
Sound Part 3: All That Noise

Is it suprising that the quality of the sound we have made using our microcontroller is inferior to that 
produced by a $2 greeting card?  In this exercise, we will explore sound and what we can do to change 
the quality of the sound we produce with our microcontroller.

Sound
What is sound anyway?  If a tree falls in the woods and nobody hears it---did it make a sound?  Ok, 
that's not really the question we will address here, but, before we can  improve the sound made by our 
microcontroller, we need to understand something about the characteristics of sound.

Sound is a wave.  Not a wave like this: 

But rather, a wave like this:

a longitudinal pressure wave that is detected by your ears.  The changes in pressure detected by our ears 
occur at regular time intervals that can be described as “periodic.”  A plot of pressure versus time could 
(for certain sounds) appear as a sine curve. The peak points of the sine curve correspond to 
compressions; the low points correspond to rarefactions; and the "zero points" correspond to the 
pressure which the air would have if there were no disturbance moving through it. 



Sound is make by movement because movement produces presure waves in the air.  When you tap your 
finger on a table, the vibration causes the table to shake a bit which sends vibrations out through the air 
around the table.  Most movement has associated vibration and vibration implies periodicity like the 
sinusodial sound wave pictured above.  Indeed, almost any sound can be produced by mixing together 
sound waves with different periodicity or frequency.  But wait---let's slow down a little.  

The sinusoidal sound wave depicted above is produced by something, maybe a guitar string, virbrating 
at  a specific frequency. Frequency is defined by the number of oscillations a sound wave produces per 
second.  If the time range of the graph above were one second, the the frequency of the above wave 
would be 5 cycles/sec.  Electrical engineers will quickly recognize the concept of "cycles per second" 
in a wave as being measured in hertz.  Using this ternimology, the frequency of the above wave is 5 
Hertz abrivated 5Hz.  

The frequency of a sound wave determines it's pitch which defines its musical note.  Try it out!  Using 
your Windows account (the plugin used by the applet is not supported on Linux), go to 
http://www.phys.unca.edu/demos/demos_sound.asp and play with the Sine Wave applet to experience 
the relationship between frequency and pitch.  Note that you can also adjust the amplitude of the 
sounds wave to change its volume.

Referring back to our work in Sound Part 2, what is the frequency of “c” and “C” in the program 
Melody?  These notes are said to be an Octave apart.  What is the meaning of the term Octave?

Timbre
The pitch of a sound is relatively easy to understand; it's simply controlled by the frequency of the 
sound, which is how many cycles the sound wave makes per second. Similarly, the volume of a sound 
is also pretty easy to understand. But there's a fundamental characteristic of sound that's perhaps more 
difficult to understand: Quite simply, it's what the sound actually sounds like. This has been given 
various names, including the "tone" of the sound (although "tone" is sometimes used as a synonym for 
"pitch"), or "quality" of the sound, but the technical term is the timbre of the sound.  

Timbre is what makes difference instruments sound differently when they play the same note.  It's the 
shape of the sound wave that makes all the difference. If you could see the sound waves formed by 
middle C on a piano and compare them with the sound waves made by middle C on a guitar, you'd see 
that although the two waves have the same frequency, the shape of the waves is different. The shape of 
the sound wave is what constitutes the timbre of the sound.  Again, you can see and hear this on http://
www.phys.unca.edu/demos/demos_sound.asp.   This time try the Wave Form applet to experience 
timbre. 

You can analyze sound waveforms using Fourier analysis. Although serious Fourier analysis is fairly 
involved mathematically, the basic idea is something like this: Any waveform which is not a  sine wave 
can be produced by imposing several sine waves on top of each other. If you produce a wave using an 
electronic oscillator, it's a sine wave at one frequency. If you produce a note of the same frequency with 
a guitar string, the resulting sound is not a simple sine wave,  its a more complex waveform. 
Nonetheless, this complex wave shape can be reproduced by mixing together several sine waves of 
different frequencies.  Again, try using the Fourier Synthesizer Applet at 
http://www.phys.unca.edu/demos/demos_sound.asp.   Try to creat a square wave and notice the effect 
of the high frequency sine waves.

In the program Melody, how did we create a square wave of a specific frequency and why is that the 
only wave form we could create?
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Better Sound
Recall for the previous exercise that we produce our melody by sending “square waves” of current at 5 
Volts to a speaker.  When we send electrical current through a speaker, it vibrates and creates sound. 
Given what you have now learned about sound and programming, how are we controlling pitch, 
amplitude, and timbre in the program Melody?  Be prepared to answer this question in a class 
discussion.

How can we improve the sound made with our microcontroller?  We could change all three 
characteristics of the sound waves we produce: the pitch, the amplitude, and the timbre, but, in this lab, 
we will work on the amplitude and timbre without intentionally changing the pitch.

Modifing Timbre
Visit http://www.phys.unca.edu/demos/demos_sound.asp again and note the difference between the 
timbre of a square wave and that of a sine wave.  Clearily, a sine wave is more pleasing to the ear.  But 
a digital device like our microcontroller can not really produce a smooth analog signal like a sine 
wave---in the world of digital devices, signal are either on or off.  Can you suggest a procedure we can 
use to change our square wave into a sine wave of the same frequency?  

Remember from the Fourier Analysis Applet at http://www.phys.unca.edu/demos/demos_sound.asp, 
that we can turn a sine wave into something approximating a square wave by combining it with higher 
frequency sine waves.  It follows then that if we remove the higher frequency components of a square 
wave we should be left with something close to a sine wave.  We will create a rather crude low-pass  
filter to remove these high frequency components.  And, we will use an oscilloscope to “see” the wave 
forms that we produce.  

A Low-Pass Filter 
The basic form of our low-pass filter is shown below.

Is the form of our low-pass filter familiar?  Can you imagine how it might work?

We will use a 100k potentiometer for the resistor labeled R and we will vary the capacitance (C). 
Good starting values for R and C are 0.1uF for the capacitor and a setting of around 10K Ohms on the 
potentiometer.  Your objective is to observe the effect that varying these 2 components has on the 
sound.  If the resistance is held constant, what effect does increasing the capacitance have on the 
sound?  If the capacitance is held constant, what effect does varing the resistance have?  Record the 
values of R and C that produce the optimal sound.
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Looking At The Wave Form
As you noticed, the amplitude of the sound was dimminished by our low-pass filter.  Larger resistors 
and capacitors probably resulted in waves that you could hardly hear.  The resistor and capacitor 
configuration reduced the output current going to the speaker.  None-the-less you can still see the 
output wave form using an oscilloscope.  Your instructor will show you how to setup this instrument. 
Clip the input lead of the oscilloscope to the output of the low-pass filter, the connection should be 
made just prior to the speaker.  Notice the shape of the wave form as you again vary the value of R 
(and optionally C).  Can you produce a sine wave?  How about a triangle or saw-tooth wave?

Increasing Amplitude
To enjoy the filtered sound wave we need to increase it's volume.  We can do that using an amplifier. 
Again, we will construct a rather crude amplifier with performance gliches that would be unacceptable 
in the real world of synthesized music.

Construct the amplifer circuit shown below on your bread board.  Arrange it so that the output of the 
low-pass filter is the input to the amplifer and the output of the amplifer goes to the speaker.  

The “triangle-shaped” component in the schematic above is an inverter.  An inverter changes a high 
signal (i.e., 5 Volts) into a low signal (i.e., 0 Volts), and a low signal into a high signal---it “inverts” its 
input signal to produce its output signal.  Our inverter is on a DIP chip called a CD4069UBE.  In order 
to use it, you must know the layout of the chip.  As shown below, we will use only 1 of the 6 inverters 
on the chip---inverter A.  Place the 4069 chip in your amplifer circuit using the chip layout below as a 
guide.  Ask your instructor for help if you are uncertain---this circuit is complicated relative to our 
previous efforts.
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Once you have created the circuit, try it out!  Did the volume of the sound wave increase?  Does it 
sound the same as the unamplified signal except louder?  

Now use the oscilloscope to look at the output wave form. Compare it to the input wave form (move 
the input to the oscilloscope).  Did the amplifier distort the wave?

Playing with the Amplifier
Let's modify the amplifier to study its characteristic.  Refering back to amplifier circuit above, the 
values of CI and CO are not critical.  The most important aspect of the amplifier is the value of Rf.  The 
gain---how much the circuit amplifies the incoming signal---is determined by the ratio Rf/RI.  So, if RI 
is 10 kOhms and you use a 100 kOhm resistor for Rf, the gain will be 10, which means that the input 
signal comes out 10 times larger.   [An aside about loudness.  A gain of 10 means the voltage amplitude 
of the signal is 10 times larger than before, but the that doesn't mean that it sounds 10 time louder.  Our 
ears have a logarithmic, rather than linear, response to loudness.  Then there is also the problem of 
cliping.... ]

Substitute a larger potenteometer (e.g., 1 megOhm) for the fixed feedback resistor Rf.  Investigate the 
wave forms that you can produce by varying the resistance.  Use both your ears and the oscilloscope to 
evaluate the wave forms.  

Reduce the size of the Rf potenteometer to around 100 kOhm if you are getting too much gain---this 
will appear as clipping.  Clipping is a wave form distortion that occurs when you attempt to increase 
the voltage or current beyond the maximum power capability of the amplifer or speaker.  The extra 
signal which is beyond the capability of the system is simply cut off, resulting in a distorted square 
wave type waveform.   Did you notice any clipping?

As a final experiment, replace both potenteometers, Rf and the one used in the low-pass filter, with 
photoresistors.  Because the 2 photoresistors are close together they should “track” each other in 
responding to light.  Vary the light hitting the photoresistors and observe the change in the output wave 
form.  

Be prepared to discuss all of your findings regarding the amplifer in class.


	Sound Part 3: All That Noise
	Sound
	Timbre
	Better Sound
	Modifing Timbre
	Increasing Amplitude


