
2013 Checkpoints Chapter 19 Sound 
 
Question 807 
A wave is where the particles vibrate around a 
mean position, when they vibrate parallel to the 
direction of motion of the energy, they are called 
longitudinal. 
 
Longitudinal wave 
 
 
 
 
     
 
 

 ∴∴∴∴ D (ANS) 
 

 
Question 808 

If the wave equation is v = fλ. Then you need to 
use that the speed of sound is the same for all 
frequencies. 
The longest wavelength will correspond to the 
shortest frequency, and the shorter wavelength will 
occur at the highest frequency. 

For v = constant λ ∝ 
f

1
 

 ∴ f20λ20 = f20 000λ20,000 

 ∴
20000

20

λ

λ
 = 

20

20000

f

f
  

     = 20000/20 
     = 1000 

 ∴∴∴∴ D (ANS) 
 
Question 809 
Your ear can hear sounds from a variety of sources 
at the same time. You are able to clearly 
distinguish the different sounds, eg you can hear 
someone speaking to you over the background 
noise of a stereo. The sound waves from both 
sources pass through each other without altering. 
But you need to consider that the movement of the 
air molecules is a vector, so when the two waves 
are actually passing through each other their 
effects will add like vectors. 
So the more complete answer is C, not A. In the 
exam you will always give the best answer. There 
will only be one answer, unless the question 
specifically says, 'one or more answers'.  

 ∴∴∴∴ C (ANS) 
 

 
Question 810 
The voltage of the microphone represents the 
pressure fluctuations, so the distance between 
identical points on the graph is the wavelength of 
the sound wave. 
 
It takes 4 ms (milliseconds) for the wave to 
complete a cycle. The frequency of the vibration is 

inversely related to the period. The longer the 
period the less cycles per second. 

Using  f = 
t

1
   

 = 
3

1

4 10
−×

  

 = 

3
10

4
  

 = 250 Hz 

 ∴∴∴∴ B (ANS) 
 
Question 811 

If the wave equation is v = fλ. 

Then 345 = 250 × λ  

∴ λ = 345/250 
 = 1.38 m. 
 = 1.4 m 
 
The best answer is A. This is not a good answer as 
it has been rounded off far too much. 

 ∴∴∴∴ A (ANS) 
 

 
Question 812 

If the wave equation is v = fλ. 

Then 336 = 512 × λ  

∴ λ = 336/512  
 = 0.65625m 

 ∴∴∴∴ A (ANS) 
 
Question 813 
If the velocity is 336 m/s, then using 
  v = d/t   
gives t = d/v 
 t = 3/336 
 t = 8.9 × 10

-3
 secs. 

Again, if we consider sig. figs. then  
 t = 9 × 10

-3
 secs. 

 ∴∴∴∴ C (ANS) 
 

 
Question 814 
Note that this question specifically states one or 
more answers. It means exactly that, there are 
either one or more answers, not necessarily more 
than one. 
 
Sound travels as a wave. This wave is able to be 
reflected off hard walls. The bricks represent a hard 
flat surface, which will produce good reflection, 
which means that the reflected signal will be such 
that it is still able to be heard and recognized as 
sound. 
 
If the wall was covered in an irregular surface, then 
the reflected signals become out of phase, we then 
get interference. If the reflecting wall was covered 
with something soft (like woollen carpet), then a lot 
of the signal is absorbed by the surface, and not 
much is reflected. 
 

The movement of particle is in this direction. 



The sound wave will reflect in such a way that the 
angle of incidence is equal to the angle of 
reflection, this means that the person will hear an 
'image' of the original source. This image will be in 
position 'Y', because it is the mirror image of the 
source. 

 ∴∴∴∴ A and B (ANS) 
 

 
Question 815 
This is testing your understanding of the fact that 
sound will reflect of a hard surface, and that the 
angle of incidence will equal the angle of reflection. 
This infers that the horizontal distance between A 
and B must equal the horizontal distance between 
B and C. 

∴ the distance AC   
= 340 × 2  
= 680 m. 

 ∴∴∴∴ C (ANS) 
 
Question 816 
 
 
 
 
 
 
 
 
 
 
Using Pythagoras,  
 480

2
 = 340

2
 + (depth)

2
 

 480
2
 - 340

2
 = (depth)

2
 

 depth  = 338.8m 

 ∴∴∴∴ B (ANS) 
 
 
Question 817 
This question is not on the current course 

The speed of sound in the higher temperature 
material would be greater, but the angle would stay 
the same.  The speed of sound increases in 
materials as the temperature of the material 
increases, this is because as the temperature 
increases the average KE of the particles increase, 
which increases the speed of the energy travelling 
through the medium. 

 ∴∴∴∴ C (ANS) 

 

 
Question 818 

The period  = 
1

f
  

= 
1

1.6
  

= 0.625secs 

 ∴∴∴∴ B (ANS) 
 

Question 819 

Using  v = 
t

d
  

With the distance being 120m × 2, because the 
sound has to travel to the wall and back to Jennie 
before she claps again. So the sound travels 240 m 
each 0.625 seconds. 
 

 ∴ v = 240/0.625 
 = 384 m/s. 
 
You need to make sure that this answer is 
reasonable; on the exam all answers should be 
reasonable answers. You should know that the 
speed of sound is around 340 m/s, and that it can 
vary with temperature. So this answer seems 
reasonable. 

 ∴∴∴∴ D (ANS) 
 
Question 820 
If Jennie claps at half the frequency, there will be 
twice as long between claps. That means that after 
her first clap, the sound will travel to the wall, reflect 
back to her in 0.625 secs, she will then wait 
another 0.625 secs before she claps again, so she 
will hear the clap, then the 'echo' then the next 
clap, next 'echo', etc every 0.625 secs. 
 
So she claps every 1.25 secs and hears an echo in 
between each clap. 

 ∴∴∴∴ B (ANS) 
 
Question 821 
If she claps at a frequency of 3.2 Hz, she is 
clapping every 0.3125 secs. 
The first clap will have travelled to the wall in this 
time. She claps again. By the time the second clap 
has reached the wall, the first clap has reflected 
and is back to where she is, so she hears the 'echo' 
after 2 claps. From here on she will hear the echo 
every time she claps, but it is the echo from 2 claps 
previous. 

 ∴∴∴∴ A (ANS) 
 
Question 822 
Note that this question specifically states one or 
more answers. It means exactly that, there are 
either one or more answers, not necessarily more 
than one. 
 
If the speed of sound was to rise, then it would take 
less time for the sound to travel to the wall and 
back. She would need to clap faster to keep the 
claps synchronised with the echo. 
If she moved further away from the wall, it would 
increase the time it took for the sound to travel from 
her hands to the wall and back, this would mean 
that if the speed of sound increased, she would not 
have to clap any faster. 

 ∴∴∴∴ A, E  (ANS) 
 

340 m 

480 m depth 



 
Question 823 
If the sound intensity is increased by a factor of 4, 

i.e.  new

old

I

I
 = 4 

Then  L = 10 log 
old

new

I

I
 

 L = 10 log 4 
 L = 10 × 0.602 
 L = 6.02 dB 
 L = 6 dB 
This means that increasing the intensity by a factor 
of 4 increases the sound level by 6 dB. It follows 
that doubling the intensity will increase the sound 
level by 3 dB. 
It also follows that decreasing the intensity by a 
factor of 4 decreases the sound level by 6 dB etc. 

 ∴∴∴∴ A (ANS) 
 

 
Question 824 

Use L (in dB) = 10 log 
0I

I
 

where I = 2 x 10
-6 

and I0 = 1 x 10
-12 

 ∴ L = 10 log 
12

6

101

102
−

−

×

×  

  = 10 log 2 x 10
6
 

  = 10 × 6.3010 
  = 63 dB 

 ∴∴∴∴ D (ANS) 

 

 
Question 825 
This question is testing the sound intensity drops 

off as 
2r

1
 

So if the distance is changed from 2 metres to 6 
metres then r is changed by a factor of 3. 
 
This means that the intensity will go down by a 
factor of 3

2
 

3
2
 = 9 

 L (in dB) = 10 log 
old

new

I

I
 

We are told that 
old

new

I

I
 = 

9

1
 

  ∴ L  = 10 log 9
-1 

   = -10 × 0.9542 
   = -9.542 
   = -9.5 dB  
 or a loss of 9.5dB. 

 ∴∴∴∴ C (ANS) 
 

 
Question 826 

Use L (in dB) = 10 log new

old

I

I
 

We are told that new

old

I

I
 = 5 

  ∴ L  = 10 log 5
 

   = 10 × 0.6989 
   = 6.989 
   = 7 dB 

 ∴∴∴∴ C (ANS) 
 

 
Question 827 

Use L (in dB) = 10 log A

B

I

I
 

where IA = 5 x 10
-8

 (the sound intensity for the 
sound on the left side of the material) and IB = 7 × 
10

-9
 (the sound intensity on the other side of the 

material) 

  ∴ L  = 10 log 

-8

-9

5 ×10

7 ×10

 

L = 10 log 7.142857 
L  = 10 × 0.85387 

      L  = 8.5 dB 

 ∴∴∴∴ C (ANS) 
 
Question 828 
There are 5 x 10

-8
 W/m

2
 on the left side of the 

material, as the sound passes through the material 
it loses some energy and exits from the material 
with 7 × 10

-9
 W/m

2
. 

So it loses 5 x 10
-8

 - 7 × 10
-9 

Watts in every square 
metre of material. 
The difference between the two is 4.3 × 10

-8 
W. 

This is the rate at which it is losing energy, because 
Watts are Joules per second. 
So the material absorbs 4.3 × 10

-8
 Joule of energy 

every second in each square metre. This can also 
be written as 43 nW/m

2
, where ‘n’ stands for nano 

(1 x 10
-9

) 

 ∴∴∴∴ A (ANS) 
 

 
Question 829 
All the energy must be accounted for, so the initial 
energy, (which is written as an intensity) must 
equal the sum of the energy at A, B and in the 
material. 

 So IP  = IA + IB +∆I 

Where ∆I is the intensity lost in the material 

 So ∆I =IP - IA - IB 

 ∴∴∴∴ A (ANS) 
 
Question 830 
The sound energy that is incident on the absorbing 
material must be contained inside the material so 
that the energy that exits the material is less, 
otherwise it wouldn't be an insulating material. This 
energy is usually converted into heat energy. 

 ∴∴∴∴ C (ANS) 
 



Question 831 
If this new material absorbs 90% of the energy that 
falls on it, then it will only allow 10% of the energy 
to pass through. 
This means that the sound intensity on the far side 
will be 1/10 of the incident sound intensity. 

L (in dB) = 10 log transmitted

incident

I

I
 

where Itransmitted is the sound intensity for the sound 
on the far side of the material and  
Iincident is the sound intensity on the near side of the 
material. 

We know that transmitted

incident

I

I
 = 

10

1
 = 0.1 

  ∴ L  = 10 log 0.1
 

L = 10 × -1 
L  = -10 

      L  = 10 dB loss. 
The loss is shown by the negative value for the 
change in sound level. 

 ∴∴∴∴ C (ANS) 
 
Question 832 
If the change is 20 dB, then  

 L (in dB) = 10 log transmitted

incident

I

I
 

where Itransmitted is the sound intensity for the sound 
on the far side of the material and Iincident is the 
sound intensity on the near side of the material. 

 ∴ -20 = 10 log transmitted

incident

I

I
  

 ∴  -2 = log transmitted

incident

I

I
 

 ∴10
-2 

= transmitted

incident

I

I
  

 ∴ IIncident  × 
100

1
 = Itransmitted  

This means that only 1% of the incident ray is 
transmitted through the material. 

 ∴ 99% must be absorbed. 

 ∴∴∴∴ C (ANS) 
 

 
Question 833 
The energy of the sound spreads over a larger area 
as the sound moves away from the speaker. This 
means that a sound intensity meter, measuring on 
Wm

-2
, will read lower values. This is heard as softer 

sound. 

 ∴∴∴∴ C (ANS) 

 

 
Question 834   (2007 Q8, 69%) 

60 = 10 log 
0

I

I
  

where I0 = 1 x 10
-12

 

 ∴ 6.0 = log 
-12

I

1×10
 

 ∴ 
-12

I

1×10
 = 10

6.0
 

 ∴ I = 10
6.0

 × 1 × 10
-12

 

 ∴ I = 10
-6.0

  

 ∴∴∴∴ D (ANS) 
 
Question 835   (2007 Q10, 69%) 
The sound level has dropped by 9dB. Each drop of 
3dB corresponds to a halving of the intensity. 
Therefore the intensity has halved three times, so 
the ratio is 8:1 

 ∴∴∴∴ C (ANS) 
 
Question 836   (2007 Q11, 69%) 
Doubling the distance will decrease the sound 
intensity (Wm

-2
) by a factor of 4. This leads to a 

6dB drop in sound level.  

∴60 – 6 = 54 dB 

 ∴∴∴∴ B (ANS) 

 

 
Question 837   (2008 Q2, 76%) 
Sound is a longitudinal wave, so the movement of 
the particles is in the same direction as the motion 
of the wave. The dust particle is 10 cm in front of 
the speaker so it will move toward and away from 
the speaker but average the same distance from 
the speaker. 

 ∴∴∴∴ B (ANS) 
 
Question 838   (2008 Q3, 91%) 
 This is a straight forward application of the wave 

equation: 
v

λ =
f

  

 
330

λ =
220

  

λ =1.5m  

 ∴∴∴∴ B (ANS) 
 

 
Question 839   (2008 Q4, 89%) 

0

I
dB =10log

I

 
 
   

-3

-12

1.0×10
dB =10log

1.0×10

 
 
   

dB = 90dB  
 ∴∴∴∴ C (ANS) 
 



 
Question 840   (2008 Q5, 73%) 
The intensity is inversely proportional to the radius 

squared, 
2

1

R
∝I . So the ratio of the intensities is 

equal to the inverse ratio of the radiuses squared. 
2

1 2

2 1

I R
=

I R

 
 
 

  

1
R = 20m  

2
R = 60m  

-3 2

1
I =1.0×10 W / m   

2

1 2

2 1

I R
=

I R

 
 
 

 

2-3

2

1.0×10 60
=

I 20

 
 
 

 
-3 2

2
I =1.1×10 W / m  

 ∴∴∴∴ B (ANS) 
 

 
Question 841   (2008 Q6, 82%) 
On the graph look at the 60dB on the y-axis, follow 
it across until you get to the 10,000 Hz point and 
see which phon line intersects the 2. The phon line 
that crosses it is the 40 phon. This means that a 
person would only perceive the 60 dB as 40 phon.  

 ∴∴∴∴ B (ANS) 
 
Question 842   (2008 Q7, 68%) 
The phon is the perception of the intensity by 
humans and it changes with the frequency. 

 ∴∴∴∴ C (ANS) 
 

 
Question 843   (2009 Q2, 87%) 
This is classic longitudinal wave, because the 
vibrations are in the same direction as the wave. 

 ∴∴∴∴ B (ANS) 
 

 
Question 844   (2009 Q3, 87%) 
The wavelength is given by the distance between 
similar sections of the wave. In this case the 
wavelength is 2.0 m. 

Using v = fλ gives 333 = f x 2.0 

 ∴ f = 167 Hz 

 ∴∴∴∴ C (ANS) 
 
Question 845   (2009 Q4, 53%) 
In a quarter of a period, the wave will travel one 
quarter of a wavelength to the right. 
Therefore the initial pressure maximum will have 
moved to 0.5 m. 

 ∴∴∴∴ B (ANS) 
 

 
Question 846   (2009 Q5, 75%) 

The new sound intensity is one quarter of the 

original 

-8

-7

5.0 ×10

2.0 ×10
 = 0.25. 

Therefore the intensity has dropped by a factor of 
4. Using the inverse square law gives that the 
distance must have doubled. 
Therefore the new distance is 40 m 

 ∴∴∴∴ C (ANS) 
 
Question 847   (2009 Q6, 78%) 
When the distance is doubled the intensity level will 
drop by 6 dB (3 + 3). 

 ∴∴∴∴ D (ANS) 
 

 
Question 848   (2009 Q8, 81%) 

40 = 10 log 
0

I

I
 (where I0 = 1 x 10

-12
) 

 ∴ 4 = log 
-12

I

1×10  

 ∴ 
-12

I

1×10
 = 10

4
  

 ∴ I = 10
4
 × 1 × 10

-12
 

 ∴ I = 10
-8

   

 ∴∴∴∴ C (ANS) 
 
Question 849   (2009 Q9, 85%) 
From the graph, find the intersection of 200 Hz and 
40 dB, this also lies on the 20 phon curve. 

 ∴∴∴∴ B (ANS) 
 

 
Question 850   (2010 Q1, 94%) 

Using v = fλ, 

       ∴λ = 
330

512
  

= 0.64 m 

∴∴∴∴ B  (ANS) 
 
Question 851   (2010 Q2, 80%) 
As sound is a longitudinal pressure wave, and 
there is not net movement of the air, just a vibration 
about the rest position, the answer is D 

 ∴∴∴∴ D (ANS) 
 

 
Question 852   (2010 Q3, 83%) 

70 = 10 log 
0

I

I
  

where I0 = 1 x 10
-12

 

 ∴ 7.0 = log 
-12

I

1×10  

 ∴ 
-12

I

1×10
 = 10

7.0
 

 ∴ I = 10
7.0

 × 1 × 10
-12

 

 ∴ I = 1 x 10
-5

 

 ∴∴∴∴ A  (ANS) 



 Question 853   (2010 Q4, 70%) 
The intensity is inversely proportional to the 

distance squared, 
2

1
I

D
∝ .  

The distance increases by a factor of 

2
20

5

 
 
 

 

So the intensity will drop by a factor of 

2
1

4

 
 
 

which 

is 

4
1

2

 
 
 

 

When the intensity is halved, the sound level drops 
by 3 dB, therefore the sound level will drop by 
 4 x 3 = 12 dB 

 ∴ 70 – 12 = 58 dB 

 ∴∴∴∴ C  (ANS) 
 

 
Question 854   (2010 Q5, 87%) 
From the graph, when the frequency is 2000 Hz 
and the sound level remains at 40 dB, the phon 
level is 50. 

 ∴∴∴∴ C  (ANS) 
 

 
Question 855   (2011 Q1, 81%) 
The dust particle will vibrate about its mean 
position. Sound is a longitudinal wave, therefore 
the dust particle will vibrate in the RS direction. 
The dust particle will vibrate at the frequency of the 
sound. 

∴∴∴∴A (ANS) 
 

 
Question 856   (2011 Q2, 88%) 

 Use L (in dB) = 10 log 
0I

I
 

where I = 1.1 x 10
-4 

and I0 = 1 x 10
-12 

 ∴ L = 10 log 
4

12

1.1 10

1 10

−

−

×

×

 

  = 10 log (1.1 x 10
8
) 

= 80.4 dB 

∴∴∴∴C (ANS) 
 
Question 857   (2011 Q3, 71%) 
The distance is halved, from 2.5 to 1.25 m. Using 

2

1
I

R
∝ , the intensity will increase by a factor of 4. 

1.1 x 10
-4

 x 4 = 4.4 x 10
-4

. 

∴∴∴∴D (ANS) 
 

 
Question 858   (2011 Q4, 54%) 
From the graph, if the sound intensity level (left 
vertical axis), is 40dB, then at 3000 Hz, this will lie 
between the 40 phon and the 50 phon line. 

 ∴ 43 phon 

∴∴∴∴D (ANS) 
 



Question 859   (2011 Q5, 84%) 
 From the graph, trace along the 20 phon line, until 
the frequency is 100 Hz. 
This will be 52 dB 

∴∴∴∴C (ANS) 
 

 
Question 860 
A tunnel that is 3.1 metres long would resonate 
with the fundamental resonance if the tunnel is half 
a wavelength long 
 
 
 
 
 
 
The pressure variation of the stationary wave set 
up in a tunnel open at both ends looks like this. 

The length of the tunnel is 
1

2
 λ. 

∴ λ = 6.2 m 

If v = f × λ, then v = 55 × 6.2 

  ∴ v = 341 m/s 

 ∴∴∴∴ B (ANS) 
 
Question 861 
To resonate to a frequency the wavelength needs 
to be such that a standing wave can form inside the 
tunnel. For the standing wave to exist the length of 
the tunnel needs to be a multiple of the wavelength. 
For pipes (tunnels) open at both ends, the resonant 
frequencies are f1, f2, f3,. This effectively allows only 
certain frequencies to resonate. 

 ∴∴∴∴ B (ANS) 
 

 
Question 862 
 
  The fundamental resonant 
   frequency occurs when the length  

  of the pipe is 
1

4
 λ.   

Since the speed of sound is fixed, 
then at particular frequencies the 
pipe will resonate. 

 
The empty bottle needs to be 
modelled as a pipe closed at one 
end. 

∴ We only get odd harmonics and the ratio of the 
frequencies is given by 1 : 3 : 5 : 7 : 9 etc. 
 
Since the resonances are at 1536 and 2560Hz, 

these odd harmonics are multiples of 512 × 3, 512 

× 5, therefore 512 is the fundamental frequency. 

 ∴∴∴∴ D (ANS) 
 

 



 
Question 863 
When the frequency of the sound is the same as 
the natural frequency of the pipe, we get 
'amplification' of the sound which is called 
resonance. This occurs when the wavelength of the 
sound is a multiple of the length of the pipe. For a 
pipe open at both ends end the frequencies that will 
resonate are given by  

f =
L2

nv
 where n = 1, 2, 3, 4 etc. 

These frequencies are the natural frequencies of 
the pipe and a standing wave is set up in the pipe.  
 
This standing wave is the superposition of the two 
waves travelling in opposite directions due to the 
reflections from the ends of the pipe. 
 
This standing wave allows us to transfer more 
energy into the pipe easily. Hence we get 
'amplification' of the sound. 

 ∴∴∴∴ C (ANS) 
 
Question 864 
The soft spots are when the wave from the speaker 
meets the reflected wave from the open end in 
such a manner that a crest from one end is always 
meeting a trough from the other i.e. exactly out of 
phase. These 'nodes' are the result of 
superposition of the two waves. Nodes are 
stationary, so a standing wave is set up in the pipe. 

The nodes in a standing wave are always 1/2 λ 
apart. These soft spots are the nodes, because the 
air pressure variations (from normal atmospheric 
pressure) at these points are minimal, because 
there is always a maximum from one direction and 
a minimum from the other. 

 ∴∴∴∴ A and B (ANS) 
 
Question 865 
The wavelength is twice the distance between the 
nodes. 
 
 
 
 
 
       
 
 
 
 

 
 
 
 
 
 
 
The points on the axis. remain there and they are 

spaced 
1

2
 wavelength apart. 

 

   This distance is 2.5 
metres, the distance between adjacent soft spots. 
So the wavelength must be 5 metres 

 ∴∴∴∴ B (ANS) 
 
Question 866 
The spacing between the maximums will also be  

1

2
 λ because there needs to be a loud spot 

between each pair of nodes. 

∴ 2.5 metres 

 ∴∴∴∴ A (ANS) 
 
Question 867 
From the diagram in the answer to Q 558, if you 
count the wavelengths you can get 2 complete 
wavelengths of the standing wave.  The 
wavelength is 5 metres so the length of the pipe 
must be 10 metres. 

 ∴∴∴∴ C (ANS) 
 
Question 868 
ANS B 

Use v = f × λ  

∴ 350 = f × 5   

∴ f = 70 Hz. 

 ∴∴∴∴ B (ANS) 
 
Question 869 
The diagram for the answer to Q595 shows that in 

the situation described in the question λ1 is actually 

the 3
rd

 overtone, (4
th
 harmonic) 

It easiest to work from the diagram 
 

Here λ1 = 
L

2
 

∴ L = 2λ1 

 

Here λ = 
3

2
L 

 = 
3

2
 × 2λ1 

 = 
3

4
λ1 

 

Here λ = L 

 = 2λ1 

 
 
 

Here λ = 2L 

 = 4λ1 

 

 ∴∴∴∴ D  (ANS) 
 

Direction of movement 



 
Question 870 
This is a very difficult question. Follow the logic 
through. 
If one end of the pipe is closed, then the number of 
resonant frequencies changes. 
For a pipe open at both ends the resonant 

frequencies are given by: f =
L2

nv
 where n = 1, 2, 3, 

4, 5 etc. 
So if L = 10, v = 350,  

For n = 1: ∴ f1 = 
350

2 ×10
 = 17. 5 Hz 

For n = 2 ∴ f2 = 2 × 350/20 = 35 Hz 

For n= 3 ∴ f3 = 3 × 350/20 = 52.5 Hz 

For n = 4 ∴ f4 = 4 × 350/20 = 70 Hz 

For n= 5 ∴ f5 = 5 × 350/20 = 87.5 Hz 

∴ there are 5 resonant frequencies under 90 Hz 
For a pipe closed at one end the resonant 

frequencies are given by: f =
L4

nv
 where n = 1, 3, 5 

etc. 
So if L = 10, v = 350,  

For n = 1: ∴ f1 = 
350

4 ×10
 = 8.75 Hz 

For n = 3: ∴ f3 = 3 × 350/40 = 26.25 Hz 

For n = 5: ∴ f5 = 5 × 350/40 = 43.75 Hz 

For n = 7: ∴ f7 = 7 × 350/40 = 61.25 Hz 

For n = 9: ∴ f9 = 9 × 350/40 = 78.75 Hz 

∴ there are 5 resonant frequencies under 90 Hz 
The same as for a pipe open at both ends. This 
answer is not to be generalised, it is specific for 
this situation only. 

 ∴∴∴∴ C (ANS) 
 

 
Question 871 

Using  v = fλ,  
Then the lowest frequency will occur when the 

wavelength λ, is longest. 

  ∴ 340 = f × 0.84 

 ∴ f= 405 Hz 

 ∴∴∴∴ B (ANS) 
 
Question 872 
The fundamental frequency occurs when the 
standing wave is set up as shown below. 
A pipe open at one end, must have opposite effects 
at both ends, it must have a node at one end and 
an antinode at the other end. 
So the fundamental frequency must look like this. 
 
 
 
 

In this diagram L = 1/4 λ 

 So λ1 = 4L 

 ∴ λ1 = 0.84 m = 4 × L 

 ∴ L = 0.21 m. 

 ∴∴∴∴ D (ANS) 
 

Question 873 
The wavelengths must be the same, because the 
nodes and antinodes need to be in the same 
positions for resonance to occur.  
 
Because the velocity has increased by 10% then 
the frequencies will also increase to compensate 

and to keep the equation v = fλ correct. 

 ∴∴∴∴ B (ANS) 
 
Question 874 
I don’t think that this is on the course. 
 

 
Question 875   (2007 Q2, 65%) 
The wavelength of 130Hz is determined using  

v = f λ . 

Hence λ = 
340

100
  

   = 3.4m 

 ∴∴∴∴ C (ANS) 
 
Question 876   (2007 Q3, 65%) 
For a pipe closed at one end the 
fundamental is given by   
 λ 1 = 4L  

 ∴ f1 = 
v

4L
  

 ∴ f1 = 
340

4 × 0.5
  

 ∴ f1 = 170 Hz 

 ∴∴∴∴ B (ANS) 
 
Question 877   (2007 Q4, 65%) 
Constructive interference (from the waves reflected 
from both ends of the pipe) will produce a standing 
wave. This standing wave will be louder. As the 
driving frequency gets closer to the natural 
frequency of the pipe, the sound produced by the 
pipe will increase in intensity. 

 ∴∴∴∴ A (ANS) 
 
Question 878   (2007 Q5, 65%) 
For a tube opened at one end the resonant 
frequencies are odd multiples of the fundamental.  
So the next resonance is 3f1 = 3 × 170 = 510 Hz 

 ∴∴∴∴ D (ANS) 
 

 
Question 879   (2008 Q8, 89%) 
Taking the speed of sound to be 333m/s.  
The frequency of middle C is 256 Hz. 

v
λ =

f
   

333
λ =

256
  

λ =1.3m  

 ∴∴∴∴ C (ANS) 
 



Question 880   (2008 Q9, 58%) 
There is on second harmonic in a pipe that is 
closed at one end, so we will calculate the third 
harmonic which would have a frequency 3 times 
greater than the fundamental. 

f = 3×256 = 768 Hz. 

 ∴∴∴∴ C (ANS) 
 
Question 881   (2008 Q10, 65%) 
As you increase the frequency on the signal 
generator there will be certain frequencies that 
resonate inside the pipe. This will reinforce the 
sound from the signal generator. The noticeable 
effect will be an increase in the volume heard by 
Roger. 

 ∴∴∴∴ C (ANS) 
 
Question 882   (2008 Q11, 66%) 
The desired wavelength is 0.325 m. If Roger is 
once again using a closed end pipe the length of 
the pipe will need to be ¼ of the wavelength.  

¼ of 0.325 is 0.081m. 

 ∴∴∴∴ A (ANS) 
 

 
Question 883   (2009 Q10, 81%) 
For a pipe open at both ends the fundamental 
frequency is given by  

  f1 = 
v

2L
  

 ∴ 385 = 
333

2 × L
 

 ∴ L = 
333

2 × 385
  

 = 0.432 m 

 ∴∴∴∴ C (ANS) 
 
Question 884   (2009 Q11, 45%) 
The resonance will look like: 
 
 
 
 
With an antinode in the middle. 
This means that the point P will fluctuate between a 
pressure maximum to a pressure minimum. 
 
If the fundamental frequency is 385 Hz, then the 
period will be 2.6 ms. 

 ∴∴∴∴ A (ANS) 
 
Question 885    (2009 Q12, 83%) 
If the fundamental frequency is 385, all resonant 
frequencies will be multiples of 385. 
Therefore 193 cannot exist. 

 ∴∴∴∴ A (ANS) 
 

Question 886   (2009 Q13, 75%) 
If one end of the tube is closed, the fundamental 
frequency is halved. The fundamental will now look 
like this 
 
 
 
 
 
 
Therefore 193 Hz will now exist, and will be the 
new fundamental. 

 ∴∴∴∴ A (ANS) 
 

 
Question 887   (2010 Q6, 78%) 
If one end of the tube is closed, the fundamental 
frequency will look like this 
 
 
 
 
 
 

v
λ =

f
   

320
λ =

133
  

λ = 2.4 m  

∴ L = 
1
4

λ  

 ∴ L = 0.6 m 
 ∴∴∴∴ D (ANS) 
 
Question 888   (2010 Q7, 72%) 
With tube closed at one end, only odd harmonics 
exist. Therefore the first, third, fifth etc. exist. 

 ∴ 133 x 3 = 400 Hz 

 ∴∴∴∴ C (ANS) 
 
Question 889   (2010 Q8, 81%) 
The tube is 1.2 m long, with both ends open the 
fundamental looks like 
 
 
 
 
 

∴ = 0.6 m
λ

2
 

∴ λ = 1.2 m 
 
Using  v = fλ gives  
 320 = f x 1.2 

 ∴ f = 267 Hz 

 ∴∴∴∴ C (ANS) 
 
The other way of considering this is that with both 
ends open, all harmonics exist, so the next 
harmonic is 133 x 2 = 266 Hz. 

 ∴∴∴∴ C (ANS) 
 

NA

L 

N A

L 



Question 890   (2011 Q6, 68%) 
With a pipe open at one end, you get a pressure 
node at the open end, (because it mixes with the 
air) and a pressure anti-node at the closed end. 
(You must get opposite effects because one end is 
open and the other end is closed). 

∴∴∴∴B (ANS) 
 
Question 891   (2011 Q7, 73%) 
From the diagram ¼ of a wavelength is 1.1 m.  
Therefore the wavelength is 4.4 m 

Using  v = fλ 
 v = 90 x 4.4 
    = 400 m/s 

∴∴∴∴D (ANS) 
 
Question 892   (2011 Q8, 76%) 
The metal tube is open at both ends, therefore we 
expect to get a node at both ends. The first 
(simplest) resonance is B 

∴∴∴∴B (ANS) 
 

 
Question 893 
There are a few formulas that you are going to 
have to be very familiar with. 

The first is L = 10 log 
0

I

I
, this gives the sound level 

in dB, and I0 is the minimum intensity that we can 
hear.  This intensity is 1 × 10

-12
 W/m

2
.We can also 

use this formula when we are not comparing with 

the minimum intensity, to find ∆L, which is the 

change in sound levels, we use is ∆L = 10 log 

old

new

I

I
, where Inew is the intensity at threshold of pain 

(when pain begins) and Iold is the intensity at the 
threshold of hearing (when you can just begin to 
hear). 
 

For this question ∆L = 75 dB. 

∴ 75 dB = 10 log 
hearing

pain

I

I
 

∴ 7.5 = log
hearing

pain

I

I
 

(divide both sides by 10) 

∴
hearing

pain

I

I
 = 10

7.5 

Using the definition for logs 

hearing

pain

I

I
= 3.2 × 10

7
 

 
Alternatively you could rewrite 

10
7.5 

as 10
7
 × 10

0.5
 which is 10 × 10

7
  = 

3.16227766 × 10
7
 

 = 3.2 × 10
7
 

 ∴∴∴∴ D (ANS) 
 
Question 894 

Reading from the graph, the sound level needs to 
be at 65 dB for Huang to hear a sound of frequency 
100 Hz.  If the frequency was changed to 500 Hz, 
he would only need the sound level to be at about 
35 dB. 
 
His ear is much more sensitive to sounds near 500 
Hz, than to 100 Hz sounds. 
 
So the difference between the two sounds is  

65 - 35 = 30 dB 

 ∴∴∴∴ B (ANS) 
 
Question 895 
At 1000 Hz Huang can hear all sound levels above 
25 dB. So the earmuffs need to reduce the sound 
from 140 dB to 25 dB. 

 ∴ ∆L = 115 dB 

 ∴∴∴∴ D (ANS) 
 
Question 896 
In this case the factor that the earmuffs need to 

reduce the sound intensity by is 
old

new

I

I
 

∴ 115 dB = 10 log 
old

new

I

I
 

∴11.5 = 10 log 
old

new

I

I
 

(divide both sides by 10) 

∴ 
old

new

I

I
  = 10

11.5
 

Using the definition for logs 

old

new

I

I
 = 3.16 × 10

11
 

 ∴∴∴∴ B (ANS) 
 
Question 897 
The human ear is not very sensitive to frequencies 
below 1000 Hz and above 20 000 Hz. We need to 
loudness to be at least 20 dB before we can hear it. 
The Loudness button on an amplifier increases the 
strength of these signals in comparison to the 
signals between 1000 and 20 000 Hz.   

 ∴∴∴∴ B (ANS) 
 

 
Question 898 
The ear is most sensitive when it can hear the 
sound with the least sound intensity.  
You must be very careful reading the scale on the 
graph.  
The vertical lines are at 10

1
, 10

2
,10

3
,10

4
 etc, the 

midpoints will then be 50, 500, 5 000, 50 000.  
So the lowest point on the graph is at 5 000 Hz. 

 ∴∴∴∴ B (ANS) 
 
Question 899 
At 10 000 Hz the lowest sound that the listener can 
hear is 10

-12
 W/m

2
. 



At 1 000 Hz the lowest sound that the listener can 
hear is 10

-12
 W/m

2
. 

∴ 
Intensity at 100 Hz

Intensity at 1 000 Hz
 = 

-12

-12

10

10
 = 10

0 

 L (in dB) = 10 log 
0I

I
 

  ∴ L  = 10 log 10
0 

   = 0 × 10 log 10 
(log1010 = 1) 
   = 0 dB 

 ∴∴∴∴ A (ANS) 
 

 
Question 900 
The tweeter is used for the high frequencies (this is 
written just above the graph) 
 
We are asked for its relative output (which is just 
the vertical axis of the graph) at 10 000 Hz. 
Reading straight from the graph this is ~ -2 dB. 

 ∴∴∴∴ B (ANS) 
 
Question 901 
The relative outputs of the 'woofer' and the 'mid-
range' speakers will be the same when the graphs 
for these two intersect. 
This occurs around 600 - 700 Hz. 

 ∴∴∴∴ C (ANS) 
 
Question 902 

Use ∆L (in dB) = 10 log old

new

I

I
 

We are told that ∆L = 6 dB 

 So 6 = 10 log old

new

I

I
 

 ∴ 0.6 = log old

new

I

I
 

 ∴ old

new

I

I
 = 10

0.6 

 ∴ old

new

I

I
= 4 

 
This is to be expected, since doubling the sound 
intensity results in an increase in the sound level of 
3 dB, then a drop of 6 dB would result in 1/4 the 
sound level. 
So a drop of 6 dB results in the old intensity being 4 
times the new intensity. 

 ∴∴∴∴ B (ANS) 
 
Question 903 
Assuming that you want to hear the widest range 
possible, we look at the graph and see that the flat 
part of the mid-range speaker is at about +0.5 dB.  
So if we can detect a change of 3 dB, then we 
could detect changes when the relative output 
dropped below -2.5 dB 
 

This means that as long as the sound is between 
500 and 8 000 Hz we will not hear a noticeable 
change in sound level. 

 ∴∴∴∴ C (ANS) 
 

 
Question 904 
The most sensitive frequency is the lowest point on 
the graph. For 40 phons this is 2000Hz. You are 
not required to interpolate on a log scale, so take 
the nearest ‘line’ value. 

 ∴∴∴∴ C (ANS) 
 

 
Question 905 
The moving-coil microphone consists of a coil that 
is mounted over the inside pole of a circular 
permanent magnet. The coil is attached to a 
diaphragm. Sound causes the diaphragm to vibrate 
and the coil to move backwards and forwards over 
the pole of the magnet. This, in turn, causes the 
magnetic flux in the coil to change, inducing a 
current in the coil.   
 
The aluminium ribbon responds to the air velocity 
of the sound waves and not to any pressure 
variations.  When the ribbon vibrates, it is the same 
as having a moving conductor in a magnetic field. 
An EMF is induced across the ends of the ribbon 
and this creates an electric current signal that is 
proportional to variations in air pressure caused by 
the sound. 

 ∴∴∴∴ C and D  (ANS) 
 
Question 906 
An electret is a piece of dielectric material that is 
permanently polarised.  One side of an electret is 
permanently positive, the other side is permanently 
negative.  The electric field of an electret 
corresponds to the magnetic field produced by the 
poles of a permanent magnet. 

 ∴∴∴∴ A (ANS) 
 
Question 907 
In the crystal microphone, the diaphragm is 
attached to a thin piece of piezoelectric crystal such 
as quartz.  Piezoelectric crystals produce a current 
when subjected to changes in pressure. 

 ∴∴∴∴ B (ANS) 
 
Question 908 
This is the basic principle of operation of all 
microphones. 

 ∴∴∴∴ A, B, C, D (ANS) 
 
Question 909 
This is the basic principle of operation of all 
microphones, because this gives the ‘fidelity’. 

 ∴∴∴∴ A, B, C, D (ANS) 
 



 
Question 910 
This type of microphone is made with the 
diaphragm as one plate of a parallel plate capacitor 
and can also be referred to as an electrostatic 
microphone. 

 ∴∴∴∴ A (ANS) 
 

 
Question 911 
Reflections from the walls of the box produce 
standing waves. These standing waves resonate. 
Both ends need to be the same. 

1λ = 2L 

f1 = 
1

c

λ
 = 

c

2L
 

The second harmonic is 2f1 = 
c

L
 

The third harmonic is 3f1 = 
3c

2L
  

The fourth harmonic is 4f1 = 
2c

L
 

 ∴∴∴∴ A, B, C (ANS) 
 
Question 912 
You need to consider the fundamental (see 
previous question). The point halfway between the 
walls of the box is the best spot to put any 
dampening material. 

 ∴∴∴∴ A (ANS) 
 

 
Question 913   (2007 Q7, 69%) 
The flat response gives the truest replication from 
the microphone(fidelity). For fidelity of reproduction 
you need the flattest curve possible. The curve is 
very flat between 200Hz and 3000Hz. This region 
corresponds to the majority range of the human 
voice. 

 ∴∴∴∴ C and D  (ANS) 
 

 
Question 914   (2008 Q1, 87%) 
The physical property of the electret-condenser 
microphone is capacitance 
The physical property of the crystal microphone is 
the piezo-electric effect 
The physical property of the dynamic microphone is 
electromagnetic induction. 

 ∴∴∴∴ B (ANS) 
 

 
Question 915   (2009 Q1, 86%) 
This definition should be on your formula sheet. 

 ∴∴∴∴ B (ANS) 
 

 
Question 916   (2010 Q9, 73%) 
The flatter the line, the better the fidelity. The line is 
flat between 200 and 2000 Hz 

 ∴∴∴∴ B (ANS) 

 
Question 917   (2010 Q10, 82%) 
The low frequency sound is first, therefore the 
graph is either A or B. 
The microphone responds much better to a 3000 
Hz sound than a 1000 Hz sound. Therefore, the 
oscilloscope display must show a much larger 
response for 3000 Hz  
 
The expected answer was option B; however, since 
it may not have been clear that the oscilloscope 
was connected to the microphone rather than to the 
variable frequency sound source, option A was also 
accepted. 

∴∴∴∴ A or B (ANS) 
 

 
Question 918   (2010 Q11, 84%) 
The purpose of the baffle is to limit the interference 
between the pressure variations generated at the 
front of the cone with those generated at the back 
of the cone. 

∴∴∴∴ A (ANS) 
 
The Vicphysics website says that B was also 
accepted, but the examiner’s report doesn’t.  
 

 
Question 919   (2011 Q10, 73%) 
From your definitions of microphones and 
speakers. 

∴∴∴∴D (ANS) 
 

 
Question 920   (2011 Q12, 84%) 
The purpose of the baffle is to reduce the 
interference between waves from the rear and front 
of the speaker. 

∴∴∴∴C (ANS) 
 

 
Question 921 
The person at B should be able to hear all 
frequencies, but the people at A and C will only 
here the lower frequencies, because the higher 
frequencies won't diffract enough to be heard. 

If v = fλ and v = 320 m/s, and f = 400 Hz. 

Then  λ = 320 ÷ 400 
 = 080 m  

So λ

w
 = 0.80

0.80
 = 1 

The amount of diffraction (bending) is given by the 

value of the ratio λ

w
 where w is either the width of 

the object or the width of the opening.  If the ratio 

λ

w
 = 1, then it is complete diffraction, i.e. bending 

through 180
0
.  When λ

w
 = 1, the door opening is 



actually acting like a point source and so the waves 

spread out in all directions.  This occurs when λ is 
greater than 0.8, which is when the frequency is 
less than 400Hz. 

 ∴∴∴∴ A (ANS) 
 

 
Question 922 
The sound will diffract at the sound barrier. Since 

the amount of diffraction is given by λ

d
, and as ‘d’ 

is fixed the diffraction depends on λ. 

∴ the larger λ, the more diffraction.  

 Large λ → lower frequency.  
This means that the long wavelength sounds will 
diffract more at the barrier, and so they will be 
heard louder on the other side of the barrier.  
 
This means that the barrier is more effective at 
reducing the noise from the short wavelength (i.e. 
high frequency) sounds. 

 ∴∴∴∴ A and D (ANS) 
 

 
Question 923 
Dan is able to tell the direction from where to sound 
is coming if the sound intensity at one ear is 
different from the sound intensity at the other ear. 
The head is acting as an object that the sound has 
to diffract around.  
 
With the high frequencies, (wavelength ~ 10 cm) 

then the ratio of λ

d
 = 10

20
 which is less than 1, so 

there is not a lot of diffraction, 
 
With the low frequencies, (wavelength ~ 5 m) then 

the ratio of λ

d
 = 500

20
 which is much greater than 

1, so there is complete diffraction, This means that 
there is complete bending of the wave and so both 
ears will receive the same strength of signal. This 
will make it very difficult to tell where the sound is 
coming from. The short wavelengths (coming from 
the horn) will not diffract much (at the horn) so they 
will tend to be directional. 

 ∴∴∴∴ A, B and D (ANS) 
 

 
Question 924   (2007 Q9, 69%) 
To reach the point Y, the sound will need to diffract. 
The amount of diffraction depends upon the 
wavelength of the sound compared with the width 
of the stage opening (w) 

This is expressed as the ratio 
λ

w
 

The higher frequencies with their smaller 
wavelengths don’t diffract as much and so will 
sound softer at the point Y. The low frequencies 

(long wavelengths) diffract well so the 200 Hz level 
will be similar at both Y and Z 

 ∴∴∴∴ A and B (ANS) 
For me, this is quite a confusing way of expressing 
the answer. I think that the answer should be A and 
B 
 

 
Question 925             (2008 Q12, 61%) 
The gap on the stage is approximately 3.0m, sound 
with of more than 100 Hz will not diffract as much 
as those below this value. This means that the 
outer edges of the first few rows will not hear the 
sound at the same level as those people sitting 
towards the middle of the room. Thus the sound will 
be distorted for the people in the outer edges of the 
first few rows due to diffraction the lower 
frequencies will be louder to these people 
compared to the higher frequencies. 

 ∴∴∴∴ B (ANS) 
 
Question 926             (2008 Q13, 40%) 
The sound will reflect off the walls in many different 
directions and this will lead to many paths for the 
sound to reach people from the one speaker. This 
will then lead to interference in some parts of the 
theatre. 

 ∴∴∴∴ D (ANS) 
 

 
Question 927   (2009 Q7, 74%) 

The diffraction is expressed as the ratio 
λ

d
 

Since the width of the door is fixed, the lower 
frequencies (longer wavelengths) will diffract more, 
so they will be louder 

 ∴∴∴∴ C (ANS) 
 

 
Question 928   (2010 Q12, 79%) 

The diffraction is expressed as the ratio 
λ

d
 

Since the width of the screen is fixed, the lower 
frequencies (longer wavelengths) will diffract more, 
so the screen will not block them as much as the 
high frequencies. Therefore the fidelity will drop 
because the high frequencies will be missing 
somewhat. 

 ∴∴∴∴ D (ANS) 

 

 
Question 929   (2011 Q9, 40%) 
This is a diffraction question. Since the diffraction is 

λ

w
∝ , the smaller the width of the speakers, the 

more the diffraction. 

∴∴∴∴A (ANS) 
 

 



Question 930   (2011 Q11, 85%) 
The low frequency sounds diffract more than the 
high frequency sounds, so they are louder. Low 
frequency sounds have the longer wavelengths. 

∴∴∴∴A (ANS) 
 

 


