7. Signal processing {E54L1E8

 Using audio data BF7—5D#ELA
« Fourier transform T —U T %A
« Noise reduction /- X{KRILIE



Using audio data BFE>F—45DELA
* audioread reads audio signals recorded in a file
audioreadEN CER J 7 1)L ZFHRMHAD

« sound plays audio signals
soundEE CEFREEZHETD

>> [f,freqgl=audioread(‘test.wav"') ;
>> size(f)

ans =
932591 2 930 thousand sample points in 2 (left & right) channels
>> freqg QBB BT IR aAD2F v IV
freq = 44100 sampling rage = 44100Hz (i.e., 44.1 thousand points per sec.)
>> xl=length (f)/freq H>TU>JL— b= 44100Hz (735, B8F441008%)
ans = 51 .147 length of the audio signal is about 21 sec. EFEESDRE (K217

>> x=linspace(0,x1,length(f)) ; 1

>> plot(x, f);

>> sound (f, freq) ; play the audio signal EFRESOB4Y%

>> sound(f,0.7*freq); play at a different rate 051
ERofzL— hNTOB4E

linspace (base, limit, n)
base&limitdDfdlz, FfiElfE TniEl(CX
UoZEBERZHED TRIT N ZIRT .
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% An example of a voice signal



Fourier transform (1/2) J—UIZE# (1/2)

« Fourier series expansion: A periodic signal can be represented as a
linear weighted sum of sinusoidal waves of different frequencies
g—')%%&i&lﬁ&ﬁ  FIEMES (&, BIRDREEEDIEZEOIRIEINE & U TR

CENTED.

f(x) = C%O + ;(ak cos kx + by, sin kz)
« Each weight in the linear sum is regarded as the component of the

frequency associated with the weight in the original signal
IRICAHIDREH L, TTDIEBSDEH CEET DEIRZDATD ERREND.

i

https://commons.wikimedia.org/wiki/File:Fourier_transform_time_and_frequency_domains_(small).gif




Fourier transform (2/2)

distribution of frequency components

J—UTIZ (2/2)

« A (periodic) signal can be represented by frequency components
« Generalizing this idea, Fourier transform represents a signal as

FO=[ faera

« The representation ?(5) in the frequency domain can be transformed
back to that f(x) in the temporal domain

f(z) = /_ F(e)emies e

f(z)
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Fourier transform (2/2) ZJ—UIZ (2/2)
(RHBM) (S FFRMRD TERI T ENTES
L COEREMRTBE, T—UTERHESEERBANOH T L TR
CT&ED . 00 .
FO=[ f@ertan

« The representation f(§) in the frequency domain can be transformed
back to that f(x) in the temporal domain

o FEREGEIEODOFRIRAE) (L, BRIEFHEOFRIR(X)ICERUTRI CENTED
f(z) = / f(e)emivde

2000

f(z)

b

| ERsEEEE BN Gl

1500 [

500




Computing frequency components

R E R D DETE

« ££t performs Fourier transform (algorithm: fast Fourier
transform) for an input signal

>> F=fft(£(:,1)) ; >> Fshift=fftshift (F) ;
>> fs=size (F) >> plot (xi,abs (Fshift))
ans =

X F is a vector, in which the zero-

932531 frequency component is at the
>> F(50000) | both ends, not at the center;
ans = 92.2299 + 1.26051 fftshift shift F so that the

>> df=freq/length (F) ; Z fgﬂeeqc/é éﬂ;?gcstpti(;[l?rqe;izaiy zero-freq. component is at the
>> xi=-freq/2:df:freq/2-df; components higher than ¥2 of center

>> plot (xi,abs (F)) the sampling frequency

(known as Nyquist frequency)

cannot be correctly sampled;
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Computing f[equency components

JERE R D DETE

. fEeBARE, ADESCHULTI—UILR (EFRJ—UITER7ILT
X /) ZITWET,

>> F=fft(f(:,1)); >> Fshift=fftshift (F);
>> fs=size (F) >> plot (xi,abs (Fshift))
ans = X F(E, POERETCEIR < mimCORKRERSR DM &
932591 5/\\‘7 A% \fﬁ’tihiftﬁeﬁiﬁ(lcil:?ff%t/j |\L{_C
>> F(50000) F(5000) FD5000{TEDEEFR EE:L.\’Z’GIZIJE)E’;%ZLL{‘E?O JELREER RN 3 (SRR
ans = 92.2299 + 1.2605i CERL TS IS,
- ’ ’ XIBESN/=EEAID (& N
>> df=freq/length (F) ; Xf;’;j. Jj;%ggyff;%im\ fftshift(X) : CORKEKRD ZEH D
>> xi=-freq/2:df:freq/2-df; mEigHMEFEIND) D1/2%B= RR(CEE LT, B fftODHj\jJ_%ﬁ“
>> plot (xi,abs (F)) BERSHAFEL TS Eaﬁ;i;'ﬁéﬁég{g@i%‘g €
abs(x) : xDIEIHEEHN TS L TERNENSBERERIL T ey R oot 27
0o Mi?ﬁ - U TR EBTIRDET .
F Fshift
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Noise reduction (1/2) /- X{KRNLIE(1/2)

« Let’s adding noises to a signal intentionally

ERIC/AXZBHN(CMRTHELLD !

>> f2=f+0.5*randn (size (f)) ;
>> sound (f2, freq) ;
>> plot (x,£2);

« When seeing the signal in the frequency dco)mains

ERAGE CIEE R R CHBE - - -

>> F2shift=fftshift (££ft (£2)) ;
>> plot (xi,abs (F2shift(:,1)))
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Noise reduction (2/2) - X{KREALIE(2/2)

« Let’s remove high-frequency components and perform inverse Fourier
transform

« Creating a filter eliminating frequency components lower than 3kHz

X See how results will change if

>> filter=abs(xi) < 3000; you change the value of 3kHz

« Element-wise multiplication between the signal and the filter, followed by
application of inverse shift (ifftshift) and inverse transform (ifft)

>> f2filtered = ifft(ifftshift (F2shift.*filter’)) ;
>> plot (xi,abs(F2shift.*filter’) (:,1))
>> sound(f2filtered, freq)
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Noise reduction (2/2) - X{KREALIE(2/2)

s BREAEMDZEERDFROWCH I —UTZERZ LU TCHFTFLLD !
e 3KHZU FOREIEESED ZRET BT 1 LI EVERT S
abs(xi)<3000725(E1 () , 5>TRIFNE0 (18)

X IkHzOEZZEE UCIBE (CHERMNE
DI (CELT DN R LLD !

>> filter=abs(xi) < 3000;

« ESLETAIIDBIDERT EOREZITLY, RIC, ¥ T b (ifftshift) L&D

DIz (ifft) ZEATD.

>> f2filtered = ifft(ifftshift (F2shift.*filter’)) ;
>> plot (xi,abs (F2shift.*filter’) (:,1))
>> sound (f2filtered, freq)
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Exercise 7.1 :zE&E7.

1.

Create digital data of sinusoidal waves of different frequencies,
play them as audio signals, and plot them in the time and
frequency domain

S EFRERBDIEZRDT I T —FZEMR L. dA—F 1 AEF
SEUTHEL. KEmEsEEREMmETITOY b L

Add one of the created sinusoidal waves to the voice signal
(test.wav) and plot the resulting signal in the time and
frequency domain

{ER UTZIESRR D1 D= ER{ES (test.wav) (CHIX, TOMERE
N5z K nhE & BIRED Ei'JZ(LjEI\J hE K

Consider a method for eliminating the added sinusoidal wave
from the signal of Q2 as much as possible, and show the result
by plots of the signals in the time and frequency domain

2. CRELSNIEEENSIIESNICIERKEZ CTEDIEITRET D HE
ZIRET U, TOMERZ e & B ESOESDT Oy TR



