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function OneD_signal _Filter_Ex

% This programwas witten to serve as an introductory tutorial on

mat | ab

% and signal processing. Some of the functions covered in the

tutorial are

%fft & ifft, xcorr and audio capture. Here 1D cross correlation

(xcorr) is

% used to aling in time various recordings. The fast Fourier transform

and

%its inverse, fft & ifft repsectively, are used to switch signals in

and

% out of the tine and frequency donains. The effects of quantization

[ evel

% and ideal filters (rect function in the frequecny donain) are also

% explored in this tutorial on both recorded audi o data and a dirac

delta

% function (inpulse).

%
%*************************************************************************
% | nputs: none

%
%*************************************************************************
% Qut puts: none

%
%*************************************************************************
% Witten by:

% Caneron Rodri guez

% Copyri ght © Cameron Rodriguez 2016

% cdrodri guez@. ucl a. edu

% Last Modified 2016/ 10/ 18

%
%*************************************************************************
%

% see al so: audiorecorder, play, fft, ifft, xcorr,

%

%\'*************************************************************************




Lets Get Some Data

% Di splay the nane of the input device to be used
i nfo = audi odevi nf o;
di sp(i nfo.input(1). Nane)

% Recordi ng paraneters
recLenght = 5; % Recording | enght in Sec
Fsanpl e = 8000; % Sanpl ei ng Frequency

% Set up recording objects for 8, 16, & 24 bit depths

% reate a Recording Object with a Fsanple of 8kHz and a 8 bit
dept h

recCbj 08 = audi orecorder(Fsanple, 8,1,info.input(1l).1D);

% reate a Recording Object with a Fsanple of 8kHz and a 16 bit
dept h

recCbj 16 = audi orecorder (Fsanpl e, 16, 1,info.input(1).1D);

% reate a Recording Object with a Fsanple of 8kHz and a 24 bit
dept h

recCbj 24 = audi orecorder (Fsanpl e, 24, 1,info.input(1).1D);

% Record the audio at various bit depths sinultaineously
di sp(' Start speaking') % display "Start speaking” in the conmand
wi ndow
% Start the Recordings
record(recObj 08); record(recObj16); record(recOhj24);
% Wait for the recording to finish
pause(recLenght);
% St op the Recordi ngs
stop(rechj 08); stop(recOhj16); stop(recChj24);
di sp(' Recordi ng Conplete') % "Recordi ng Conplete" in the conmand
wi ndow

% Wait 2 Second before begining play back of the recordings
pause(2);

% play the 8b it recording
pl ay(recObj 08); pause(recLenght);

% Wait 1 Sec
pause(1);

% play the 16 bit recording
pl ay(recObj 16); pause(recLenght);

% Wait 1 Sec
pause(1);

% play the 24 bit recording
pl ay(recObj 24); pause(recLenght);

Built-in Mcroph (Core Audi0)
Start speaking




Recordi ng Conpl ete

Look at the data

% Pull the audio data out of the recording object
si g08 = get audi odat a(recChj 08);
si glé = getaudi odat a(recChj 16);
si g24 = get audi odat a(recChj 24);

% Align The Recordings all to the 8 bit recording

% Cal cul ate the Cross Correlation 8 bit bit & 16 recordings
[ C16, Lags16] = xcorr(sig08,sigl6); % Cross Correlation
[~, i] = max(Cl6); % Find the index (i) of the max correlation
Shift16 = numel (sigl6)-i; % adjust the index by the # of points
(nunel)
%in the second signal. The nunel in
t he
% correlation is equal to
% nurel (sigl) + nunel (sigl) -1

% Di splay the Cross Correlation 8 bit & 16 bit recordings
figure
pl ot (Lags16, Cl6, "k', 'linewidth', 1)
x| abel (' Lag', 'FontSize', 18, 'FontNane', 'Tines New Roman')
yl abel (' Correl ation Coeff', 'FontSize', 18,
'Font Nane', 'Tines New Roman')
title('Cross Correlation of 8 bit and 16 bit recordings',
'"Font Si ze', 18, 'FontNane', 'Tines New Roman')

% Cal cul ate the Cross Correlation 8 bit bit & 16 recordings
[ C24, Lags24] = xcorr(sig08,sig24);
[~ i] = max(C24);
Shift24 = nunel (sig24)-i;

% Di splay the Cross Correlation 8 bit & 24 bit recordings
figure
pl ot (Lags24,C24, "k', 'linewidth', 1)
x| abel (' Lag', 'FontSize', 18, 'FontNane', 'Tines New Roman')
yl abel (' Correl ation Coeff', 'FontSize', 18,
'Font Nane', 'Tines New Roman')
title('Cross Correlation of 8 bit and 24 bit recordings',
'"Font Si ze', 18, 'FontNane', 'Tines New Roman')

% Plot the 3 aligned signals
figure
hol d on
pl ot (- Shi ft24+1: (nunel (sig24)-Shift24),
sig24, '"k', 'linewidth', 2)
pl ot (- Shift16+1: (nunel (sigl6)-Shiftl6),
sigle, '"b', 'linewidth', 2)
plot(sig08, 'r', "linewdth' , 2)
hol d of f




Correlation Coeff

x|l abel (' Sec', 'FontSize', 18, 'FontNane', 'Tines New Roman')
legend(' 24 bit', "16 bit', ' 8 bhit")

set(gca, 'FontSize', 18, 'FontNane', 'Tines New Ronan')
set(gca, ' xtick', Fsample/2:Fsanpl e/ 2: nunel (si g08))
set(gca, ' xticklabel', 0.5:0.5:round(nunel (sig08)/Fsanple))
xlim([1, nunmel (sig08)])

Cross Correlation of 8 bit and 16 bit recordings

Lag x10*




Cross Correlation of 8 bit and 24 bit recordings
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Let's look at the spectrum of the 8 bit Record-
Ing
% Take the FFT of the 8 bit signal
SIG08 = fft(sig08);

% Create Correspondi ng Frequencies to plot against
f1 = Fsanpl e*linspace(0, 1, round(nunel (abs(SI X08)))); % O0-Fs
f2 = Fsanpl e*l i nspace(-0.5,0.5, round(nunel (abs(SI08)))); %
Fs/ 2:Fs/ 2

% Di spl ay the magni tude Spectrum of the 8 bit recording
figure
subplot(2,1,1) %O0-Fs
pl ot (f1, abs(SI (08))
subplot(2,1,2) %-Fs/2-Fs/?2
plot(f2,fftshift(abs(Sl Q08)))
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Let's LPF the 8 bit Recording

% Apply an "ideal" |ow pass filter to the data
fcut = 2000;
S| Q8LPF =S| (08;
SI GQO8LPF((abs(f1l) > fcut) & (abs(f1l) < (Fsanple - fcut)) ) = 0;




% Di spl ay the magni tude Spectrum of the LPF 8 bit recording
figure
subplot (2,1, 1)
pl ot (f1, abs(SI GOBLPF))
subpl ot (2,1, 2)
plot(f2,fftshift(abs(SlI Q8LPF)))

% Take the inverse FFT of the LPF data
Si gOBLPF = real (i fft(SI Q8LPF));

% Di splay the tine series of the raw and | pf 8 bit recordings

figure
subplot (2,1, 1)
hol d on
plot(sig08, "k', '"linewidth , 2)
pl ot (si gO8LPF, "b', 'linewidth , 2)
hol d of f
subpl ot (2,1, 2)
pl ot (sig08 - sigO8LPF, 'r', '"linewidth , 2)

% Covert the LPF filtered data back into and audi o obj ect
recObj O8LPF = audi opl ayer (si gO8LPF, Fsanple);

% Play the 8 bit audi o object again
pl ay(recObj 08); pause(recLenght);

% Wait 1 second
pause(1);

% Play the 8 bit LPF audi o object
pl ay(recObj 08LPF); pause(recLenght);
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Let's look at the spectrum of the 24 bit Record-
Ing
% Take the FFT of the 24 bit signal

SI&4 = fft(sig24);

% Create Correspondi ng Frequencies to plot against
f3 Fsampl e*l i nspace(0, 1, round( nurel (abs(SIG4))));
fa Fsampl e*l i nspace(-0.5, 0.5, round(nunel (abs(SIG4))));

% Di spl ay the magni tude Spectrum of the 8 bit recording
figure
subplot(2,1,1) %O0-Fs
pl ot (f 3, abs(SI &(24))
subplot(2,1,2) %-Fs/2:Fs/2
plot(f4,fftshift(abs(Sl &4)))
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Let's LPF the 24 bit Recording

% Apply an "ideal" |ow pass filter to the data
fcut = 2000;
S| @4LPF =Sl &R4;
SI @4LPF((abs(f3) > fcut) & (abs(f3) < (Fsanple - fcut)) ) = 0;




% Di spl ay the magni tude Spectrum of the LPF 24 bit recording
figure
subplot (2,1, 1)
pl ot (f 3, abs( SI &4LPF))
subpl ot (2,1, 2)
pl ot (f4,fftshift(abs(SI Q4LPF)))

% Take the inverse FFT of the LPF data
Si g24LPF = real (i fft (Sl Q4LPF));

% Di splay the tine series of the raw and | pf 24 bit recordings

figure
subplot (2,1, 1)
hol d on
plot(sig24, "k', '"linewidth , 2)
pl ot (si g24LPF, 'b', 'linewidth, 2)
hol d of f
subpl ot (2,1, 2)
pl ot (sig24 - sig24LPF, 'r', 'linewidth , 2)

% Covert the LPF filtered data back into and audi o obj ect
recOoj 24LPF = audi opl ayer (si g24LPF, Fsanple);

% Play the 24 bit audi o object again
pl ay(recQbj 24); pause(recLenght);

% Wait 1 second
pause(1);

% Play the 24 bit LPF audi o object
pl ay(recObj 24LPF); pause(recLenght);
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Let's Look At A Spike

% Create a tinme series with a spike at t=0
spi ke = zeros(size(sig08));
spi ke(1) = 1;

% Take the FFT of the spike (inpluse) tinme series
SPIKE = fft(spike);

% Di spl ay the magni tude Spectrum of the inpluse data
figure
subplot (2,1,1) %O0-Fs
pl ot (f1, abs(SPI KE))
subplot(2,1,2) %-Fs/2:Fs/2
plot(f2,fftshift(abs(SPIKE)))
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Let's LPF the Spike / Impulse Recording

% Apply an "ideal" |ow pass filter to the data
fcut = 2000;
SPI KELPF = SPI KE;
SPI KELPF((abs(f1) > fcut) & (abs(f1l) < (Fsanple - fcut)) ) = 0;

% Di spl ay the magni tude Spectrum of the LPF inpuse recording
figure
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subplot (2,1, 1)

pl ot (f 1, abs( SPI KELPF))
subpl ot (2,1, 2)

plot (f2,fftshift(abs(SPlIKELPF)))

% Take the inverse FFT of the LPF data
spi keLPF = real (i fft(SPlI KELPF));

% Di splay the tine series of the raw and | pf spi ke recordings

figure
subplot (2,1, 1)
hol d on
pl ot (spi ke, "k', '"linewidth , 2)
pl ot (spi keLPF, "b', 'linewi dth , 2)
hol d of f

subplot(2,1,2) %Difference
pl ot ( spi ke-spi keLPF, '

r', 'linewidth, 2)
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