EXPERIMENT 3 PHYSICS 250
SOUND AND FOURIER ANALYSIS

Apparatus:
Good quality microphones
BNC to microphone connectors
Various sources of sound

Introduction

In Physics 150 we studied a number of ways to analyzeimgeal data. Such methods
included curve fitting and finding standard deviations of dets. sIn this week’s lab, we will learn
about a very powerful method of analyzing oscillatogyals, such as sound waves. This method
is called “Fourier Analysis.” Although our application s to sound waves, there are many other
applications to Fourier Analysis that you will learnyasi continue your study of physics.

Since you are probably unacquainted with Fourier Arglyse will begin by explaining what
it is. As you have learned, we can use a Taylorsési@xpand any function in terms of a power
series. For example, the hyperbolic tangent cangresented as:
1 2 17
tanh x = x-= 3+ — x*- &
3% 15 % 31 ”
Similarly, we can express functions in terms of otl@Ttables, such as s and cos(x):

tanh(x) = 1.779366-0.101041sin(x) - 0.164288cogx)-0.115860sin(2x)-

0.085819c0$2x)- 0.097119sin(3x)-0.0428174c0%3X)- ...

Any set of functions that can be used for the expandian arbitrary function is called a “basis set.”
For a general function of we may write:

f(t) = Ao+ Au COS(ant) + By SiN(ant) + Ao COS(2 pt) +

B, sSiN(2apt) + A; COS(Snt) + Bs SIN(Bant) +...
Herew, is an arbitrary angular frequency used in the asalys terms of waves, this tells us that any
wave can be made out of a linear superposition of sineasnte waves. Notice that if the function
looks much like sin(@ot), thenB, will be large; if it looks very little like sin(2y t), thenB, will be
small. Thus the coefficients tell us how much eanh er cosine wave contributes to the overall
wave, or equivalently, how much of the overall wavedags/en angular frequenayp,. We refer
to this process as transforming the wave from tmee‘tlomain” to the “frequency domain.”

A simple Fourier analysis does nothing more than firel dbefficients of simwt) and
cosfiwot) in expansions such as the one above. Notice thhaisitransformation, the only allowed
frequencies areyo, 2wo, 3wo, €tc. It is also possible to consider a differemsioa of the Fourier
transformation that will allow us to break down thevevanto a continuous range of angular
frequencies. If you are interested in the mathugesthe expansion above and (1) replace a sum over
discrete angular frequencies with an integral over coatia angular frequencies, and (2) combine
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the sine and cosine functions into a complex expuade The equations are:
(= [". F(@) & do,Fw)=]" 10 e dt.
T

ThusF(w) takes the place of tieeandB coefficients in the expansion above. Also noté $irace
F(w) is a complex function, we generally plot the magpe ofF on the screen.

For the purposes of this lab you do not need tcerstdnd the details of how a Fourier
transformation is performed. You can treat therfeodransform VIs as “black boxes” - they are
complex machines that take an input signal andigeoyou with an array of the amplitudes of the
different frequency components of that signal. @&rse the input signal is a sampled signel (ve
only have values at discrete times) the outpuyamihnot be a continuous function of frequency bu
will be the amplitudes at discrete frequencies #hatrelated to the time interval between the sasnpl
in the input data.

In this exercise it is important to remember whai fearned in the last experiment about the
importance of choosing a correct sample rate far gata. If you do not remember the concept of
a Nyquist minimum sampling frequency you shouldbatdy go back and review some of the
materials from Experiment #2.

Objective: To learn how to use Fourier transforms to analeefrequency spectra of sounds.
Procedure:
A. LabVIEW — analysis

LabVIEW has a fairly extensive array of tools aadli¢ for the analysis and manipulation of
data once it has been acquired. In previous labswve studied how to acquire the data. In this
lab we will look at some of the available analysisls. Chapter 10 in the book “Learning with
LabVIEW” (found attached to the computer table) esvmany of these tools. You should work
through sections 10.2 (Curve Fitting), 10.8 (SigBaineration), and 10.9 (Signal Processing -
Section 10.9.3 on Filtering is optional). In thessetions any reference to a directory such as
“Examples\Analysis\regressn.llb” will be found ohet hard disk by prefixing “C:\Program
Files\National Instruments\Labview\” to it. You wid also replace the “LabVIEW’ with
“C:\Program Files\National Instruments\Labview"any directory that begins with “LabVIEW.”
When they refer to the “Learning” directory you sliblook in “C:\Phys150-250\Learning” for those
fles. The “LabVIEW Quick Reference Guide and @ettStarted with LabVIEW” books should be
available in the lab for your reference.

B. Fourier Analysis of Mathematical Functions

Open the program FOURF by clicking on the icon.hftis program, you will create and
analyze waves. You may find it helpful to use tregmfying glass to zoom in on the data. After
doing this, however, you may not be able to redfogec-axis to its original scale. If this is a lpem,
you may adjust the scale by clicking on the finstnber and setting it to 0, and on the last number
and setting it to 12. If you have problems, you mayt to just exit and reopen the program.
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1. Leave the settings for Waves #2 and #3 on zeraisfd@gttings for Wave #1. Click on the
white “start” arrow to the upper left of the scre®ote that the wave and its Fourier
transform both appear in graphs. Explain how eawbtbkaffects the wave and its
transform.

2. You may adjust all the knobs to create the surhrettwaves. Explain what the waves and
Fourier transforms are doing as you change thewsuparameters.

C. Fourier Analysis of Signals

In order to analyze a signal you will need to baildabVIEW VI which will acquire a signal
from a microphone, calculate the Fourier transfaang graph the results. The front panel really
doesn’t need to have anything on it but the grdphe for the input signal and one for the Fourier
analysis of that signal). The acquisition of anaigwill involve a single VI: a single channel,
multipoint acquisition. This VI can be found indEx Acquisition” -> “Analog Input” -> “Al Acquire
Waveform.vi” (be careful that you don’t get the doemultiple waveforms). You will need to set
the “hi limit” and “lo limit” values to somethindhat is appropriate to a microphone signal (abadut .0
and -.01 respectively - these may need to be adjulsyou find that your signals are clipped). The
sample rate must be chosen according to the maximquency you will want to observe - the
sample rate must be twice the maximum frequencywsh to see. For example, if | wanted to
measure frequencies up to 5 kHz, | would need maplmat least 10,000 samples/second. You
should take enough samples to cover several seafmglgnal. The device number should be
specified as 1. The channel number specifiesritil®g input number you wish to use for your input
signal. Remember that you must specify channeif4@Su wish to use analog input number 1 on the
interface boxes.

NOTE: You may use channels defined in the DAQ Channebwiiso that they can be referred to
by name rather than device and input number. Ufdo use those channels be sure that you define
the channel to have limits of -.01 to .01 voltslsat you have adequate resolution on the signal fro
the microphone.

The Fourier analysis VI that is most reasonabletliee application actually calculates the
power spectrum rather than just the Fourier transfoThe power spectrum is the square of the
magnitude of the Fourier transform so you don’tehyworry about complex values that normally
result from a Fourier analysis. This VI is foumd“Signal Processing” -> “Spectral Analysis” ->
“Power Spectrum.vi’. This VI takes as an inputaairay of evenly spaced values or a waveform
(such as the waveform that comes from the Inputéféemxn VI) and gives as an output an array of
evenly spaced values where the spacing betweeralines is the sampling rate for the input signal
divided by the number of points in the input arrdyor instance, if the input array was acquired at
a rate of 1000 samples/second (a time spacingd0fldseconds), and 1000 points were taken the
spacing of the values on the output will be 1 IRemember that the input to this VI is a function of
time and the output is a function of frequency.

A feature of the Fourier transform that can cawseesconfusion is that the output includes

the amplitude for both “positive frequencies” (retfirst half of the array) and “negative frequesti
(in the second half of the array). This usualuies in a graph that appears to be mirrored atheut

3-3



center. The left half represents the “positivejiiencies” starting with DC and going up to one half
of the sampling frequency. The right half of tlegh represents the “negative frequencies” with the
frequency nearest zero being at the far right drthed graph. For the example in the previous
paragraph (1000 samples/second with 1000 poirgsirolurier transform will contain 1000 points.
The first 501 points will correspond to the fregcies 0 to 500 Hz and the next 499 points will
correspond to the frequencies -499 to -1 Hz. kompoirposes we need consider only the “positive
frequencies.”

If you would like to read more about how the Foutiansform works you may want to look
at the documentation on the Fourier Transforméndhline help available with LabVIEW.

In order to have graphs with “nice” x-axis valuesuywill need to create a “cluster” of
information to pass to the graph as describedapten 7 of “Learning with LabVIEW.” To review,
a “cluster” is a collection of more than one typelata (similar to a “structure” in most programgnin
languages). You can create a bundle using thedBufunction (“Cluster” -> “Bundle”) where the
contents of the bundle are described in the ohlete for the graph (put the cursor over the graph
terminal on the wiring diagram and press “contr)-HYou should expand the bundle to have 3
elements with the top element being the initialiggf‘0.0”), the second element being the increment
between x values (“1/Sample Rate” for a graph efdhta and “Sampling Rate/Total Number of
Points” for a graph of the Fourier Transform) ahe third element being the array of y values. If
you have a “waveform” type of data such as thatipced by the “Al Acquire Waveform” VI you
do not need to set the x-axis values since thatmdtion is contained within the waveform data type
and the graph will automatically receive the neamssgiformation to fix the axesYou should also
change the values on both axes of both graphst(iwgueform and Fourier transform) to be shown
in scientific notation with at least 3 digits ofggision (you do this by placing the cursor on ohe o
the numbers on the axis, right-clicking, and setectFormatting”).

Once you have created your VI you should look aéise sounds:

1. Plug the microphone into the Analog Input on theriiace box that you specified when you
created your VI. Be sure the interface box isedran.

2. Make a sound and then click on the start arrowy tdrkeep the sound somewhat constant
for the duration of the sample period.

3. Describe the information contained in the wave isttansform.

If you have time try several different sounds. WIeu are looking at speech sounds the
“cleanest” are generally sung vowel sounds. Yautcadifferent vowels or different people with
the same vowel. Remember that the Fourier analyisenly be meaningful if the same sound is held
throughout the entire sampling time (as nearlyassible).



