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How to Start MATLAB

* Login to UNIX prompt

e type
matlab



Implementation 1 - non-vectorized, ala C or FORTRAN

N
a
w

ph

X:
f or

end

100

[1 1/sqrt(2) O0.5];
[1 2 3]*.051*2*pi;

= [0 0 O];

zeros(N, 1);

n = 0:N1

for

end

k = 1:3

x(n+l)

= x(n+1l) + a(k)*sin(wk)*n + phi(k));




Plotting and Comparison
e plot(0:N-1,[x x1])
e norm(x-x1)
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How did we do that?
sin(n *w + phi(ones(1,N,:))*a’

edash ' is the (conjugate) transpose of a matrix

*Quter-product n’*w is N-by-3 matrix - think of it as a weighted replication
of row w with elements of n as weights

*Replicated row phi into matrix [phi; phi; ... phi] using : indexing notation

*Sum and sine are element-wise operations

Matrix Multiplication is a linear combination of column vectors

wl*0 + phil w2*0 + phi 2 w3*0 + phi 3
wl*1l + phil w2*1 + phi 2 w3*1 + phi 3
wl*2 + phil wW2*2 + phi 2 w3*2 + phi 3
wl*3 + phil wW2*3 + phi 2 w3*3 + phi 3
x[n] = sin : : . * g’

wl* (N-2) +phi 1 w2*(N- 2) +phi 2 w3* (N- 2) +phi 3
wl* (N-1) +phi 1 w2*(N-1) +phi 2 w3* (N- 1) +phi 3




% SOS Wei ghted sum of sinusoi ds

% | nput s:

% N - length of sequence

% a - vector of anplitudes

% w - vector of frequencies (in radians)
% phi - vector of phases

% Uses | nplenentation 1 (non vectorized)

for n = 0:N-1

x(n+l) = O;
for k = 1:3

x(n+l) = x(n+l) + a(k)*cos(wWk)*n + phi(k));
end

end



e help for the function is everything after the ‘function’ line
that starts with % (the comment character), up to the first line
that is not a comment.

 To get help on our function, (or ANY function in MATLAB),
type ‘help sos.m’

* |nput and output arguments
function x = sos(N, a, w, phi)

 This line defines N, a, w and phi as input arguments, and x as
output argument

« These arguments are local to the function sos

« We can have a variable of the same name in the calling
workspace

e Don’t exist before or after function execution



% a - vector of anplitudes

% w - vector of frequencies (in radi ans)
% phi - vector of phases

% Uses | nplenentation 2 (vectorized)

n = 0:N1;
x1 = cos(n’ *w + phi(ones(1,N),:))*a’;



>> tic, for 1=1:100, x1=so0s1(N, a,w phi); end, tl=toc
tl =

0.11287
>> t/tl
ans =

21. 605

FACTOR OF 20 SPEED INCREASE BY USING VECTORIZATION



o x=rand(m,n) creates m-by-n matrix of independent, uniformly
distributed real numbers on interval [0,1]

 x=randn(m,n) creates m-by-n matrix of independent, Normally
distributed real numbers with mean 0 and variance 1

rand and randn have internal states that determine the numbers
produced. This state is initialized when you start MATLAB, and
you can reset it at will. Example:

>> rand(1, 3)
ans =
0. 95013 0.23114 0. 60684
>> rand(' state', 0)
>> rand(1, 3)
ans =
0. 95013 0.23114 0. 60684



Signal Processing in MATLAB Course
February 1998

More on Noise

Note that the random number generators have been improved in
MATLAB 5. The old random number generators are still present
and are activated by the command rand(‘seed’,0). Itis
recommended that you remove any references to ‘seed’ from all
your old MATLAB code so that you can use the improved
generators.

Example: More about these functions later!
« High frequency noise
h = renmez(40,[0 .4 .6 1],[@ 0 1 1]);
noi se = 5*randn(2*N, 1) ;
noi se = filter(h, 1, noise);
noi se = noi se(end-N+1:end); % make it length N

f

Note use of MATLAB 5 feature “end”



The signal

Is completely
buried!
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“Exponential Smoothing”
where present sample is
forced to be similar to
previous sample

y[n] = 0.9*y[n-1] + 0.1*x[Nn]
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y = filter(.1,[1 -.9],%x); %exponential snoothing IIR

FI LTER One-di nensional digital filter.
Y = FILTER(B, A, X) filters the data in vector X with the
filter described by vectors A and B to create the filtered
data Y. The filter is a "Direct Form Il Transposed"
I npl enmentation of the standard difference equation:

a(1)*y(n) = b(1)*x(n) + b(2)*x(n-1) + ... + b(nb+1)*x(n-nb)
- a(2)*y(n-1) - ... - a(na+l)*y(n-na)



zpl ane([],z.")

Computes Z-transform at
evenly-spaced points
around the unit circle
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zpl ane([],z.")

Domain is a spiral or
“chirp” in the Z-plane
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computation.

Timing Example

>> x=r andn( 2027, 1) ;
>> tic, fft(x); toc
el apsed_tine =

0. 18934
>> tic, czt(x); toc
el apsed_tine =

0. 11305

% a prinme | ength sequence

Note: both fft and czt work column-wise on matrices - very useful



= exp(j *pi *f 1) :
= exp(-j*pl*(f2-f1)/(M1)), 0.998|
czt (b, MWA)./czt(a, M WA) :E,...
| i nspace(f1,f2, M;

0.992¢

0.99+

ot (f, abs(H))

0.988—

04 045 05 _ 055 06 065
Frequency

Efficiently computes frequency response in passband only

0.7




High-pass Finite
Impulse Response
equiripple filter
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Band-pass Infinite
Impulse Response
equiripple (elliptic)
filter

Magnitude Response (dB)
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Signal Processing Toolbox Overview -
Other Filter Design Techniques

* FIR
o Parks-McClellan (minimax) r emez
 Least Squaresfirls
« Windowed method firl, fir2
 Constrained Least Squaresfircls, firclsl
« Complex, nonlinear phase crenez

 Butterworth, Chebyshev Type | and II, Elliptic
butter, chebyl, cheby2, ellip

* Piecewise linear magnitude approx. yul ewal k

» Arbitrary Mag. & Phase i nvfreqz

» Generalized Butterworth (lowpass only) naxfl at



Welch’s method (overlapped modified periodograms) psd
Maximum entropy method (AR modeling) pnem

MUSIC (eigenanalysis based) pnusi c

Multitaper (discrete prolate spheroidal sequences) pntm

o Parametric Modeling - find AR or ARMA model for signal
« AR model via autocorrelation technique | pc

e ARMA prony
e [terative ARMA stnthb



er

Correlation functions xcorr, Xxcov
Hilbert transform hi | bert

Spectrogram specgram

Resampling resanpl e, upfirdn
Alternate Filtering schemes filtfilt,

ffefilt



e Syntax:
y = upfirdn(x, h,p,q)
« X and h can be arrays to implement BANKS of filters
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upfirdn Example: Compute spectrogram
over range of frequencies

|l oad ntl b

f = (200:5:1000); %frequencies in Hz

w = hamm ng( 256) ;

h = exp(-]*(0:255)" *f*2*pi/Fs); %DFT filter bank

s = upfirdn(nmlb,h,1, 100); % conpute DFT every 100 sanpl es
t = (0:100:1ength(ntlb)+256)/Fs; Magnitude of Spectrogram

|

1000

magesc(t,f,abs(s."')), axis Xxy

frequency (hertz)

2. 0.3 0.5
time (seconds)



 Non-double data containers - very useful for image and video
work

e uint§, int8
* Filter works on array inputs - filters each column



For a list of available functions, type hel p si gnal , hel p wavel et

Wavelets wavel et

Statistics stats

System Identification | dent
Communications conmm
Optimization opti m
Symbolic Math synbol i c
Control Systems cont r ol
Neural Networks nnet
Fuzzy Logic fuzzy

etc.



» solve(x"3+a) g— SOLVE EQUATION(S)

ans =
[ (-a)"(1/3)]
[ -1/2*(-a)™(1/3)-1/2*i*37(1/2)*(-a)™(1/3)]
[ -1/2*(-a)™(1/3)+1/2*i*37(1/2)*(-a)™(1/3)]
» int(exp(sqgrt(-1)*wx),
ans =
-ifarexp(1l/2*i *T*w) +i / a*exp(-1/2*i *T*w)
» y =sinplify(ans) g
y =

2*sin(1l/2*T*w) / w
»limt(y,w0) <a— TAKE LIMITS
ans =

T

-T/2, T/ 2)
~—— FOURIER TRANSFORM OF SQUARE PULSE

SIMPLIFY EXPRESSIONS



