interpretation, sound waves are often shown diagrammatically as transverse wave traces with 
either time or distance from the sound source on the horizontal axis, and pressure on the vertical axis. As the 
compressions of longitudinal sound waves involve higher particle pressure than normal in the medium, they 
are represented as peaks on the transverse graph. Conversely, the rarefactions of a sound wave at which the 
medium pressure is lower than normal are shown as troughs on the transverse graph.   

RarefactionCompressionMembrane of drum

  FIGURE 9.2  Production of a sound wave in air by the vibrating 
skin of a drum.  

Tuning fork
vibrating

Air particles vibrate

Air in ear 
canal vibrates

Ear drum 
vibrates

positron

Sound waves spread outwards from sound source

  FIGURE 9.3  How we are able to hear a vibrating object.  
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Devices such as cathode-ray oscil-
loscopes (CROs) and software appli-
cations such as Audacity®, Raven or 
Garage Band display sound waves in 
the form of transverse amplitude–time 
graphs. The amplitude of the sound 
wave may indicate the maximum air 
pressure or the maximum intensity of 
the sound wave. The devices and apps 
work in a similar way. The microphone 
attached to the CRO, laptop, tablet or 
phone converts the sound wave energy 
into an electrical signal. The size of the 
electrical voltage induced at the micro-
phone is a function of the pressure of the 
air striking the microphone diaphragm. 
The pressure differential changes the 
voltage to a higher or lower value as it passes into the device. The voltage input registers on the screen as the 
amplitude of a waveform over time — providing the trace of the sound signal. The period is the time it takes 
for the signal to complete one cycle.
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FIGURE 9.4 The relationship between compressions and crests 
and rarefactions and troughs. Notice how the crest of the 
transverse wave occurs at the centre of the compression where 
the pressure is at a maximum and the trough of the transverse 
wave occurs at the centre of the rarefaction where the pressure is 
at a minimum.

FIGURE 9.5 (a) A cathode-ray oscilloscope. (b) A CRO trace of sound from a tuning fork, which produces 
a sound wave of a single frequency. Each horizontal grid division represents a unit of time. (c) Audacity® 
screenshot showing a human voice; this is a complex transverse wave made up of many different frequency 
sounds superimposed.

Compression

Base line Rarefaction
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If a sound wave of a particular fre-
quency, for example, one generated by 
a tuning fork, is brought near the micro-
phone and the tuning fork emits a loud 
sound due to a hard strike, the ampli-
tude of the sound trace produced is much 
greater than if a soft sound is emitted by 
the tuning fork (see figure 9.6). This is 
because the voltage (electrical energy) 
induced in the microphone is much 
greater and in proportion with the energy 
of the loud sound wave. The soft sound 
wave would produce a much lower ampli-
tude trace. It takes more energy to pro-
duce a large amplitude sound of the same 
frequency.

9.2 SAMPLE PROBLEM 1

The figure at right shows the trace on a CRO screen produced by a microphone detecting a sound. The 
time scale is as follows. 1 cm equals 2 ms.

(a) What is the period of the sound?
(b) Sketch the trace produced by a sound of twice the frequency.
(c) Sketch the trace produced by a sound with the original 

frequency, but with twice the pressure variation.

SOLUTION:

(a) One complete cycle is 4 cm on the screen; multiplying this by 
the time scale gives a period of 8 ms.

(b) Doubling the frequency halves the period, so the trace shown 
in the following figure (a) is obtained.

(c) Doubling the pressure variation will double the amplitude of 
the trace, so the trace shown in figure (b) is obtained.

FIGURE 9.7

FIGURE 9.6 Two traces produced by sounds of the same 
frequency from a single tuning fork. The trace on the left was 
from a loud sound, hence the amplitude is quite large, whereas 
the sound that produced the trace on the right was much quieter 
and hence has a lower amplitude. The time base represented by 
horizontal grid divisions on the figures is the same.

(a) (b)

FIGURE 9.8
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9.2.3 The speed of sound and the physical characteristics of a medium
Sound travels through different media at different 
speeds. Generally, the speed of sound through 
a medium depends upon how close together 
the particles of that medium are and the elastic 
properties of that medium. The more easily that 
collisions between particles can occur (the pro-
cess that transfers kinetic energy), the faster a 
sound wave can travel through the medium. As a 
result, sound will travel faster through solids than 
through liquids, and faster through liquids than 
through gases. Table 9.1 at right shows the speed 
at which sound travels through different media.

The temperature of the medium also affects the 
speed with which sound waves can travel through 
it. As can be seen in table 9.1, sound travels at 
331 m s–1 through dry air at a temperature of 0 °C, 
but it travels at 344 m s–1 if the air is 20 °C. In other 
words, the higher the air temperature, the faster 
the sound will travel.

PHYSICS FACT
We usually speak about the speed of sound in dry air because, while an increase in air humidity causes an 
increase in the speed of sound, the size of that increase is so small that, for most purposes, it can be ignored.

9.2 Exercise 1
1 A siren produces a sound wave with a frequency 

of 587 Hz in air. Calculate the speed of sound if the 
wavelength of the sound is 0.571 m.

2 What is the frequency of the sound depicted in  
Figure 9.9 at right?

3 What will be the frequency of a sound wave that travels 
through copper if it has a wavelength of 6 m?

4 Sound waves produced by a tuning fork in air at 20 °C 
have a frequency of 512 Hz. If they then travel from air 
through Pyrex glass, what is:
(a) the frequency of the sound waves
(b) wavelength of the sound waves?

5 The speed of sound in dry air can be determined using the equation

υT = 331√
T

273
+ 1

where T is the air temperature in oC.
Use this equation to calculate
(a) the speed of sound in dry air at −5 °C
(b) the temperature at which sound will travel through dry air with a speed of 350 m s–1.

6 Raul hears thunder rumble nine seconds after he saw the lightning flash that caused it. How far away from 
Raul did the lightning strike?

Medium Speed of sound (m s−1)

Air (0 °C) 331

Air (20 °C) 344

Water (pure) 1498

Sea water 1540

Alcohol 1207

Blood (37 °C) 1570

Body tissue (37 °C) 1570

Aluminium 5100

Copper 3900

Concrete 4500

Granite 5000

Lead 1960

Glass (Pyrex) 5170

Iron 5120

Steel 4700−6000 (average 5400)

Wood 4000−5300

TABLE 9.1 The speed of sound in different media
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FIGURE 9.9
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  9.3  Describing sound 
  9.3.1  Sound intensity 
 It’s a common thing for someone to be playing music 
at what they think is a respectable volume in their 
bedroom only to have their parents bang on the door 
saying, ‘It’s too loud! Turn it down!’ 

 But how do we describe the loudness of a sound? 
The term ‘loudness’ is a subjective measurement. Some 
people have sensitive ears and fi nd nearly everything too 
loud, while others may be quite unresponsive to a large 
amount of noise around them. As a result, it is more 
useful to consider the intensity of a sound when we dis-
cuss loudness.   

     The  intensity    (I)   of a sound wave is a measure of the amount 
of energy that it is able to transfer to a square metre of surface 
in a   1   second interval of time. The intensity of a sound that you 
experience depends upon how far away from the sound source 
you are. The noise of a plane fl ying over-head at a height of   8   
kilometres is nowhere near as loud as the sound of that plane 
taking off from the runway when you are   400   metres away.   

        As we have already mentioned, sound wave transfer energy from 
the sound source through the medium. The amount of sound energy 

in joules being produced by a source every second is called the 

 acoustic power    (P)   of the source. As   P = E
t

  , then the unit for power 

is the   J s–1  . This unit is referred to as a watt   (W)  . Sound waves travel from 
the source in three dimensions  with the vibrational energy effectively dis-
tributed over the surface of a sphere of ever-increasing radius.

 Intensity is equal to the amount of power that falls on a   1 m2   area of 
these ever-increasing spheres, so it is measured in   W m−2  . 

 At   1 m   away from a sound source, the intensity will be equal to 
the power of the source divided by the surface area of the   1 m   radius 
sphere that the power is distributed over at that point: 

   
I1 = P

4π(1)2

         = P
4π

    

 At   2 m   away, the same amount of power is distributed over a bigger 
sphere, and the intensity at   2 m   is: 

   
I2 = P

4π(2)2

          = P
16π

   

 As you can see, the intensity of sound experienced   2 m   from the source is one-quarter of the intensity at 
  1 m  . At   3   metres away, the intensity would be one-ninth of that for   1 m  , and so on. In general, the intensity 
of sound experienced a distance   d   from a sound source of power   P   is such that: 

   I = P

4πd 

2
             

  FIGURE 9.10  ‘What do you mean, “It’s too loud”?’  

1 m

direction
of sound
propagation

1 m

  FIGURE 9.11  The area is at right 
angles to the direction of propagation.  

r1

r2

Sound source

  FIGURE 9.12  Sound waves 
travel outwards from a sound 
source in three dimensions.  
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9.3 SAMPLE PROBLEM 3

If the sound intensity 3.0 m from a sound source is 4.0 × 10−6 W m−2, what is the intensity at (a) 1.5 m  
and (b) 12 m from the source?
SOLUTION:

(a) r1 = 3.0 m
I1 = 4.0 × 10−6 W m−2

r2 = 1.5 m
I2 = ?

 I2

I1
=

r 2
1

r 2
2

I2 =
I1r 2

1

r 2
2

= 4.0 × 10−6 W m−2 × (3.0 m)2

(1.5 m)2

= 1.6 × 10−5 W m−2

9.3 SAMPLE PROBLEM 1

Whatis the intensity of a sound if 6.0 × 10−3 W of acoustic power passes through an open window 
that has an area of 0.30 m2?

SOLUTION:

I = P
A

= 6.0 × 10−3 W

0.30 m2

= 2.0 × 10−2 W m−2

9.3 SAMPLE PROBLEM 2

Karen measures the sound intensity at a distance of 5.0 m from a lawn-mower to be 3.0 × 10−2 W m−2. 
Assuming that the lawn-mower acts as a point sound source and ignoring the effects of reflection and 
absorption, what is the total acoustic power of the mower?

SOLUTION:

P = 4πr2I
= 4π(5.0 m2) × 3.0 × 10−2 W m−2

= 9.4 W

Referring back to the formula for the sound intensity produced by a source, I = P

4πr2
, it can be seen 

that, for a particular sound source, the sound intensity it produces is inversely proportional to the 
square of the distance from the source.

I ∝ 1

r2

This is the inverse square law which can be restated as: the intensity of sound is inversely proportional 
to the square of the distance from the source.

When comparing the sound intensities at two distances r1 and r2 from a source, it should be remem-
bered that the power of the source is a constant. Therefore, P = 4πr1

  2I1 = 4π r2
2I2. This relationship 

then gives the following useful formula:
I2

I1
= r 2

1

r 2
2
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       9.3.2  Sound intensity level 
 While the human ear is able to pick up sounds with an intensity as small as   10−12 W m−2  , it is less sensiti-
tive to larger intensities of sound. Doubling the intensity of a fairly soft sound is a lot more noticeable to 
our ears than doubling the intensity of a loud one. 

 As a result, measurement of intensity alone is not a good indication of how loud a noise is. However, this 
sensitivity to lower intensities can be compensated for by comparing the logarithm of the ratio of sound 
intensities, called the  sound intensity level    (L)   .

 The sound intensity level, measured in decibels (dB), for a sound is a comparison of the intensity of the 
sound   (I)   compared to the softest sound audible   (Io)  , which is   10−12 W m−2  . Sound intensity levels can be 
found using the equation: 

   L = 10  log (
I
Io

)   

 Using this sound scale, the softest noise able to be heard has a sound 
intensity level of   0 dB  . In order to double sound intensity level, you 
need to increase sound intensity by a factor of   100  .   

Table 9.2 below contains some typical sound levels.

(b)     r1 = 3.0 m
I1 = 4.0 × 10−6 W m−2

r2 = 12 m
I2 = ?

            I2

I1
=

r 2
1

r 2
2

I2 =
I1r 2

1

r 2
2

=
4.0 × 10−6 W m−2 × (3.0 m)2

(12 m)2

= 2.5 × 10−7 W m−2
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  FIGURE 9.13  A sound level 
meter measures the sound 
intensity level.  

  Sound source    Sound intensity level  ( dB    )*
  Jet take-off at   30 m        125    

  Loud indoor rock concert      120    

  A shout at   1.5 m        100    

  City traffi c, pneumatic drill      80    

  Interior of a car moving at   90 km h−1        75    

  Classroom during an experiment      65    

  Normal conversation at   1 m        60    

  Quiet bedroom at night      30    

  Whisper      20    

 * Unconsciousness can occur at   140 dB  , the threshold of pain is   120 dB  , and the 
threshold of hearing is 0 dB    . 

 TABLE 9.2 Typical sound intensity levels 

 AS A MATTER OF FACT 
Loudspeakers for entertainment systems are rated in watts. For example, a system might be fi tted with 
40 W speakers. In this case,   40 W does not refer to the acoustical power produced by the speakers, but to 
the maximum electrical power dissipated by the speakers. Under noemal operating conditions, the acoustical 
power produced will be much less than the stated power rating.
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9.3.3 Pitch and frequency
Just as loudness is used to qualitatively describe sound intensity, the term pitch provides a general indi-
cation of a sound’s frequency. The higher the frequency of the sound, the more vibrations per second and 
the higher the pitch; a low-frequency sound is low pitched. If two different frequency (Hz number) tuning 
forks, producing sounds of equivalent amplitude, are used to produce graphical traces under identical con-
ditions, the amplitudes of the trace waves are equal but the frequency is higher for the higher-pitched sound.

9.3 SAMPLE PROBLEM 5

What is the change in intensity level when a sound intensity is doubled? In this case, I2 = 2I1 .

SOLUTION:

ΔL = 10  log10  
I2

I1

= 10  log10  
2I1

I1

= 10  log10     

   2
= 3.01 dB

9.3 Sample problem 5 gives a useful rule of thumb: if the sound intensity doubles, the sound 
intensity level increases by 3 dB; if the sound intensity halves, the sound intensity level decreases 
by 3 dB. In fact, each 3 dB increase in the sound intensity level requires a factor of 2 increase in the 
sound intensity.

9.3 SAMPLE PROBLEM 4

What is the sound intensity level of a sound of intensity 2.6 × 10−7 W m−2?

SOLUTION:

L = 10  log10  
I
Io

= 10  log10  
2.6 × 10−7 W m−2

1.0 × 10−12 W m−2

= 10  log10   2.6 × 105

= 54 dB

9.3 SAMPLE PROBLEM 6

The recommended listening distance for music produced by a 40 W speaker is a minimum of 2 m. 
What is the maximum sound intensity level that a listener at this distance can be exposed to?

SOLUTION:

I = 40 W

4 π (2 m)2

= 0.80 W m–2

L = 10  log (
I
io)

= 10  log (
0.80 W m−2

10−12 W m−2)
= 119 dB
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  9.3.4  The Doppler effect 
 If you have ever been passed by a car with its horn blaring, you no doubt would have noticed that the pitch 
of the sound made by the horn seems to drop as the car approaches, comes level with you and then moves 
away. Similarly, when people imitate the sound of a fast passing car, they automatically change the pitch of 
the sound from high to low. This apparent shift in frequency of a sound source is called the Doppler effect. 
First described by Christian Johann Doppler in 1842, the Doppler effect is the result of the movement of the 
wave source and/or the observer of the wave relative to the wave medium. 

 As an example, consider a train whistle that produces a sound with a frequency of   260 Hz  . When the 
train is stopped at a station, the whistle is sounded to alert passengers of its imminent departure. People on 
the platform ahead of the train, behind the train or even on the train will all hear the whistle at its normal 
frequency of   260 Hz  . 

 Assuming a speed of sound of   340 m s–1  , the wavelength of the whistle can be found using the wave 
equation: 

   

λ =  
v
f

=  
340 m s−1

260 Hz
= 1.31 m

   

 AS A MATTER OF FACT 
 Having ‘perfect pitch’ is the ability to precisely name the note associated with a heard frequency, such as the 
hum produced by a ceiling fan or the vibration from a car fanbelt. In years past, a basic job requirement for 
piano tuners was to have perfect pitch. 

 At the other end of the scale are people who are tone-deaf. Such people are completely unable to distinguish 
between sounds differing in frequency; however, very few people are truly tone-deaf. In reality, most people 
lie between the two extremes of perfect pitch and tone-deafness and can be trained to distinguish pitch more 
precisely. 

 WORKING SCIENTIFICALLY 9.1 
 Use a sound level meter to test the effectiveness of several different devices that are designed to protect hearing. 
Examine the implications of your results in terms of workplace health and safety practices. 

  FIGURE 9.15  The traces of two sound waves with 
identical loudness (amplitude) but different frequencies. 
The fi gure on the left shows a low-pitch, lower frequency 
sound wave trace while the fi gure on the right shows 
a high-pitch, higher frequency sound wave trace. The 
time base represented by horizontal grid divisions on the 
fi gures is the same.  CRO

This waveform is more 
‘bunched-up’ than the waveform
in the top diagram. It represents
a soundwith a higher frequency.

Tuning fork

This tuning fork
vibrates faster than the
one above. It makes a
Higher pitched sound.

  FIGURE 9.14    
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The period of the whistle (i.e. the time that 
elapses between successive compressions 
reaching the observer) can be calculated as the 
reciprocal of the frequency:

T =  
1
f

= 1
260 Hz

= 0.0038 s or 3.8 ms

Now, let us consider the train in motion along the 
tracks at a constant speed of 20 m s–1(72 km h–1). As 
the train approaches a railway crossing, the whistle 
is sounded. The train driver, who is at rest relative 
to the train, hears the whistle at its usual 260 Hz. 
But what pitch is heard by the driver of a car that is 
stopped at the railway crossing?

Each of the compressions produced by the 
whistle radiate outwards at the speed of sound 
(340 m s–1) and there is a time interval of 0.0038 
seconds between the production of compres-
sions. However, during this time interval, 
between the production of one compression 
and the next, the train (and its whistle) have 
moved a small distance closer to the crossing 
at a speed of 20 m s–1:

d = v t
= 20 m s–1 × 0.0038 s
= 0.076 m

The compressions reaching the driver of the 
car at the crossing are therefore separated by a 
distance of 1.31 − 0.076 m = 1.234 m. As the 
compressions reaching the car driver are 1.234 m 
apart, the effective wavelength of the whistle as 
he hears it is also 1.234 metres. As a result, the 
frequency he hears can be calculated:

fcar driver = v
λ car driver

=  
340 m s−1

1.234 m
= 276 Hz

This means that the driver of the car perceives the pitch of the approaching train whistle to be higher 
than its actual frequency of 260 Hz.

When the train moves past the crossing, the whistle moves away from the car driver and he again hears 
a different pitch than that of the train driver.

Now, during the 0.0038 s between the production of successive compressions by the whistle, the train 
travels 0.076 m further away from the driver, with the result that the distance between successive compres-
sions reaching the car driver is equal to 1.31 m + 0.076 m = 1.386 m.

S

S

Compression 1

Compression 1 formed by source
t = 0

t = 0.0038 s

Compression 2 formed by source

Distance moved
by source

Distance between
successive
compressions

vs

FIGURE 9.17 During the time interval between 
successive compressions being formed by the train 
whistle (source S), the train itself has moved closer 
to the car driver (observer O). This decreases the 
effective wavelength observed by the car driver, 
increasing the effective frequency of the train whistle.

Source� = 1.31m
� = 1.31m

FIGURE 9.16 When the train is stationary relative 
to the observers, the distance between successive 
compressions produced by the train whistle is the 
same for all observers. As a result, all stationary 
observers hear the same whistle frequency.
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With this increase in the effective wavelength of the whistle as experienced by the car driver, there is a 
corresponding decrease in the whistle frequency:

fcar driver = v
λcar driver

=  
340 m s−1

1.386 m
= 245 Hz

We can use our train whistle example to come up with a general formula for the Doppler effect relating 
the speed of sound in the medium (v), the speed of the source relative to a stationary observer (vS), the 
frequency of the sound produced by the source ( f ) and the effective frequency of the sound heard by the 
observer ( f ′).

As the source (whistle) approaches the observer (car driver), the effective wavelength λ′ can be deter-
mined from the wavelength produced at the source (λ) and the decrease in wavelength produced by the 
movement of the source towards the observer:

λ ′ = λ − Δλ
= v 

f
−

vS

f
 

=
v − vS

f
This means that the effective frequency heard by the observer, f ′, can be described:

f ′ = v
λ′

=  
v

v − vS

f

=  
v f

v − vS

Similarly, when the source is moving away from the stationary observer and λ ′ = λ + Δλ:

λ ′ =
v + vS

f
and

f ′ = v
λ′

=  
v

v + vS

f

=  
v f

v + vS

Notice that the effective frequency will always be heard as higher when the sound source approaches the 
observer, and lower as it moves away.

9.3 SAMPLE PROBLEM 7

A noisy truck approaches a stationary pedestrian operating a frequency meter. The truck motor roars at a 
frequency of 2000 Hz as it approaches the pedestrian, and 1500 Hz as it moves away. What is the speed 
of the truck relative to the pedestrian? Take the speed of sound in air to be 340 m s−1.

SOLUTION:

Using the Doppler formulae, as the truck approaches, the effective frequency is:

f ′ =  
v f

v − vS

2000 Hz =  
340 m s−1 f

340 m s−1 − vS
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As the truck recedes, the effective frequency is:

f ′ =  
v f

v + vS

1500 Hz =  
340 m s−1 f

340 m s−1 + vS

We now have two equations for f  and vS. We can solve them for vS by dividing the first equation by 
the second to eliminate f :

2000
1500

=
340 + vS

340 − vS

4
3

=
340 + vS

340 − vS

4(340 − vS) = 3(340 + vS)
340 = 7vS

vS = 48.6 m s–1

The Doppler effect is observed whenever the observer, the source or both move relative to the 
medium. In general, if both the source and the observer are moving towards each other relative to the 
medium, then the effective frequency heard by the observer is described by:

f ′= f 
(v + vo)
(v − vs)

where v is the speed of sound in the medium, vo is the speed of the observer, vs is the speed of the 
source and f  is the frequency of sound produced by the source.

Note that, in the case where a moving source approaches a stationary observer, vo = 0 and so:

f ′= f 
(v + 0)
(v − vs)

that is,

f ′ =  
f   v

(v − vs)
as we saw earlier.

If both the source and the observer are moving away from each other relative to the medium, then 
the effective frequency heard by the observer is described by:

f ′= f 
(v − vo)
(v + vs)

9.3 SAMPLE PROBLEM 8

The horn on a car travelling east at 14 m s–1 along a straight road produces a sustained sound of 500 Hz as 
the driver approaches a jogger travelling west at 3 m s–1. What does the jogger perceive the frequency of 
the horn to be when the car has driven past her? Assume the speed of sound is 340 m s–1.

SOLUTION:

In this case, neither the observer nor the source are at rest relative to the medium (air) and, when the 
car has passed the jogger, they are moving away from each other. The effective frequency of the horn as 
heard by the jogger will be:

f ′= f 
(v − vo)
(v + vs)

f ′ = 500 Hz ×  
(340 m s−1 − 3 m s−1)

(340 m s−1 + 14 m s−1)
= 476 Hz
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9.4 Reflection of sound waves
9.4.1 Bouncing back!
When waves arrive at a boundary between different media, reflection occurs, causing the return of the wave 
into the medium from which it was originally travelling. In topic 8, we saw how transverse waves travelling 
along strings were reflected, depending on the condition the wave met at the string’s end. A transverse wave 
reaching a fixed end is reflected back inverted along the string (and, so, out of phase with the original wave), 
while a wave reflected from an end that is free to move is not inverted (therefore, no change of phase occurs).

Sound waves, despite being compressional waves, can also be reflected; however, their reflection behav-
iour differs from that of the transverse waves travelling along strings. When a sound wave encounters 
a rigid medium such as a cliff 
wall, it is reflected back from 
the wall without a change 
of phase. This means that a 
compression hitting the wall 
bounces off as a compression, 
while rarefactions are reflected 
as rarefactions.

WORKING SCIENTIFICALLY 9.2
By considering the motion of an observer and a source relative to a stationary medium, derive the equation 

f ′ = f 
(v − vo)

(v + vs)
 given that the object and the source are moving away from each other.

WORKING SCIENTIFICALLY 9.3
Standing on a safe place on the kerb, record the sound of a car as it approaches and passes you. Use a sound 
analysis program such as Audible to identify the frequency shift of the car, and thus estimate the car’s speed.

9.3 Exercise 1
1 Calculate the sound intensity level of a whisper.
2 A scream at a distance of 1 m has a sound intensity level of 120 dB — twice that of normal conversation 

levels. How many times greater is the sound intensity of a scream compared to a chat?
3 A particular noise has a sound intensity 1000 times that of the threshold of hearing. What is this sound’s 

intensity level in dB?
4 The intensity of sound experienced 2 m from a sound source is 4 W m−2. How far from the sound source will 

the intensity be 1 W m−2?
5 How much power is produced by a sound source if an intensity of 2 mW m−2 is experienced 3 m away  

from it?
6 A window has an area of 0.50 m2, and 4.5 × 10−4 J of energy passes through the window in 30 seconds. 

Calculate (a) the acoustic power of the sound and (b) the sound intensity at the window.
7 A soccer coach yelling at his team solidly for 20 s produces sound at an intensity of 0.2 mW m−2. How much 

sound energy per square metre does the coach expend over this time interval?
8 Thuy and her friend Emily both go to a rock concert. Thuy is in the mosh pit located 5 m away from the front 

of a 450 W speaker while Emily is further back from the same speaker where the intensity of sound that she 
experiences is half that experienced by Thuy. How far away is Emily from Thuy?

9 The driver of a car travelling east along a road at 60 km h−1 hears a police siren although he cannot tell 
whether the police car is behind him or in front of him. Having perfect pitch, the driver identifies the pitch 
of the siren to be 528 Hz although he knows that the frequency of a stationary police siren is 500 Hz. At 
what speed is the police car travelling if it is travelling along the road (a) behind the driver but in the same 
direction, or (b) in front of the driver but in the opposite direction?

–
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–
–

–
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–

–
–

–
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–
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–
–

–
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FIGURE 9.18 A sound wave reflects from a solid wall in phase.UNCORRECTED P
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9.4.2 Echoes
An echo occurs when an incident sound wave is reflected repeatedly.

When an echo bounces back from a solid surface, such as a cliff face or a brick wall, you don’t hear the 
full sound, but you do hear the least part of the original sound. If you are a significant distance from the 
wall, you will hear more of the original sound bounce back. If you are close to the reflecting surface, you 
probably won’t detect an echo. It does still occur, but the original sound drowns it out. There needs to be a 
time difference between the reflected sound and the original sound so that you can hear the echo. The size 
of that time difference is a minimum 0.1 seconds. Because sound travels around 340 m s−1 in air, both you 
and the sound must be at least 17 metres from the surface reflecting the sound for you to hear the echo. At 
this distance, the sound wave takes 0.05 seconds to reach the reflecting surface from the second source and 
0.05 seconds to bounce back.

9.4.3 Echolocation
Echoes are used by sonic rangers to 
determine the distance to objects. In 
the water, sonar and depth finders 
on boats are used to determine 
the distance to objects underwater 
or to the floor of the ocean (see 
figure 9.19). Sonic rangers are also 
used by industry in sonic level con-
trollers to tell how full storage tanks 
are. In most of these applications it 
is desirable to use short-wavelength, 
high pitch sound waves. These ultra-
sonic or very high-frequency sound 
waves are emitted from a source 
and bounce back from objects. After 
bouncing back, they are detected by 
pressure-sensitive detectors. The time 
they take to return to their source can 
be determined accurately. Knowing 
the time for the reflected wave or 
echo to be received allows the dis-
tance to the object to be calculated. 
When calculating the distance, the speed of 
sound in a medium is assumed to be constant 
(even though slight fluctuations in the speed of 
sound do occur as the density changes).

Because there is a time difference between 
reflections of the same pulse if the reflecting 
surface is irregular in shape, it is possible 
to use ultra-high-frequency sound waves to 
‘see’ objects. The reflections from multiple 
surfaces are processed by a computer to gen-
erate an image of the object’s surface. This 
technology is used extensively in medicine 

Transmitted signal

Re�ected signal

Transmitter/receiver

FIGURE 9.19 Depth finders on boats use sound echoes to 
measure the depth to the ocean floor or to other objects or fish.

FIGURE 9.20 An ultrasound image of a baby in the 
womb
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to perform non-invasive examinations to determine soft tissue injuries, diseased organs or to check 
unborn children for abnormalities (see figure 9.20).

9.4.4 Reverberation
Acoustics is the scientific study of sound. It has many applications; in architecture and engineering, for 
example, acoustics can be used to explain how the characteristics of spaces affect sounds within them.

The inside of a concert hall looks quite different from a simple school hall. This is because the surfaces, 
fittings and even seating of the concert hall have all been designed to make the music played on stage as 
clear as possible. You will not see flat walls or ceilings or too many hard surfaces, as these have a tendency 
to cause reverberation. This is an effect created when the audience hears a noticeable lag between the 
played note ending and the dying away of that note.

On the other hand, too many soft surfaces can absorb sound, making it ‘acoustically dead’. This can be 
an advantage in a recording studio where some rooms need to be completely soundproofed, so that the 
frequency and quality of the sound heard by the performer, the backing musicians and the sound technician 
are exactly the same. Many of these rooms are lined in heavily textured padding or even the bumpy bot-
toms of egg cartons, so that there is no spurious reflection or resonance of sound waves.

The quality of a concert hall can be evaluated in terms of its reverberation time, which is the time that 
elapses between the ending of a note and for the sound level of that note’s echoes from around the room to 
cease being heard. This is usually taken to be when the echoes have a sound level intensity less than 60 dB.

The formula to calculate the reverberation time of a performance space was first derived by Wallace 
Sabine in 1898 and is still in use today. He proposed that the reverberation time of a space (TR) was 
directly related to the volume of the space (V) and inversely proportional to its effective absorbing sur-
face area (A):

TR = 0.161 V
A

FIGURE 9.21 This theatre hall in the Sydney Opera House has been designed so that everyone in the audience 
will be able to hear clearly. The angled surfaces visible in the figure help to achieve this.
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 While it is fairly easy to calculate the volume of a hall, it is not quite so easy to assess how well the sur-
faces in that hall absorb sound. To calculate the effective absorbing surface area of a performance space, the 
effective absorbing surface of every fi xture in that space must be taken into account by assigning each of the 
surfaces (curtains, chairs, fl oors, ceiling, walls and so on) an absorption coeffi cient which will be slightly 
different for sounds of differing frequency range. The absorption coeffi cient is the proportion of sound that 
is absorbed by that surface. Glass in a window, for example has an absorption coeffi cient of   0.18   for   500 Hz  ; 
this means that it absorbs   18%   of sound at   500 Hz
which falls on it. Thick carpet, on the other hand, 
has an absorption coeffi cient of up to   0.60   — 
absorbing   60%   of sound. 

 The total effective absorbing surface area   (A)   is 
the sum of each of the individual effective absorp-
tion areas for each object and fi tting in the hall. 
For example, a   400 m2   wooden fl oor which has an 
absorption coeffi cient of   0.10   for   500 Hz   sounds 
would have an effective absorption area equal to 
  400 × 0.10 = 40 m2   . 

 The table at right indicates the absorption 
coeffi cients for common building materials when 
exposed to sound with a frequency of   500 Hz
(which lies in the middle of the frequency range 
for the voice and for musical instruments).   

 The best reverberation time for a concert hall 
depends upon the type of performance being 
given. Speech sounds best in a hall that has a reverberation time of between   0.4   to   0.8 s  , while halls with 
times of between   1.0   and   2.0 s   are generally better for music. A symphony hall for a full orchestra is best 
with a time of between   1.7   and   2.0 s  . 

 A performance space is considered to have good acoustics if there are no noticeable echoes, the loudness 
of all sounds is uniform throughout the space, and it does not allow noise from the outside world to be 
heard inside.    

  FIGURE 9.22  The contents and structure of a room will affect its acoustic 
properties.  

   Material      Absorption coeffi cient   

  Window glass      0.18    

  Plaster      0.06    

  Wood panelling      0.17    

  Wooden fl oor      0.10    

  Carpet laid on concrete      0.14    

  Carpet laid on underlay  0.57

  Lightweight curtains      0.11    

  Heavy curtains      0.55    

  Painted concrete blocks      0.06    

  Unpainted concrete blocks      0.31    

  Acoustic tile (suspended)      0.83    

  Acoustic tile (fi xed to concrete)      0.76    

 TABLE 9.3 Absorption coeffi cients for a variety of 
building materials (  500 Hz   )
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WORKING SCIENTIFICALLY 9.4
Calculate the reverberation time for several different spaces in your school, such as the auditorium, classrooms 
and laboratories. Compare their reverberation times and consider whether they are consistent with the function 
of the space. In cases where they are not suitable, suggest ways of improving their acoustic properties.

9.4 Exercise 1
1 A sound wave approaches a rigid surface as shown at 

right.
Sketch the reflected wave.

2 While standing in a canyon, you hear the echo of your 
voice 2.8 s later. How far away is the rock wall responsible 
for this echo if the speed of sound is assumed to be 
344 m s–1?

3 Sonar can be used to map the ocean floor or to detect 
objects within the water. The figure on next page shows 
sonar being used by a salvage ship to find sunken 
wrecks.

If 0.17 s elapse between the sound waves being 
emitted and the reflected waves from the wreck being 
detected, how far below the sonar transmitter/receiver is 
the wreck? The speed of sound in sea water is 1540 m s–1.

9.4 SAMPLE PROBLEM 1

Estimate the reverberation time (at 500 Hz) for a small, empty bedroom.
The wooden floor is 5.0 by 5.0 m, three of the walls are plastered and the ceiling (also plastered) is 

2.8 m high. The fourth wall is made entirely of glass. (The door, in one of the plastered walls, may be 
assumed to have the same absorption coefficient as the wall.)

SOLUTION:

First, we will need to calculate the individual effective absorption areas:
wooden floor: A1 = (5.0 × 5.0) × 0.1 = 2.5 m2

glass wall: A2 = (5.0 × 2.8) × 0.18 = 2.52 m2

3 × plastered walls: A3 = 3 × (5.0 × 2.8) × 0.06 = 2.52 m2

ceiling: A4 = (5.0 × 5.0) × 0.06 = 1.5 m2

The total effective absorption surface area (A) can be found:
A = A1 + A2 + A3 + A4

= 2.5 + 2.52 + 2.52 + 1.5
= 9.04 m2

The volume of the bedroom (V) is easily found:
V = 5.0 × 5.0 × 2.8

= 70 m3

Therefore, we can find the reverberation time of the bedroom:

TR =
0.161(70)

(9.04)
= 1.25 s

CRCR

FIGURE 9.23 A compression 
approaches a rigid surface.
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  9.5  Superposition of sound 
  9.5.1  Interference of sound waves 
 When two sources emit sound at the same frequency and 
in phase, an interference pattern is produced. The pat-
tern is three-dimensional, but its features are the same as 
for interference patterns modelled two-dimensionally. 

 Consider what happens when a sound generator (such 
as a microphone or signal generator) is connected to two 
loudspeakers that are positioned at the left and right ends 
of a stage at the front of a hall, as shown in fi gure 9.25. 
Although the loudspeakers are in phase (that is, they both 
produce a compression at the same time and a rarefac-
tion at the same time), there will be positions in the hall 
where the combined sound they produce will be very 
loud and others where the sound will be very soft.   

     S1   and   S2   represent the loudspeakers on the stage, 
and the concentric circles that are centred on each of 
the speakers represent the positions of compressions at 
a particular moment in time. The distance between suc-
cessive compressions will be equal to the wavelength 
of the sound produced at the speakers. Points along the 
central line OQ are equidistant from   S1   and   S2  . 

  Local antinodes , or  maxima , are points at which con-
structive interference between the waves produced by the 
two speakers produces a sound of greater intensity than 
that produced by one speaker alone. Points A and B in fi gure 9.25 are both maxima, with the waves from S 1  
and S 2  arriving in phase and interfering constructively. At point A, compressions from S 1  and S 2  coincide, 
while, at point B, two rarefactions are coincident. 

4   The Cheese Puff Café has a high reverberation rate 
of   1.2 s   when fully booked, which means that the 
customers fi nd it very noisy and they have diffi culty 
hearing their dining partners. It has been suggested 
to the owners that replacing the concrete fl oor with 
carpet might help reduce this effect. Given that the 
volume of the café is   90 m3   and the concrete fl oor 
has an area of   30 m2  , by what percentage would the 
reverberation rate drop if carpet and underlay were put 
down?  

5   A starter pistol is fi red into the air at a race meet. 
The starter is located   200 m   from the east wall of the 
stadium and   500 m   from the stadium’s western wall. 
What will be the time interval between the echoes from 
each wall being heard by the starter?  

6   In an experiment to measure the speed of sound in 
different metals, a sound pulse was sent through 
identical lengths of aluminium and copper. The 
experimenter noted that the pulse took   0.3 ms   longer 
to travel through the copper sample than through the aluminium sample. If sound travels through aluminium 
at   5100 m s−1   and through copper at   3900 m s−1  , how long were the samples?   

Transmitter/receiver

  FIGURE 9.24   

Stage

OS1 S2

Loudspeakers

B

C

Q

A

  FIGURE 9.25  Loudspeakers set up in a hall.  
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9.5 SAMPLE PROBLEM 1

A student arranges two loudspeakers, A and B, so that they are connected in phase to an audio amplifier. 
The speakers are then placed 2.00 m apart and they emit sound that has a wavelength of 0.26 m.

Another student stands at a point P, which is 15.00 m directly in front of speaker B. The situation 
representing this arrangement is shown in the figure below. Describe what the student standing at 
point P will hear from this position.

Local nodes, or minima, are points where destructive interference produces a sound with a much lower 
intensity than that produced by one source alone. Point C in figure 9.25 is such a point: compressions 
from one speaker coincide with rarefactions from the other speaker and vice versa. As the waves pass 
through these minima, there is very little variation in the air pressure, resulting in a very soft sound.

The same formulas that were used in section 8.2.3 to describe constructive and destructive interference 
in waves in general can be applied to sound waves and used to predict whether a point is part of a nodal or 
antinodal region and, therefore, whether the sound heard at that point would be especially softer or louder. 
For a point, P, to be an antinode, the path difference between the lines connecting each of the two sources 
to P must be a whole number multiple of the wavelength:

d(PS1) − d(PS2) = nλ  for  n =  0, 1, 2, 3, 4, …

where n is the number of the antinodal region from the centre of the pattern, and S1 and S2 are the sound sources.
In figure 9.25, it can be seen that point A is 3 wavelengths away from S1 and 2 wavelengths from S2, a 

path difference of 1 wavelength. Point B is 2.5 wavelengths from S1 and 3.5 wavelengths from S2, again 
providing a path difference of 1 wavelength. Both A and B lie on the first antinodal lines either side of the 
central antinodal line OQ.

For a point to be a node, the path difference is an odd numbered multiple of half the wavelength:

d(PS1) − d(PS2) = (n − 1
2)λ  for  n = 1, 2, 3, 4, …

where n is the number of the nodal line obtained by counting outwards from the centre line.
The nodal point C is located 4 wavelengths from S2 and 3.5 wavelengths from S1, giving a path differ-

ence of half a wavelength. It lies on the first nodal line away from the central antinodal line OQ.
Although we have modelled the interference of two sources in two dimensions where a central antinodal 

line OQ is observed, along which all points are equidistant from S1 and S2, we should remember that, in 
reality, interference between two sound sources occurs in a three-dimensional space. As a result, the points 
that are equidistant from each sound source lie on a central antinodal plane rather than a line.

2.00 m

B

A

P

15.00 m

Ampli�er

FIGURE 9.26

AS A MATTER OF FACT
Complete destructive interference rarely occurs as the sounds produced from each sources are usually not of 
equal intensity, due to the different distances travelled by the individuals waves and the inverse squals law that 
describes this variation in intensity with distance from the source.
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WORKING SCIENTIFICALLY 9.5
Draw a plan of your school assembly hall and mark the location of the speakers. Draw nodal and antinodal lines 
on your plan, for sound waves from the speakers having a frequency of 200 Hz (the mid range of human speech) 
to determine where constructive and destructive interference occurs within your hall.

9.5.2 Beats — a special case of superposition
When two sources of sound of the same amplitude but 
slightly different frequency are heard together, there will be 
a rhythmic change to the volume of the sound. When the 
two sound waves are in phase, the amplitude of the resulting 
sound wave is the sum of the amplitudes of the two waves, 
and results in a loud sound. As the waves drift out of phase, 
the resultant amplitude will become smaller, eventually 
reaching zero before increasing again as the waves drift back 
into phase. The term ‘beats’ is used to describe the variation 
in the loudness of the sound.

For example, beats may occur when members of an 
orchestra are warming up for a performance and are tuning 
their instruments. As the tuning of the instruments becomes 
closer, the beat frequency decreases until it disappears. The 
beat frequency is determined by the difference in the fre-
quency of the notes played by the different instruments when 
slightly out of tune.

That is, fbeat = ∣ f2 − f1∣

In figure 9.27, we can see the traces of two sound waves of differing frequency being played at the same 
time, and the resulting superposition.

For the two sounds, one at 100 Hz and the other at 120 Hz, the beat frequency is simply found:

fbeat = 120 Hz − 100 Hz
= 20 Hz

So, every 0.05 s, a louder beat tone will be heard.

SOLUTION:

In this type of question, it is important to determine whether the point is a node or antinode.
This is done by determining the path difference and then comparing this to the wavelength.

λ = 0.26 m,  d(PB) = 15.00 m
d(PA) can be found by applying Pythagoras’s theorem.

d(PA)2 = 15.00 m2 + 2.00 m2

= 229 m2

So d(PA) = 15.13 m
d(PA) − d(PB) = 15.13 m − 15.00 m

= 0.13 m.

              0.13 m = 1
2

λ

Therefore, the student is at a local minimum and will hear only a very soft sound.

f1 = 100 Hz

f2 = 120 Hz

Sum

Beat Beat

0.00 0.02 0.04
Time (seconds)

0.06 0.08

0.05 s

0.10

FIGURE 9.27 Two sound waves of dif-
fering frequency being played at the same 
time, and the resulting superposition.
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9.5.3 Timbre
Timbre: Combining pure tones
The sound produced by a tuning for k is a pure tone. The CRO trace of such a sound is a sine wave, as 
shown in figure 9.28. Most sounds are not pure tones but are made up of a number of pure tones that have 
been superimposed in a particular way to produce a sound with a characteristic timbre (see figure 9.29).

Although the shapes of the waves for the figures above are dif-
ferent, the frequencies are approximately the same. The difference is 
the timbre, or complexity of the note. This is borne out in the differ-
ence in shape.

You are probably aware that different musical instruments playing 
in an orchestra can play the same musical note. However, while the 
sounds are of the same frequency, they do not appear to be the same. 
This is because the sounds produced have their own particular timbre. 
If viewed as a CRO trace, these common notes from the different 
instruments produce a differently shaped wave trace even though 
the frequencies are common. Figure 9.30 shows the wave traces for 
the same note played by a number of different instruments into a 
microphone.

FIGURE 9.28 A pure tone 
produced by a tuning fork. 
The CRO trace is a sine 
wave shape.

FIGURE 9.29 A complex 
sound produced by a person 
singing. Note that in any 
CRO trace figure, the trace 
represents a very small 
‘grab’ of time, much like a 
photograph.

9.5 Exercise 1
1 Two tuning forks with frequencies of 256 Hz and 262 Hz are 

placed next to each other and struck so that they vibrate. What 
beat frequency will be heard?

2 While tuning her guitar using a signal generator, a student hears 
a beat frequency of 4 Hz when the topmost string is plucked at 
the same time as the generator produces a sound wave with 
frequency 334 Hz. When she drops the frequency of the signal 
generator to 323 Hz and plucks the guitar string, she hears a 
7 Hz beat frequency. What is the frequency of the guitar string?

3 Two speakers are placed 4 metres apart in Rohith’s home 
theatre, and he has placed his chair 3 metres from the front of 
one of the speakers, as shown at right.

3 m

4 m
S2S1

FIGURE 9.31

(a) Pipe organ

(b) Piano

(c) Clarinet

FIGURE 9.30 The CRO traces 
at the same settings of the 
same musical note played 
with approximately the same 
volume by a variety of different 
instruments: (a) pipe organ, 
(b) piano and (c) clarinet. These 
CRO traces are more complex 
than the sounds produced by 
tuning forks and often lack 
symmetry about the base line.
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9.6 Sound from strings
9.6.1 Vibrational modes in a string
A string will produce sound if it is held under tension by fixing it at both ends. When the string is made to 
vibrate by plucking it (such as a guitar string), running a bow across it (a violin string) or striking it with 
small padded hammers (piano and dulcimer strings), transverse waves are produced, which travel along the 
string in both directions from the vibration site and are reflected from the fixed ends of the string. When these 
reflected waves interfere with the waves coming 
in from the other end of the string, standing 
waves are produced. As the strings are fixed at 
each end, nodes (positions at which the string 
is not displaced) will always form there. Obvi-
ously, there are a number of different standing 
wave combinations that can be formed in the 
string, having a node at each end. The simplest, 
shown in figure 9.32, has a single antinode in 
the middle of the string. This type of standing 
wave is called the fundamental vibration mode 
(or the first harmonic). The frequency of the 
sound waves produced by this vibrational mode 
is referred to as the fundamental frequency.

The wavelength of the fundamental (λ0) is 
equal to twice the distance between two succes-
sive nodes. In this case, the distance between the 
nodes is equal to the string length, L. Therefore, 

λ0 = 2L
Substituting this into the wave equation, 

we derive an expression for the fundamental 
frequency:

f0 = v
2L

where v is the speed of the wave along the string.
A string vibrating in its next vibrational mode, as shown in figure 9.33a, will have two antinodes and 

three nodes.
The wavelength of such a vibration will equal the length of the string:

λ1 = L

L

N

A

N

FIGURE 9.32 The fundamental vibration mode.

(a) For which of the following frequencies would Rohith be located at an interference maximum? (Assume the 
speakers produce sound waves in phase and that the speed of sound is 340 m s–1.)

(i) 170 Hz
(ii) 255 Hz
(iii) 510 Hz

(b) Where should Rohith place his chair so that he experiences an interference maximum no matter what 
frequency the speakers produce?

4 Two cellists sitting 2 metres apart in a practise room are playing the same notes. Will there be places in the 
room where nothing can be heard because of interference? Explain your answer.

5 Two small portable speakers S1 and S2 are placed 5.6 m apart. They are in phase and produce sound with a 
wavelength of 1.4 m. If Astrid stands so that she is 7 metres from S1, what is the minimum distance she must 
be from S2 if she is to be at (a) a node (b) an antinode?

L

(a)

(b)

A

N

A

N N

A A A

N
N N

N

FIGURE 9.33
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and the frequency of this second mode of vibration is found:

f1 = v
λ1

f1 = v
L

Further, by rearranging the equation for the fundamental frequency and substituting for v, we find:

f1 =
2 f0 L

L
f1 =  2 f0

The frequencies produced in a string that are higher than the fundamental frequency are called overtones. 
If the overtone frequency is equal to a whole number multiple of the fundamental frequency, then it is 
called a harmonic. The fundamental frequency, f0, is therefore the first harmonic while f1, which is equal 
to twice the fundamental frequency, is called the second harmonic.

In figure 9.33b, we see the string vibrating in its third vibrational mode, in which it displays three 

antinodes and four nodes. The wavelength, λ3, is equal to 2
3

L, and the frequency is found to be:

f2 = 3v
2L

and

f2 = 3 f0
Thus, the third vibrational mode produces the third harmonic.
By now, you can probably see a pattern emerging from all of this. In fact, we can determine that the 

frequency for any mode of vibration is such that:

fn =  
(n + 1)v

2L

where L is the length of the string, v is the speed of the wave along the string and n is the integer number 
associated with the vibrational mode, where n = 0, 1, 2 ...

This means that n = 0 for the first harmonic (fundamental), n = 1 for the second harmonic, and so on.
A plucked string will vibrate with frequencies such that all harmonics are produced, although the ampli-

tude of the harmonics will decrease as the harmonic number increases. As a result, the frequency heard 
most loudly is the fundamental of the string.
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FIGURE 9.34 The intensities of the frequencies produced when the high 
E string of a guitar is plucked. The fundamental frequency of the string 
is 329.6 Hz and has the highest intensity. Intensity peaks occur for each 
harmonic but with decreasing intensity.
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9.6.2 Wave speed in strings
The speed at which a travelling wave moves along a stretched string depends primarily upon the length 
of the string and the mass of the string per unit length (also referred to as the string’s linear density). The 
relationship between these factors can be described by the equation:

v =
√

T
m
L

where T  is the tension (in newtons) in the string and m is the mass in kilograms of the length L (in metres) 
of the string.

9.6 SAMPLE PROBLEM 1

What is the frequency of the third harmonic of a string if the fundamental frequency is 250 Hz?

SOLUTION:

The third harmonic, by definition, has a frequency three times the fundamental frequency. Therefore, 
the answer is 750 Hz.

9.6 SAMPLE PROBLEM 2

(a) The lowest E string on a guitar has a fundamental frequency of 82.4 Hz. If the guitar string has a 
vibrational length of 640 mm, at what speed do waves travel along its length?

(b) The low E string on the average guitar has a mass per unit length of 6.8 × 10–3 kg m–1. What is 
the tension in the stretched guitar string?

SOLUTION:

(a) In the first vibrational mode,

λ0 = 2L = 2(0.64 m) = 1.28 m

Using the wave equation,

v =  f λ

= 82.4 Hz × 1.28 m

= 105 m s–1

(b) Rearranging the velocity equation for strings, we get:

T = v2
(

m
L)

= (105 m s–1)2 × (6.8 × 10–3 kg m–1)
= 75 N

WORKING SCIENTIFICALLY 9.6
Simple musical instruments can be made by stretching rubber bands over wooden boxes. Determine if it is 
possible to make an instrument using a wooden box and rubber bands of a variety of thicknesses with the same 
acoustical range as (a) a ukulele, (b) a violin, or (c) a guitar.
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9.6 Exercise 1
1 A particular guitar string is 60 cm long, and waves move through it at 400 ms−1. Calculate:

(a) the fundamental frequency of the note produced when the string vibrates freely
(b) the fundamental frequency of the note produced when the string is pressed hard against the fingerboard 

halfway down the string’s length
(c) the second harmonic frequency produced by lightly touching the string halfway down the string’s length.

2 The A string on a small harp is 0.9 m long and has a fundamental frequency of 440 Hz, while the nearby C 
string made from the same material has a fundamental frequency of 512 Hz. If the wave speed is the same in 
both strings, what is the length of the C string?

3 What is the frequency of the third harmonic of a string if the fundamental frequency is 250 Hz?
4 A string produces a sound that has a second harmonic of 700 Hz. Calculate:

(a) the fundamental frequency
(b) the frequency of the fourth harmonic of this string.

5 One of the harmonic frequencies of a string fixed at both ends is 
375 Hz. The string’s next harmonic frequency is 450 Hz. What is 
the fundamental frequency of the string?

6 Which of the graphs in figure 9.35 best shows the relationship 
described in each case:
(i) the velocity of a travelling wave in a string with fixed length 

versus the tension in the wire
(ii) the frequency of the harmonic versus the harmonic number
(iii) frequency versus wavelength for a wave travelling in a string 

at constant speed?
7 The G string on a violin is 30 cm long and vibrates at a 

fundamental frequency of 196 Hz. How far from the top end of 
the string must you place your finger to play an A (220 Hz)?

8 The device shown in figure 9.36 is called a monochord, or 
sonometer.

A string is supported on the two bridges and is tensioned by 
suspending masses from one end as shown. If the string has a 
mass per unit length of 2 g m−1 and the distance between the 
bridges is 50 cm, what will be the fundamental frequency of the 
string if a 3 kg mass is used to tension the string?

9.7 Sound from pipes
9.7.1 Standing wave formation in pipes
Just as sound can be produced by the vibration of fixed-end strings to form standing waves, it can 
also be produced by the formation of standing waves in the air cavities of pipes and tubes. Unlike the 
transverse waves produced in strings, the standing waves in pipes are longitudinal waves produced 
by reflection that occurs at the ends of the pipes. The standing waves will differ in their geometry 
according to whether the pipe is open at both ends (referred to as an open pipe) or is sealed at one end 
(closed pipe).

A compression travelling from the open end to the closed end of a pipe is reflected back without a phase 
change, so it returns as a compression. Upon reaching the open end of the pipe, however, the compression 
is reflected back as a rarefaction. As the waves travel up and down the length of the pipe, the incident and 
reflected pulses interfere to form a standing wave.

Air particles at the open end of a pipe are able to freely enter and leave, and have the greatest degree 
of freedom. The air pressure at the open end is the same as the air pressure outside the pipe, and the air 

A B

C D

FIGURE 9.35

P

Sonometer

Q

FIGURE 9.36 A sonometer.
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particles maintain a uniform distance between them. As there is no change in air pressure at the open end 
of a pipe, we say that there is always a pressure node located there. At the same time, as the particles are 
able to move with maximum amplitude, there is always a displacement antinode located at the open end.

At the closed end of a pipe, the particles are not able to move as freely, and so it is here that the minimum 
displacement of air particles occurs. This means that there is a displacement node always located at the 
closed end of a pipe. At the same time, it is at the closed end where incident compressions are reflected as 
compressions; the waves interfere constructively to create compression waves with twice the amplitude of 
either wave alone. Similarly, incident rarefactions are reflected as rarefactions and interfere constructively. As 
the air pressure at the closed end is undergoing maximum change, there is always a pressure antinode located 
there. In general, displacement antinodes occur at the same positions in a pipe as pressure nodes, and displace-
ment nodes occur at the same positions as pressure antinodes.

Standing waves in pipes can be represented either in terms of the displacement of particles along the 
pipe, or as variations in air pressure along the pipe. In our following discussion of resonance in open and 
closed pipes, we will represent standing waves as variations in air pressure.

9.7.2 Resonance in closed pipes
All the brass instruments in an orchestra as well as 
instruments such as clarinets, oboes, bagpipes, pipe 
organs and didgeridoos act as closed pipes, as one end 
is effectively closed by the player’s mouth when the 
instruments are being played.

As mentioned previously, closed pipes will have a 
pressure antinode at their closed end and a pressure 
node at their open end. The fundamental vibrational 
mode for a closed pipe will have one node and one 
antinode, as shown in figure 9.38a.

(a)

(b)

FIGURE 9.37 (a) Compressions striking the closed end of a pipe are reflected back as 
compressions. (b) Compressions encountering the open end of a pipe are reflected as 
rarefactions.

L

A N(a)

N
N NA(c) A A

L
5

N
NA A(b)

L
3

FIGURE 9.38 The first three modes of vibration 
in a closed pipe: (a) the fundamental, (b) the 
second harmonic, and (c) the third harmonic.
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Remembering that the distance between successive nodes is equal to 
λ
2

, we can see from our diagram that 

the fundamental wavelength λ0 is equal to 4L, where L is the length of the pipe.
As v = fλ , we can write an expression for the fundamental frequency f0 of a closed pipe:

f0 = v
λ0

= v
4L

The second vibrational mode for a closed pipe has 2 nodes and 2 antinodes (figure 9.38b), and the wave-

length is equal to 4L
3

. The frequency f1 can therefore be derived:

f1 = 3v
4L

The frequency f1 is called the first resonant frequency, as it is the first frequency above the fundamental 
frequency at which resonance occurs.

Also, f1 = 3f0 , which can be described as the third harmonic of the closed pipe.
In general, the nth resonant frequency above the fundamental can be expressed as:

fn = (2n + 1)v
4L

and
fn = (2n + 1)f0

9.7.3 Resonance in open pipes
As both ends of an open pipe allow the free movement of air particles, there is a pressure node at each end. 
The fundamental mode of vibration for an open pipe will occur when there is an antinode in the centre of 
the pipe, as shown in Figure 9.39a.

As there are only two nodes in the fundamental mode, we can see that the fundamental wavelength will 

be equal to twice the length of the pipe: that is, λ0 = 2L . Thus, the fundamental frequency f0 = v
2L

.

9.7 SAMPLE PROBLEM 1

(a) What is the fundamental frequency for a pipe closed at one end if it is 0.80 m long and the speed 
of sound in air is 340 m s–1?

(b) what is the frequency of the third resonant frequency above the fundamental for this pipe?

SOLUTION:

(a) For the fundamental frequency, use λ = 4L.

 

λ = 4 × 0.80 m
= 3.2 m

f0 = υ
λ

= 340 ms−1

3.2 m
= 106.25 Hz

Therefore, the fundamental frequency is 1.1 × 102 Hz.

(b) The third resonant frequency above the fundamental is the seventh harmonic.
f3 = 7 f0

= 7 × 106.25 Hz
= 743.75 Hz

Therefore, the third resonant frequency above the fundamental has a frequency of 7.4 × 102 Hz.
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The second vibrational mode occurs when there are two antinodes and three nodes (figure 9.39b); here 
we can see that the length of the pipe is equal to the wavelength, and so the first resonant frequency above 
the fundamental can be found:

f1 = v
L

As f1 = 2f0, it is the second harmonic for the open pipe.
Similarly, the second resonant frequency is found to be

f2 = 3v
2L

and, as f2 = 3f0, it is also the third harmonic.
In general, the nth resonant frequency above the fundamental for an open pipe is given by:

fn = n × v
2L

and fn = (n + 1)f0
Note that this is the same relationship as that found for a vibrating string, which, being fixed at each end, 

also has a node at each end.

L

A

A A

AAA

AAAA

A A A AA

N

N NN

N N

N

N

N

NNNNNN

N

N

N

N

(a)

(b)

(c)

(d)

(e)

N

FIGURE 9.39 Standing waves in a pipe open at both ends.

9.7 SAMPLE PROBLEM 2

A pipe open at both ends has a length of 40 cm. The speed of sound in air is 340 m s−1. Determine:
(a) the fundamental frequency
(b) the third resonant frequency above the fundamental for this pipe.

SOLUTION:

(a) L = 40 cm = 0.40 m

 

 λ = 2 L
= 0.80 m

f0 = υ
λ

= 340 m s−1

0.80 m
= 425 Hz

(b) For a pipe open at both ends, the third resonant frequency above the fundamental is the fourth 
harmonic.
f3 = 4f0

= 4 × 425 Hz
= 1700 Hz
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9.7 SAMPLE PROBLEM 3

The figure below shows the pressure variation in a pipe open at both ends. At the instant shown in the 
figure, the pressure is at its maximum variation from normal pressure. The speed of sound in air is 
340 m s−1. The pipe has a length of 0.80 m.

(a) Mark the position of any pressure nodes and antinodes in the pipe.
(b) Sketch a graph showing the variation of air pressure as a function of distance along the pipe:

(i) at the instant shown in the diagram
(ii) one-quarter of a period later

(iii) one-half period later.
(c) What is the wavelength of this standing wave?
(d) What are the frequency and the period of this standing wave?
(e) What harmonic is this standing wave?
(f) What is the fundamental frequency of this pipe?

SOLUTION:

(a) Nodes occur at points where the air pressure is normal, antinodes occur where the air pressure is 
a maximum or a minimum. These points are shown below.

(b)  (i) The pressure variations are at a maximum. This situation is shown in figure 9.42 (a).
(ii) A quarter of a period later, the air pressure will be normal all along the pipe, as shown in figure 9.42 (b).

(iii)  One half a period after the first instant, the pressure variations will again be at a maximum,
but they will be the opposite of their original values, as shown in figure 9.42 (c).

(c) The wavelength is twice the distance between adjacent nodes, or the distance between alternate 
nodes. So λ = 0.80 m.

(d) f = υ
λ

= 340 m s−1

0.80 m
= 425 Hz

T = 1
f

= 1
425 Hz

= 2.35 × 10−3 s

Normal
atmospheric pressure

Normal
atmospheric pressure

FIGURE 9.40

N

Normal
atmospheric pressure

Normal
atmospheric pressure

A N A N

FIGURE 9.41
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9.8 Diffraction of sound waves
9.8.1 Bending sound
Like other types of waves, sound waves demonstrate diffraction when they encounter an edge, barrier or 
gap, spreading out as they travel beyond the obstacle. The degree of diffraction that occurs depends upon 
the wavelength of the sound. Sounds with wavelengths that are short compared to the width of the gap or 

9.7 Exercise 1
1 A pipe that is open at both ends has a length of 60 cm. It produces a sound that has a second harmonic of 

550 Hz. Calculate:
(a) the fundamental frequency
(b) the speed of sound in air
(c) the frequency of the third overtone of the pipe.

2 A pipe that is closed at one end has a length of 40 cm. It produces a sound that has a first overtone of 
600 Hz. Calculate:
(a) the fundamental frequency
(b) the speed of sound in air
(c) the frequency of the third overtone of the pipe.

3 What is the fundamental frequency of a trumpet that has a tube length of 1.40 m?
4 Calculate the third harmonic wavelength of a 2.75 m long closed pipe.
5 How long does a closed organ pipe need to be in order to have a fundamental frequency of 256 Hz?
6 Why do pipes that are closed at one end sustain only the odd numbered harmonics?

(e) This is the first standing wave above the fundamental, hence it is the second harmoic. (Refer 
back to part (e) of the figure showing standing waves in a pipe open at both ends.)

(f) The second harmoic is twice the fundamental frequency.

f0 = 425 Hz
2

= 212.5 Hz

Air pressure

Normal
atmospheric

pressure

Air pressure

Normal
atmospheric

pressure

Air pressure

Normal
atmospheric

pressure

Distance
along pipe

Distance
along pipe

Distance
along pipe

0.2 0.4 0.6 0.8

0.2 0.4 0.6 0.8

0.2 0.4 0.6 0.8

0

0

0

(a)

(b)

(c)

FIGURE 9.42
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obstacle show very little diffraction, with only slight bending of the waves. Sound waves with wavelengths 
similar to or longer than the obstacle or gap they encounter are diffracted more significantly.

9.8.2 Directional spread of different frequencies
The opening at the end of a wind instrument such 
as a trumpet, the size of some-one’s mouth and the 
size of the loudspeaker opening all affect the amount 
of diffraction that occurs in the sound produced. 
High-frequency sounds can best be heard directly in 
front of these devices.

When a loudspeaker plays music, it is reproducing 
more than one frequency at a time. Low-frequency 
soundwaves from a bass have a large wavelength; 
high-frequency soundwaves from a trumpet have a 
short wavelength. Short-wavelength, high-frequency 
sounds do not diffract (spread out) very much when 
they emerge from the opening of a loudspeaker, but 
long wavelength sounds do. If a single loudspeaker 
is used, the best place to hear the sound is directly in 
front of the speaker.

High 
frequencies

Less ‘bright’
soundLow 

frequencies

‘Bright’
sound

FIGURE 9.44 The diffraction of high and low 
frequencies from a loudspeaker.

Narrow gap waves spread 
out beyond the gap. This 
spreading is called diffraction.

Wide gap compared to 
wavelength results in waves 
traveling straight onor 
rectilinear propagation.

Wave Diffraction

FIGURE 9.43 Diffraction is most obvious when the gap is 
approximately the same size as the wavelength of the wave.
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9.9 Review
9.9.1 Summary
 • Sound waves are vibrations of particles in a medium.
 • Compressions relate to the crests of a transverse wave and rarefactions relate to the troughs of a trans-

verse wave.
 • The pitch of a sound wave increases as the frequency of the sound wave increases.
 • The amplitude of a sound wave increases as the sound’s volume grows louder.
 • An echo is a reflection of a sound wave.
 • Waves can interfere when they come into contact. This can result in the amplitude of the waves increasing 

if the waves are in phase, or decreasing if the waves are out of phase. The addition of waves is called 
superposition.

 • Beats occur when sound waves that are close but not identical in frequency are played at the same time. 
The beat frequency is equal to the difference in the frequencies of the two sound waves: fbeat = ∣ f2 − f1∣ .

 • Sound waves can be studied with a cathode-ray oscilloscope (CRO) or cathode-ray oscilloscope sim-
ulator application. Different musical instruments produce sound waves that produce different shaped 
traces on a CRO.

 • The Doppler effect is the result of a wave source moving through the medium. The waves move at con-
stant speed relative to the medium, resulting in a higher frequency in front of the moving source and 
a lower frequency behind. For an observer and a source moving towards each other, the effective fre-

quency heard by the observer is f ′ = f 
(v + vo)
(v − vs)

. For an observer and a sound source moving away from 

each other, f ′ = f 
(v − vo)
(v + vs)

 where v is the speed of sound in the medium, vo is the speed of the observer 

and vs is the speed of the source.

9.8 SAMPLE PROBLEM 1

Two sirens are used to produce frequencies of 200 Hz and 10 000 Hz. Describe the spread of the two 
sounds as they pass through a window in a wall. The window has a width of 35 cm. Assume that the 
speed of sound in air is 330 m s−1.

SOLUTION:

First calculate the wavelengths of the sounds using the formula v = fλ. These calculate to 165 cm and 
3.3 cm respectively. There will be a very small diffraction spread for the sound of wavelength 3.3 cm 
because the wavelength is small compared with the opening. There will be a large diffraction spread 
for the sound of wavelength 165 cm because the wavelength is large compared with the opening.

9.8 Exercise 1
1 (a) What is diffraction?

(b) Why is diffraction an important concept to consider when designing loudspeakers?
2 A sound of wavelength λ passes through a gap of width w in a barrier. How will the following changes affect 

the amount of diffraction that occurs:
(a) λ decreases
(b) λ increases
(c) w decreases
(d) w increases?
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 • The intensity (I) of a sound is the acoustic power per unit area at a point separated from the sound source 

by a distance d, and it is measured in W m–2: I = P

4πd2

 • The intensity level (L) of a sound is measured in decibels (dB):  L = 10  log (
I
I0

) where I0 is the inten-

sity of the softest audible sound (10−12 W m–2).
 • The fundamental frequency, f0, of a string or pipe is the lowest frequency at which a standing wave 

occurs.
 • Harmonics are whole number multiples of the fundamental frequency.
 • Resonant frequencies are frequencies above the fundamental frequency at which resonance occurs.
 • Stringed instruments form standing waves that have a node at each end.
 • A closed pipe will form a pressure node at its open end and a pressure antinode at its closed end. An 

open pipe will form pressure nodes at both ends.
 • Pitch is a qualitative measurement of frequency.
 • Timbre is a qualitative measure of the complexity of sound produced by an instrument. It is dependent 

upon the number of harmonic frequencies that are produced.

9.9.2 Questions
1. What is the intensity level of a sound that has an intensity of 10–8 W m–2?
2. Calculate the intensity of a sound that measures 65 dB on a sound level meter.
3. The intensity level of a stereo placed in the open air is 100 dB at a distance of 10.0 m from the 

speaker. If the speaker has a total power output of 20 W, what percentage of the speaker’s power is 
converted into sound?

4. (a) What is the speed of sound in dry air at a temperature of 30 °C?
(b) At this temperature, how far away from the observer did lightning strike if the thunder was heard 

7 s after the flash was seen?
5. While standing in a canyon, you hear the echo of your voice 2.8 s later. How far away is the rock wall 

responsible for this echo if the speed of sound is 
assumed to be 344 m s–1?

6. The figure at right shows the variation in air 
pressure near a sound source producing a single 
note as a function of time.
(a) What is the period of this sound?
(b) What is this sound’s frequency?
(c) What is the wavelength of this sound if the 

speed of sound is assumed to be 344 m s–1?
7. An ear trumpet that has a circular opening with a 

diameter of 15 cm is used by a hearing-impaired 
person. If we assume that the ear trumpet is 
100% efficient, by what factor is sound intensity incident on the eardrum increased by the device if 
the surface area of the eardrum is 0.5 cm2?

8. A rifleman fires a shot and hears its echo from a surface 200 m away 1.2 s later. What was the air 
temperature at this time?

9. The diagram on next page shows the audibility range of the human ear. Use it to answer the following 
questions.
(a) What is the highest frequency noise that can be made with the human voice?
(b) What is the loudest sound level at which someone can shout?
(c) Sounds with frequencies which lie below the human hearing threshold are said to be subsonic. 

Below what frequency are subsonic noises?
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(d) For what frequency range is the pain threshold below 120 dB?
(e) What frequencies are able to be made by musical instruments but not by human voices?

10. Jan is sitting in a concert hall five rows from the front of the stage 
on which are mounted two loudspeakers, L1 and L2, as shown in the 
figure at right.

She notices that the sound from the performance doesn’t seem 
as loud where she’s sitting compared to where she has sat in other 
performances, particularly for notes that have a wavelength of 1.5 m, 
and she realises (being a Physics student) that she is sitting in a 
position that is a minimum. Given that she is 4.5 m away from L1 
and at least that from L2, what is the smallest distance that can be 
separating her from L2?

11. Figure 9.48 (a) shows the pressure variation 
as a function of distance from a sound source 
at an instant in time. The graph shown in 
figure 9.48 (b) shows the pressure variation as 
a function of distance from the sound source. 
The speed of sound in air is 340 m s–1.
(a) What is the wavelength of this sound?
(b) What is the period of this sound?
(c) Using the same scale as shown in 

figure 9.48 (b), sketch the distribution of 
particles one-sketch the pressure variation 
one-quarter of a period later.

(d) Using the same axes as shown in figure 9.48 (b), sketch a graph of pressure variation versus 
distance one quarter of a period later than shown in the graph.

(a)

FIGURE 9.48
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12. The figure at right shows the variation of air 
pressure as a function of time near a sound 
source.
(a) What is the period of this sound?
(b) What is the frequency of this sound?
(c) What is the wavelength of this sound if 

the speed of sound is 330 m s–1?
13. What is the acoustical power of a source if it 

produces 2.0 J in 100 s?
14. What is the sound intensity if 4.0 × 10–8  W pass through an area of 0.080 m2?
15. Calculate the power passing through an area of 2.0 m2 if the sound intensity is 4.5 × 10–5 W m–2?
16. One siren produces a sound intensity of 3.0 × 10–3 W m–2 at a point which is 10 m away. What would 

be the sound intensity produced at that point if five identical sirens sounded simultaneously at the 
same place as the original?

17. If the sound intensity 4.0 m from a point sound source is 1.0 × 10–6 W m–2, what will be the sound 
intensity at each of the following distances from the source?
(a) 1.0 m

   (c)  8.0 m(b) 

 (b) 2.0 m
 (d) 40 m

18. What are the sound intensity levels associated with the following sound intensities?
(a) 5.0 × 10–10 W m–2

   (c)  4.9 × 10–3 W m–2
 (b) 3.2 × 10–7 W m–2

 (d) 1.8 × 10–9 W m–2

19. Calculate the sound intensities associated with the following sound intensity levels:
(a) 7.0 dB

   (c)  54 dB
(b) 25 dB

 (d) 115 dB.
20. The fourth harmonic frequency of a particular string is 880 Hz. What will be its:

(a) fundamental frequency?
(b) third harmonic frequency?

21. The speed of waves in a 0.8 m guitar string is 240 m s–1. Find:
(a) the longest wavelength that can be formed by the string
(b) the fundamental frequency
(c) the distance between nodes in the fourth vibrational mode
(d) the wavelength for the third harmonic.

22. A viola string vibrating in its third harmonic has a wavelength of 0.40 m.
(a) What is the length of the string?
(b) How long would a similar string need to be if it vibrates in its second harmonic at the same 

wavelength as this first string?
(c) If the frequency of the first string is 400 Hz, calculate the speed of the waves in the string.

23. Calculate the fundamental, second harmonic and third harmonic frequencies for the following pipes 
on a day when the speed of sound is 340 m s–1:
(a) 60 cm long open pipe
(b) 120 cm long closed pipe
(c) 30 cm long closed pipe
(d) 2.00 m long open pipe
(e) 2.00 m long closed pipe.

24. How many octaves apart are 131 Hz and 524 Hz?
25. A closed pipe in air (at 20 °C) resonates at its fundamental frequency of 200 Hz. If the same pipe 

is submerged completely in a tank of pure water, at what fundamental frequency will it then 
resonate?

1
0Normal air

pressure

Variation in 
air pressure

32 5 6 87
Time 
(ms)4

FIGURE 9.49

UNCORRECTED P
AGE P

ROOFS

diacriTech
Highlight



TOPIC 9 Sound waves 37

c09SoundWaves.indd Page 37 04/08/17  10:58 PM

26.   A tube is placed with one end in water as shown in the 
fi gure at right. By raising and lowering the tube in the water, 
we are able to consider it a closed tube of variable length. 

  A tuning fork with a frequency of   524 Hz   is struck and then 
held above the mouth of the tube. As the length of the pipe 
is changed, there are some lengths at which the sound of the 
tuning fork is very loud and others at which it is very soft.  
(a)   Explain why this happens.  
(b)   The lengths at which the loud vibrations occur are 

0.33 m   apart. What was the speed of sound on that day?       
27.   A fl ute is designed to be played in the key of C major; that 

is, when all of the fi nger holes are covered and the fl ute 
played, middle C   (262 Hz)   is the fundamental frequency. 
What is the approximate separation between the mouthpiece 
and the end of the fl ute?  

28.   An open E string is   0.70 m   long and vibrates at a 
frequency of   330 Hz  . How far up the length of the string 
must a fi nger be pressed onto the string to produce the 
note A   (440 Hz)  ?  

29.   (a)    What is the resonant frequency of the column of air in 
the outer ear of a human, which is about   2.5 cm   long?  

(b)   Is this within our range of hearing? Explain your answer.    
30.   All of the strings of a violin are the same length. How are they able to produce different notes when open?  
31.   A railway worker strikes a steel rail with a hammer, and the noise is heard both through the air and 

through the rail by another worker   600 m   away. What time interval elapses between the two sounds 
arriving?  

32.   Why isn’t it possible for a guitar string of length   L   to form a standing wave pattern which has a 

wavelength equal to   3L
4

  ?  

33.   The node at the open end of a pipe has, in this course, been assumed to be exactly at the end. In fact, 
the node is located slightly beyond the end of the tube. How far beyond the end of the tube this node 
is located depends upon the diameter of the pipe itself. We are able to compensate for this effect by 
using the end correction equation for a pipe open at both ends: 

   Leffective = Lactual + 0.58d    

 where   d   is the pipe diameter. The end correction is usually ignored as it is quite small. 
 How long would a 1.6 cm diameter pipe instrument need to be in order for the percentage 

difference between the actual and effective lengths to reach 5%?  
34.   A maker of organ pipes decides to use aluminium instead of steel to make his pipes. How will the 

change in material affect the present design of the pipes?   
35.   The fi gure at right shows pressure variation 

in and around a pipe open at both ends as it 
is resonating at one of its harmonics. Assume 
that the speed of sound in air is   340 m s–1  .   
(a)   What harmonic is represented in the 

diagram?  
(b)   If the pipe is 0.85 m, what is the 

wavelength of the tone that the pipe is 
producing?  

Effective
length
of tube

Water

  FIGURE 9.50   

Normal
atmospheric pressure

Normal
atmospheric pressure

  FIGURE 9.51   
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(c) What is the frequency of the tone being produced?
(d) Make a sketch to show the pressure variation in and around the pipe half a period later than the 

instant shown.
(e) Sketch the pressure variation in and around the pipe one quarter of a period later than the instant shown.
(f) What is the period of the sound being produced by the pipe?
(g) What is the frequency of the second resonant frequency above the fundamental for this pipe?

36. The figure at right shows the pressure 
variation in and around a pipe closed at 
one end as it is resonating at one of its 
harmonics. Assume that the speed of sound 
in air is 340 m s–1.
(a) What harmonic is represented in the 

diagram?
(b) If the pipe has a length of 50 cm, what is 

the wavelength of the tone that the pipe 
is producing?

(c) What is the frequency of the tone being produced?
(d) What is the fundamental frequency for this pipe?
(e) What is the frequency of the third resonant frequency above the fundamental of this pipe? What 

harmonic does this frequency correspond to?
(f) Make a sketch to show the pressure variation in and around the pipe half a period later than the 

instant shown.
37. The figure at right shows the design of a dentist’s waiting room and surgery.

There are two people sitting in the waiting room at points A 
and B. The door to the surgery is open and has a width of 1.0 m. 
A drill is operating and produces a sound of 5000 Hz frequency. 
The patient groans at a frequency of 200 Hz. Assume the speed 
of sound is 340 m s−1.
(a) What is the wavelength of the patient’s groan?
(b) What difference, if any, is there between the sound intensity 

levels produced by the patient’s groan at points A and B? 
Justify your answer.

(c) What difference, if any, is there between the sound intensity 
levels produced by the dentist’s drill at points A and B? 
Justify your answer.

38. A 1500 Hz sound and a 8500 Hz sound are emitted from a loudspeaker whose diameter is 0.30 m. 
Assume the speed of sound in air is 343 m s−1.
(a) Calculate the wavelength of each sound.
(b) Find the angle of the first minimum for each sound for this speaker.
(c) A sound engineer wants to use a different speaker for the 8500 Hz sound so that it has the same 

angle of dispersion as the 1500 Hz has for the 0.30 m diameter speaker. Calculate the diameter of 
the new speaker if this is to occur.

39. A trumpeter on a moving train first demonstrated the Doppler effect. (Use 340 m s−1 as the speed of sound.)
(a) How fast would the train be travelling if the trumpeter played an A (f = 440 Hz) and the observers 

on the platform heard an A sharp ( f = 466 Hz)?
(b) What frequency would the observers hear once the train had passed?
(c) How fast would the train need to be travelling for the pitch of the note to rise a full octave (that is, 

double its frequency)?

Normal atmospheric pressure

FIGURE 9.52
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40. Lyn cannot hear sound above 1.5 × 104 Hz. She decided to investigate the Doppler effect by strapping 
a speaker to the roof of a car. She connects a signal generator to the speaker so that it produces a 
sound of frequency 1.2 × 104 Hz. She predicts that if the car is driven towards her with sufficient 
speed she will not be able to hear the sound.
(a) At what speed can she no longer hear the sound? (Assume there are no other sounds to drown 

it out.)
(b) What does she hear as the car accelerates?

41. Shelly is concerned about the speed of traffic in her street. She measures the dominant frequency of 
the sound of a car as it approaches to be 1100 Hz, and as it moves away to be 919 Hz. What was the 
speed of the car? (Take the speed of sound in air to be 340 m s−1.)

42. Explain why high-frequency sound waves are preferred for tasks such as echolocation rather than low-
frequency sound waves.

43. If astronauts lose radio contact with one another when they are outside their spacecraft, they can 
converse by touching the face plates of their helmets together. Why do they need to do this, rather 
than just getting close enough to shout at one another?

44. Does the amplitude of a wave affect its speed through a medium?
45. The voice of a person who has inhaled helium 

sounds higher than normal. Why does this happen?
46. In the Victorian era, hearing-impaired people used 

ear trumpets to improve their hearing. An ear 
trumpet was a cone-shaped device, the smaller end 
of which was placed in the ear. How would these 
devices have worked?

47. Timekeepers for races are advised to watch for the 
smoke from the starter’s gun rather than listening 
for the sound of the gun being fired in order to 
start their stopwatches at the correct moment. Why 
is this?

FIGURE 9.54

PRACTICAL INVESTIGATIONS

Investigation 9.1: Analysing sound waves from a tuning fork
Aim
To observe and collect sound traces from a CRO

Apparatus
at least two tuning forks of different frequency 
access to a CRO or a CRO simulation program for the computer
a microphone to convert the sound wave into an electrical signal

Theory
The traces from a CRO can provide you with a snapshot of a number of different sound waves. The waves are 
a small time-grab of a much larger train of sound waves. These short interval grabs can show you some of the 
features of a sound.

Method
1. Connect the microphone to the input of the CRO or the microphone input on the computer if using a CRO 

simulation program.
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2. Tune and adjust the CRO so that when a single 
tuning fork is brought near to the microphone, a 
sine-wave trace is produced. Observe what 
happens to the amplitude of the wave as the tuning 
fork loses its vibrational energy and the sound 
becomes softer.

3. Check out all of the traces of all tuning forks you 
have. When doing this, keep the same CRO settings 
to make comparison easier. Note the frequencies 
and shape of the waves produced. If you are using a 
CRO simulation computer program, you should be 
able to freeze the CRO traces, save them and print 
them out.

4. Try striking two different frequency tuning forks and 
having the microphone collect the sound from both tuning forks. You will notice the shape of the CRO trace 
wave becomes more complex.

5. Try adding a third sound from another tuning fork to the input into the CRO. Observe the increasingly 
complex CRO trace.

Investigation 9.2: Observing wave interference
Aim
To hear sound waves interfering with each other

Apparatus
tuning fork

Theory
Each of the vibrating tuning fork prongs acts as a coherent source of sound because it has the same frequency, 
amplitude and phase in relation to the other when producing a sound wave in air. Hence, there are two 
sound waves generated by the tuning fork prongs. Each one radiates from a slightly different position. As a 
compression is produced between the prongs, a rarefaction is produced outside each of the prongs and vice 
versa. The sound waves propagate outward from each tuning fork prong but on some paths they overlap. This 
is either because there is a full wavelength difference in the travel path length or because in some directions 
they meet at a point one half wavelength out of phase. In these directions where the sound waves are exactly 
one half wavelength out of phase (compression meets rarefaction) the sound waves will add. If the amplitudes 
are the same, one sound wave’s compression is annulled by the rarefaction from the other. This produces a 
sound minimum.
 The sound waves can add to form a maximum if the path difference is equal to a whole number of 
wavelengths. The result is a higher amplitude sound.

Method
1. Strike a tuning fork so that it produces a note.
2. Hold the tuning fork to your ear and rotate the tuning fork about its long axis.
3. Listen carefully to the sound you hear. Note when the sound waves appear to increase in amplitude and 

decrease in amplitude.

Investigation 9.3: Analysing sound waves from musical instruments
Aim
To observe the sound from musical instruments on a CRO or CRO computer simulation program

Apparatus
access to a CRO or a CRO simulation computer program
microphone
variety of musical instruments

Theory
The notes produced by a musical instruments have a characteristic timbre. An examination of the CRO 
traces of the same note played by a number of different musical instruments will highlight the differences in  
the nature of the sound waves.

Oscilloscope

Wave pattern

Microphone

Sound
waves

FIGURE 9.55 A microphone attached to a CRO
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Method
1. Connect the microphone to the input of the CRO or the microphone input on the computer if using a CRO 

simulation program.
2. Tune and adjust the CRO so that when a single tuning fork is brought near to the microphone a sine-wave 

trace is produced.
3. Using a variety of musical instruments, play the same note into the microphone attached to the CRO 

and observe the differently shaped wave patterns that are produced. If you are using a CRO simulation 
computer program, you may be able to freeze and save the CRO traces and then print them out.

Analysis
Compare the shapes of the CRO traces for each instrument. Are there any similarities? Which instruments are 
most similar?

Investigation 9.4: Observing sound
Connect a signal generator to an audio amplifier that has a built-in speaker. Then connect a CRO across the 
output of the amplifier. With the signal generator producing a sinusoidal signal, and making any necessary 
adjustments to the timebase and voltage scales of the CRO, increase the frequency from about 20 Hz to 
20 000 Hz. Observe what happens and then answer the following questions.
1. What happened to the period, pitch and loudness as the frequency increased?
2. What were the lowest and highest frequencies you could hear?
3. How is amplitude related to loudness?
4. Replace the signal generator with a microphone and produce sounds on various instruments and 

voices. Sketch and compare the different waveforms produced. Do they have a definite period?

Investigation 9.5: Sound intensities and intensity levels
This investigation consists of two parts:
1. Use a sound level meter to construct your own table of sound intensities and intensity levels for a number of 

everyday sounds that you wish to select. Why is it important that you note how far the meter is from the 
sound sources?

2. The second part of this investigation should be carried out in an outdoors setting where there is little  
interference from reflection. Measure the sound intensity level at distances of 1.0 m, 2.0 m, 4.0 m, 10.0 m, 20.0 m 
and 50.0 m from a sound source that radiates sound evenly in all directions (a lawnmower would do). Produce a 
graph of the log of sound intensity versus the log of distance from the source. Comment on your results.

Investigation 9.6: Finding the speed of sound in air
The aims of this investigation are:
1. To establish that resonance occurs in the tube, at different frequencies.
2. To determine the velocity of sound in air, at room temperature, by means of a resonance tube.
You will need the following equipment:
• length of glass tubing of approx. internal diameter of 40 mm
• retort stand and clamp for the tube
• frequency generator
• audio amp and speaker
• sound level meters
• thermometer.

For all forms of wave motion, v = fλ, where v is velocity, f is frequency and λ is wavelength.
The air inside the tube will resonate for certain 

frequencies when standing waves can be set up so that a 
pressure node occurs at the both open ends of the tube.

Figure 9.56 shows the simplest standing wave that 
can be set up in the resonating tube. The frequency 
that causes such a standing wave is called the 
FUNDAMENTAL or first HARMONIC and always occurs 
for the shortest length of tube that produces resonance.
Note: the standing wave is actually slightly longer than the length of the pipe. The ‘end correction’ at each 

end is 0.3 × the diameter of the pipe; therefore, the ‘effective length’ is L + 2 × 0.3d.
At resonance, the length of the tube, L, is related to the wavelength of the standing wave set up in the air 

inside the tube, and, since the resonant frequency, f, and wavelength, λ, are related to the velocity of sound in 
the air, the speed of sound in air can be determined.

FIGURE 9.56
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Clamp the tube to the retort stand. Position the audio amp and speaker at one end of the tube. Connect 
the audio amp to the frequency generator. Select a low frequency and gradually increase the frequency while 
observing the sound level meter. Look for ‘spikes’ on the sound level meter and record the frequencies at 
which these spikes occur. (Resonance causes an increase in the amplitude of the sound.) Repeat until several 
resonant frequencies are obtained.

Record the pipe length and diameter in both cm and m. Hence, calculate the effective length, L, of the pipe 
by adding 2 × 0.3 × diameter of the pipe.

Record the frequencies that caused resonance and their harmonic number, n.

Calculate the speed of sound from v = 2 × L × f
n

 where n is the harmonic number.

Analysis
1. Explain what is meant by the term ‘resonance’.
2. What is the average value for the speed of sound obtained from this experiment with an error range?
3. What is the theoretical speed of sound based on the air temperature?

Investigation 9.7: Resonant frequencies in a tube
Take the centre and stopper out of a ballpoint pen, then hold the pen vertically. With the bottom uncovered, 
blow across the top until you produce the fundamental frequency. Blow harder and produce the first resonant 
frequency above the fundamental and any others if possible.
1. Comment on the pitch of each frequency.
Cover the bottom and produce the fundamental frequency.
2. How does this frequency compare with that produced when the pen has both ends open?
3. Try to produce resonant frequencies above the fundamental and comment on the pitch of each.
4. Explain your observations in terms of the key ideas you have studied so far.

Investigation 9.8: Diffraction and sound intensity levels for sounds of different frequencies
This investigation aims to measure the effect that frequency and gap size have on the diffraction of sound 
waves. It should be carried out in an outdoors setting where there is little interference from reflection.
You will need the following equipment:
• sine wave signal generator
• audio amplifier
• loudspeaker
• sound level meter
• soundproof box (cardboard lined with pillows with an adjustable gap for sound to pass through).

Place the loudspeaker in the box facing the opening. Start the investigation by using a gap of 0.20 m. Adjust 
the signal generator to a frequency of 500 Hz and adjust the amplifier to give a sound intensity level of 80 dB at 
a distance of 5.0 m directly in front of the opening in the box. Maintaining a distance of 5.0 m from the opening, 
measure the sound intensity at an angle of 20,  40,  60 and 80 degrees on either side of the first reading.

Adjust the signal generator to a frequency of 5000 Hz and adjust the amplifier to give a sound intensity level 
of 80 dB at a distance of 5.0 m directly in front of the opening in the box. Maintaining a distance of 5.0 m from 
the opening, measure the sound intensity at angles of 20,  40,  60, and 80 degrees on either side of the first 
reading.
1. Make a table of your results and draw graphs showing how the sound intensity level and the sound intensity 

carried with the angle for each frequency.
2. Adapt this procedure to investigate how gap size affects the amount of diffraction.

UNCORRECTED P
AGE P

ROOFS




