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Introduction

·Iõm going to assume here that you know 
what an FFT is and what you might use it 
for.

·So my intent is to show you how to 
implement FFTs in Matlab

·In practice, it is trivial to calculate an FFT 
in Matlab, but takes a bit of practice to 
use it appropriately

·This is the same in every tool Iõve ever 
used



FFTs of Functions

·We can sample a function and then take 

the FFT to see the function in the 

frequency domain

·Of course, we must sample often enough 

to avoid losing content

·The script on the following page samples 

a sine wave



Sampling a sine wave

fo = 4; %frequency of the sine wave 

Fs = 100; %sampling rate 

Ts = 1/Fs; %sampling time interval 

t = 0:Ts:1 -Ts; 

n = length(t); %number of samples 

y = 2*sin(2*pi* fo*t); 

plot( t,y ) 

YfreqDomain = fft (y);

stem(abs( YfreqDomain )); 

axis([0,100,0,120])

www.blinkdagger.com
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Correlating x-axis with frequencies

·The previous plot just uses the element 

number as the row axis.

·In reality, each data point represents a 

frequency.

·These frequencies are calculated from the 

sampling rate

·The routine on the next page puts this 

together. 

ƁSend a dataset and sampling rate



A Useful Function

function [ X,freq ]= positiveFFT (x,Fs) 

N=length(x); 

k=0:N -1; 

T=N/Fs; 

freq=k/T; %create the frequency range 

X= fft (x)/N; % normalize the data

cutOff = ceil(N/2); 

X = X(1:cutOff); 

freq = freq(1:cutOff);



Key Calling Statements

fo = 4; %frequency of the sine wave 

Fs = 100; %sampling rate 

Ts = 1/Fs; %sampling time interval 

t = 0:Ts:1 -Ts; 

n = length(t); %number of samples 

y = 2*sin(2*pi* fo*t); 

[ YfreqD,freqRng ] = positiveFFT (y,Fs);

stem( freqRng,abs(YfreqD ));



New Plot
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Using the positiveFFT function



FFT of Imported Data

·We can read in sampled data and a 

sample rate and then take an FFT

·The file touchtone.mat contains a 

ringtone waveform for an 11 digit phone 

number (from Moler text)

·The commands to create a vector 

appropriate for sampling are on the next 

slide



Script for first number dialed

load touchtone

Fs=y.fs

n = length(y.sig);     % number of samples

t = (0:n -1)/y.fs;   % Time for entire signal

y = double(y.sig)/128;

t=t(1:8000) % take first 8,000 samples

y=y(1:8000)

plot( t,y )



Time Signal
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Output Spectrum

0 500 1000 1500 2000 2500 3000 3500 4000 4500
0

0.01

0.02

0.03

0.04

0.05

0.06

0.07

Freq (Hz)

A
m

p
lit

u
d
e
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What number was dialed?

·To figure out which number was dialed, 

look at this grid


