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Digital Signal Processing Assignment.

1 INTRODUCTION

This assignment can be divided in two main parsfitist one corresponds to the
Matlab session in the lab, and the second oneeigléisign and realisation of a digital

filter.

The realisation of a digital filter is carried owith a TI TMS320C5402 DSP
platform of Texas instrument. All the design anttgkations are made in Matlab, so all

the files are shown and the simulation.

2 MATLABLAB

The following Matlab code creates a signal withampling frequency of 10000
Hz, containing three sine waves of frequencies 200, and 500 Hz respectively and

some additional white noise.

fs=1e4; f=[100;200;500]; n=0:1023;
a=[1,2,0.5,0.1];

s=sin(f/fs*n*2*pi); %making the signals in function of the sampling
frequency
s=diag(a)*[s;randn(1,1024)]; %Adding noise to the signals and the amplitudes
s2=sum(s);

figure(1)

subplot(2,1,1);

plot(n,s);

titte(  'The four signals' );
xlabel(  ‘'sample’ );

ylabel(  'Amplitude’ );
subplot(2,1,2);

plot(n,s2);

titte(  'Signal with noise' );
xlabel(  'sample’ );

ylabel(  'Amplitude’ );
t=n./fs;

figure(2)

subplot(2,1,1)

plot(t,s)

titte(  'The four signals' );
xlabel( ‘'time' );

ylabel(  'Amplitude’ );
subplot(2,1,2)

plot(t,s2);

title(  'signal with noise’ );
xlabel(_ 'time' ):
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ylabel(  'Amplitude’

The previous code creates the signal and plot &igtal ‘s’ and ‘s2’, using the

transpose operator (‘) where necessary. So nowispéayed the different figures,

Amplitude

Amplitude

The four signals

AT

i

600 1000 1200

_ sample
Signal with noise

400 600 800 1000 1200
sample

Figure 1. Matlab simulation of the previous code.

So as it can be observed in the graph and in tbe ttee amplitude of the four

signal that appears in the upper half of figurarg, the following the green signal has an

amplitude of 2, the blue one of 1, the red of 8 the last one has an amplitude of 0.1.

All the signals have been plotted versus the samgphte; next figure shows the

signal versus time where it is demonstrated thatpbssible.
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The four signals
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Figure 2. Sgnalsverwstmtlleme

Now the code and the next figure next figure illatds a signal with three sine
waves of frequencies 100, 250, 400 Hz respectiaety amplitudes (rms) of 1, 2, and 3
V. The sampling frequency to 1000 Hz and it is addeise to produce a signal to noise

ratio of 20 dB for the 100 Hz signal.

fs=1e3; f=[100;250;400]; n=0:1023;

a=[1, 2, 3, 0.1];

s=sin(f/fs*n*2*pi); %making the signals in function of the sampling fre quency
s=diag(a)*[s;randn(1,1024)]; %Adding noise to the signals and the amplitudes
s2=sum(s);

figure(1)

subplot(2,1,1);

plot(n,s);

titte(  'The four signals' );

xlabel(  ‘'sample’ );

ylabel(  'Amplitude’ );

subplot(2,1,2);

plot(n,s2);

DSP Assignment 3




The design and realisation of a digital filter.

title(  'Signal with noise' );
xlabel( 'sample’ );
ylabel(  'Amplitude’ );

The four signals
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sample

Figure 3. The four signals.

Signal with noise
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Figure 4. Sgnal with noise.
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2.1 Sptool

In this section it used one of the Matlab tools $iptool, and the first example is
analysed with the same sampling frequency of 10003% the signal is going to be
processed with this tool is a signal with threeesiraves and some additional noise, like

appears in the upper half of figure 4.

Next figure illustrates the spectrum of this signalng the spectrum viewer of

Sptool.
4 Spectrum Yiewer Mi=] &3
File Options “Window
:{0_____& Full ZoZ Zn% [“_Z?l;--a’:] g][} SElEClinn e——
L= . am 0 am Llyp - -
Zoom | Y5 Ty | ouer | et | owx Help ISDECH j &l
Signal: zigl _
1024-by-1 real Selection: spect] Flss
Fs = 1000 30 ' : || ==
= | ‘izrtical Harzantal
arameters —
Methudlwelch vl 20¢ n | (J) l? f&f"?’
Track Slope
fotl 1024 | #1[166.99219
Nwindl 256 10+ | w1 -19.276922
Winduwlhanning "I | w2 | 33300731
Or | y2 19547958
Dverlapl 0 | dw 166. 01563
Detrendinglnune "I 10k | dy -0.27103624
Scaling I Unbiazed I |
20 W L Aa
[ Conf. Irk. I_E!E I ﬂl }:3;?:
. - -30 L L L L Save Rulers... |
[Inhest fom r 0 100 200 300 400 500
EEwert | LEpli I Frequency

Figure 5. Spectrum of the signal.

In the previous figure the magnitude is in dB amel frequency range is from (0

to fs/2), the position and amplitude of the thrigmals in the figure are:
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- The first signal corresponds to the first peakhia spectrum viewer has an

amplitude of 16.32 dB and the frequency is 99.60 Hz

- The second signal is 250 Hz and 22.34 dB.

- And the third one is 400.39 Hz and 25.7 dB.

The value of the noise floor if we take the highgsak of noise that appears in

figure 5 the value is —15.45 dB, that is 5 dB higimat the one it was expected —20 dB.

Next step is to create a filter using the filtesid@er of Sptool, to filter out the
three signals and separate them. Now are shown ®gohl after filtering with the
original signal to compare both and the value a&f #mplitude and frequency is

calculated to observe differences with the origsighal.

|4 Signal Browser [_ O] %]
File Options  wWindow
AfaySianals. 'f_'_'_i_ Full ol = | [=<]| <= o Selaction —
kA2 BRI R e
Rulerz

sigl, sig2
5 T T

“wertical Horizantal

oF | £F|

Wl I 08430566

] u2 .0.9490566
| dy -1.6381
£ L .
0.45 .
Time
Save Rulers...
Panner

Figure6. Thisisthe signal and the first signal after filtering.
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The previous figure shows the first signal aftdtefing applying a low pass
filter as it can be observed the amplitude doescootesponds to the original signal,
now the level is 0.84 V and the original one is 1thé frequency is 100 Hz that is the
same as the original. The spectrum is shown wheran be compared the level of the

filtered signal and the rejected ones. Also theepatis not exactly the same of a sine

wave.
¥ Spectrum Yiewer — | O =
File Optionz  window
:;:l:.—_i_ o ZDZ ZD% E:_{:] ‘Z:‘;][} 5 Selection 1
L= - Lalpy] Lalpy] nm Lalpy] d -
Zoom | 72| iy | Duet | | ouex Helpy IS':'E':t2 :I e |
- Signal: zig? . Fulers
1024-by-1 real - =election: spect?
Fs =1000 & ! | || ==
= : | “ertical Horizonital
- Parameters
Method [welch ] ot | & F &F
Track Slope
[ 1024 {L 1 | 99 609375
Nwindl 256 20 | ] y1 14345675

YWindow | hanning hd e I 4071.36719

y2 -16.833339

Dverlapl 0 d= 30175781
Detrending [nane -] B0 - | dy 31179674
Scaling I Urnbiazed = I |

= |

[ Conf. Int. I a5 Peaks Walleys
F|

-100 L J Save Rulers... |
0 200 400

EEsert | ot [ | Frequency
Figure 7. Spectrum of the signal applying a low passfilter.

I |rherit from

Now is applied a band-pass filter to obtain theosécsignal so the next figures

are obtained,
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'
m

[ Signal Browser = B3
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Figure 8. Thisisthe signal and the second signal after filtering.

As it can be seen from this figure the signal i$ exactly a sine wave, the

amplitude is 1.98 V when it should be 2 V and tlegfiency is 245 Hz when it should

be 250 Hz. The spectrum of the three si

gnals afiplying the band-pass filter is,

4 Spectrum Viewer =] &3
File Option:  Wwindow
:ﬁ.;_:‘i‘ =i Zoz ZD% E:{] ;{]E} 2 Selection
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MBthDdIW’elch vl 20r | d} CP J&b’?’
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fotl 1024 ol | «1 [ 780
Nwindl 256 | w1 22.261036
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| u2 -B3.761363
Dverlapl i 40 I o 150.39063
Detrending I none - I -BE.0224E65
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Figure 9. The spectrum of the three signals after applying the band-passfilter.

DSP Assignment



Digital Signal Processing Assignment.

Now for the third signal is applied a high-pasdefilso these figures are

obtained,

[ Signal Browser !EIE
File Options Window
Smay Signals... :'Lb"_i_ Ful ZDZ z°$ |‘£-:<] ;] [ s Selection
1 . oM am oM M - 1 -
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Figure 10. Thisisthe signal and the third signal after filtering.
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Figure 11. The spectrum of the three signals after applying the high-pass filter.
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As it can be observed from figure 10 the signahas a sine wave and the
amplitude is 1.41 V when it should be 3 V. The fregcy cannot measured with the
signal browser because it is not clear that the@adigs periodic, but it has been
illustrated in the spectrum viewer that is the saamethe original signal 400.39 Hz,

when the original should be 400 Hz.

So the results do not meet the specifications, #ledow-pass filter should has

e g
these specifications: F1= 125
deal < F2= 225
Specification
P Rp=2
Rs=40

The last part is to obtain the coefficients of theee filters and the transfer
function in terms of H(z), are the next ones olgdimfter exporting the filters to the

workspace in Matlab and extracting from the funttio

Low-passFilter

num: [0.02 -0.01 0.04 -0.01 0.02], 0027 — 0017 + 004 Z> — 001 + 002
H(2) =

den: [1.00 -2.84 3.56 -2.20 0.58]. 1[7*-2847% +356 2% -220Z+058

Band-pass Filter

num: [0.00007 0 -0.00023 0 0.00023 0 -0.00007] (007Z° - 023Z* + 0237 - 007107

den: [1.00 0.00 2.82 0.00 2.66 0.00 0.84] 10Z° + 2827" + 266Z* + 084

High-pass Filter

num: [0.01 -0.17 0.14 -0.17 0.18 -0.17 0.14 -0.100AD
_OIZ-7Z +W4Z° - 72°+ 87" - L 723 + QL 472 — QL 7Z+Q01

den: 1.00 H>2 1

DSP Assignment 10



Digital Signal Processing Assignment.

3 THE DESIGN AND REALISATION OF A DIGITAL FILTER

This is the second part of the assignments aisddivided in two sections.

3.1 Section 1. Design of an FIR lowpass filter using the Fourier Transform

method.

Using Matlab is design a seven tap lowpass filtéh wc= 0.3t (Note: fs=
0.2m), using the rectangular window. The function usedMatlab is ‘firl’ and the

impulse response of the filter can be written as,

_sin(034n(n-3))  _
h(n) = -3 n=071...... 6

That it is a sinc function, calculating manualle thalues of h(n) for the six first
terms and compare these with the obtained by M#tkabesults are,

h(0) =0.0327 h(l)=0.1513 h(2)=0.2575 h(3)=03 h(4)=02575 h(5)=0.1513 h(6)=0.0327

h= 0.0328 0.1514 0.2575 0.3000 D5250.1514 0.0328> Matlab

Bearing in mind that for h(3) L'Hopital rule may leplied in order to solve the

indeterminacy of dividing 0 by 0. Also tables oétsinc function can be consulted.

In the next program is shown all the code impleménto answer all the

questions in this section.
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%Design of a seven taps low pass filter using
%the rectangular window.

wc=0.3*pi;

n=[0:6];

fs=2*pi;

n2=[0:7];

h=0.3*sinc(0.3*(-3:3));

[h2,w]=freqz(h,1,512,fs);

figure(1)

stem(n,h);

title(  'Low-Pass Filter with 7 taps Impulse Response’ )
xlabel(  'n" );

ylabel(  'h[n]" );

a=fir1(7,0.3,boxcar(8));

[H,w] = freqz(a,1,512,fs);

figure(2)

plot(w,abs(H)), grid

titte(  'Frequency Response of the Filter' )
xlabel(  'f(Hz)'" );

ylabel(  'Abs h(w)' );

figure(6)

stem(n2,a);

% More taps introduced and comparison between them
n1=[0:6];

h1=0.3*sinc(0.3*(-3:3));

figure(3)

subplot(2,1,2)

stem(nl,hl);

title(  'Low-Pass Filter with 11 taps Impulse response' )
xlabel( 'n" );

ylabel(  'h[n]" );

subplot(2,1,1)

stem(n,h);

title(  'Low-Pass Filter with 7 taps Impulse response’ )
xlabel(  'n" );

ylabel(  'h[n]" );

al=firl(11,0.3,boxcar(12));

[H1,wl] = freqz(al,1,512,fs);

figure(2)

subplot(2,1,2)

plot(w,abs(H1)), grid

title(  'Frequency Response of the Filter with 11 taps' )
xlabel(  'f(Hz)" );

ylabel( 'Abs hi(w)" );

subplot(2,1,1)

plot(w,abs(H)), grid

titte(  'Frequency Response of the Filter with 7 taps' )
xlabel(  'f(Hz)' );

ylabel( 'Abs h(w)' );

% end of comparison

%Different windows and comparison between them
a3=firl(7,0.3,triang(8));

[H2,w] = freqz(a3,1,512,fs);

figure(4)

subplot(2,2,4)

plot(w,abs(H2)), grid;

title(  'Frequency Response Triangular window' )
xlabel(  'f(Hz)'" );

ylabel( 'Abs h(w)' );

a4=fir1(7,0.3,hamming(8));

[H3,w] = freqz(a4,1,512,fs);

subplot(2,2,3)

plot(w,abs(H3)), grid;

title(  'Frequency Response Hamming window' )
xlabel(  'f(Hz)' );
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ylabel( 'Abs h(w)' );

subplot(2,2,2)

plot(w,abs(H)), grid;

titte(  'Frequency Response Rectangular window' )
xlabel(  'f(Hz)'" );

ylabel(  'Abs h(w)' );

subplot(2,2,1)

plot(w,abs(h2)), grid;

titte(  'Frequency Response Theoretical' )
xlabel( 'f(Hz)' );

ylabel(  'Abs h(w)' );

figure(5)

subplot(2,2,2)

stem(n2,a);

title(  'Impulse Response rectangular window' )
xlabel(  'n" );

ylabel(  'h(n)" );

subplot(2,2,3)

stem(n2,a4)

titte(  'Impulse Response Hamming window' )
xlabel(  'n" );

ylabel(  'h(n)" );

subplot(2,2,4)

stem(n2,a3)

titte(  'Impulse Response Triangular window' )
xlabel( 'n" );

ylabel(  'h(n)" );

subplot(2,2,1)

stem(n,h);

title(  'Impulse Response theoretical' )
xlabel(  'n" );

ylabel(  'h[n]" );

%The filter coefficients of the first filter are
'the filter coefficients are'
h

The frequency response of the filter is shown artbxt figure,

1 \
0.9

Frequency Response of the Filter

o8 Hw)|
0.7 A I_deal low-pass
\ filter
0.6 frequency
5 \ 1 response
<05
£ \
0.4

0.3 \
0.2

0.1

e
v
=

wcC

0 05 1 15 2 25 3 35
f(Hz)

Figure 12. Frequency response of the low-pass filter comparing with the ideal one.
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From the previous figure it is demonstrated that¢a low-pass filter has not a
sharp decrease in the stop band, the roll-off effilter is softer. There is a transition
band and also the response of the filter does mab gero exactly. The use of the sinc
function to describe a filter like this it is theason of all these differences between the

ideal characteristic and the real one.

If more taps are introduced in this filter the pattof the filter becomes more
similar to the ideal characteristic and the de@daafter the cut-off frequency will be

sharper than the previous one, the next figure deinates this.

Frequency Response of the Filter with 7 taps

0

0.6

0.4 \
0.2 \\

Abs h(w)

L——

0
0 0.5 1 1.5 2 2.5 3 3.5
f(Hz? ) ]
Frequency Response of the Filter with 11 taps
1.5

z 1 I
=
<
%) \
05

. \V.

0 0.5 1 15 2 2.5 3 3.5
f(Hz)

Figure 13. Frequency response of the low-pass filter comparing one with seven taps and other

with eleven.
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The roll-off of this filter as it has been commanhteefore is sharper but also

appears a ripple in the pass band that was nbeisdven taps filter.

The same low-pass filter with seven taps is redesgng different windows
like it was shown in the program at the beginnirighis section and the following

figures are obtained.

Frequency Response Theoretical Frequency Response Rectangular window
1

o o
o ©

Abs h(w)
D

o o

.2

0

f(Hz) N f(Hz)__ :
Frequency Response Hamming window  Frequency Response *Triangular window
T

1 T T 1 T \ \
0.8t ] O
EO.G******%*****J ffffff e 30.677777 e s e R
e | = |
8 04r-- 1t m- - 3 04—
< | | < |
0.2r----- i o T - 0.2F----- T i e
0 | | 0 |
0 1 2 3 4 0 1 2 3 4
f(Hz) f(Hz)

Figure 14. Frequency response of the low-pass filter comparing the effect of the different

windows.
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The differences between the windows used are engilaby the method of
windowing,

hy (n) = DTFT {H , (W)} =%T j H (W) Ede"W“dw=%T j e gy = SIN(OWC) _ we sin(owe) =£7Tcsinc(nwc)

nri T nrir

Then if w(n) is a window of length M+1 that is syratric at O, then w(n) should

satisfy

Consequently the FIR filter of length M+1 will bevgn by,

h(n) = hy [w(n)

Where R is given by the previous expression and w(n) isng@ado be the

window used in each case. So here are the windmtdaive been used for this filter.

-M _M
Rectangular w(n)y=1 for TS7
=0 otherwise
om ﬂsnsM for M even
Hamming w(n) = 054 - O.46co{—j for 2 2
M -M=-2 M -1
<n< for M odd
2 2
=0 otherwise
| M+~
Triangular wn) =————— M<n<M
(M +1)
=0 otherwise
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So it is obvious that if a sharper decrease offilker is desirable more taps
should be introduced, loosing accuracy in the passibecause of the ripple introduced.
The main advantage using windowing method is thdhea stopband the response is
cero. But the roll-off is a bit worse observing theevious graph; the transition band
between the pass-band and the stop band is widew. iNis shown the differences
between the impulse responses of the different evusd respect to the original

expression of the filter.

Impulse Response theoretical Impulse Response rectangular window
0.4 : 0.3 : ‘ :
0.3} ®© 1 0.2+
=02} T Z o1}
= = jD T
0.1+ ] 0+ o
0 -0.1 : : :
0 2 4 6 0 2 4 6 8
n n
Impulse Response Hamming window Impulse Response Triangular window
0.4 : : : 0.4 : ‘ :
0.3} ] 0.3}
__ 0.2} ] __ 0.2}
£ £
< 01} T T I T 01} T T
op ¢ ©o op ¥ Yo
-0.1 : : : -0.1 ‘ ‘ ‘
0 2 4 6 8 0 2 4 6 8
n n

Figure 15. Frequency response of the low-pass filter comparing the effect of the different

windows.

Differences in the values of the coefficients thagg determined by the different

windows expressions.
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* Filter Realisation

Using the audio codec example program as a stapoigt, the following
program was designed to implement the filter and itun the TMS320C5402 DSP

platform.

/ /
/*FIR.c */

/* Digital Loopback example */

/ * * * * ko /
#include <type.h>

#include <board.h>

#include <codec.h>

#include <mcbsp54.h>

/ /

/* Function Prototypes */

/ * * * * wkkk /
/* This delay routine does not conflict with DSP/BBO It is used in this */

/* example rather than brd_delay_msec which caD&/BIOS conflicts just */

/* because of this. If you are not using DSP/BI@&) can change the code */

/*to use brd_delay_msec. */

void delay(s16 period);

/ * * * * *kkk /

/* Global Variables */

/ * * * * wkkk /
HANDLE hHandset;

s16 Yn;

s16 Xn;

int a0,al,a2,a3,a4,ab5,ab;

/ /
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/* MAIN *

/ /
void main()
{

s16 cnt=2;

a0=0,a1=0,a2=0,a3=0,a4=0,a5=0,a6=0;

if (brd_init(100))

return;

/* blink the leds a couple times */

while ( cnt--)

{
brd_led_toggle(BRD_LEDO);
/* brd_delay_msec(1000); */
delay(1000);
brd_led_toggle(BRD_LED1);
/* brd_delay_msec(1000); */
delay(1000);
brd_led_toggle(BRD_LED?2);
/* brd_delay_msec(1000); */
delay(1000);

}

/* Open Handset Codec */

hHandset = codec_open(HANDSET_CODEC); /* Acquire handle to codec */

/* Set codec parameters */

codec_dac_mode(hHandset, CODEC_DAC_15BIT); /* DAC in 15-bit mode */
codec_adc_mode(hHandset, CODEC_ADC_15BIT); /* ADC in 15-bit mode */
codec_ain_gain(hHandset, CODEC_AIN_6dB); /*6dB gain on analog input to ADC */

codec_aout_gain(hHandset, CODEC_AOUT_MINUS_6dBJ;-6dB gain on analog output from DAC */
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codec_sample_rate(hHandset,SR_10667);  /* 10KHz sampling rate */

/* Polling and digital loopback */
while (1)
{

[* Wait for sample from handset */

while (MCBSP_RRDY(HANDSET_CODEC)) {};

/* Read sample from and write back to handedec */
Xn = *(volatile u16*)DRR1_ADDR(HANDSET CODEC);
a6=ab;
ab=a4;
a4=a3;
a3=a2;
az2=al;
al=a0;
a0=Xxn;
Yn= (a0%0.0328) + (a1*0.1514) + (a2*0.2575}a3*0.3) + (a4*0.2575) + (a5*0.1514) + (a6*0.0328

[*The coefficients have been quantized*/

*(volatile u16*)DXR1_ADDR(HANDSET CODEC) = Yn;

}

void delay(s16 period)
{
inti, j;
for(i=0; i<period; i++)
{

for(j=0; j<period>>1; j++);

}
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And this is the Frequency Response obtained usinggaency generator and a
oscilloscope, setting the sampling frequency t&h@ And the input voltage to 20 mV

peak to peak.

Frequency Response of the FIR filter
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Figure 16. Frequency response of the Digital low-pass filter FIR obtained with the oscilloscope

and the frequency generator.

Frequency (Hz) | Input Voltagepp (V) | Output Voltage pp (V)

100 0.02 0.12
200 0.02 0.11
300 0.02 0.11
400 0.02 0.10
500 0.02 0.09
600 0.02 0.09
700 0.02 0.09
800 0.02 0.065
900 0.02 0.05
1000 0.02 0.045
1100 0.02 0.035
1200 0.02 0.02
1300 0.02 0

Table 1. Values of the input and output for the Digital low-pass filter FIR obtained with the

oscilloscope and the frequency generator.
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In order to plot with Matlab the frequency respotiss is the formula applied.

|H(f)|(dB) = ‘ZOIOg[VOUtPUt]

vinput

The previous expression is applied later for ti filter. The pattern obtained
for the FIR filter is different from the ones obtad from Matlab, approximately the
cut-off frequency is obtained when the frequenspomise has a value of 12.56 dB, this
is for an output of 0.084 V peak to peak. At thainp and looking at the graph of the
frequency response the cut-off frequency is appmakely of 625 Hz. The maximum
sampling rate could be because of the limitatidriitie DSP platform of 16 Khz, this is
defined in the file codec.h that is a header inicigdat the beginning of the program.

Now it is going to be shown two samples taking framigital oscilloscope of the filter.

Frequency of 100 Hz Frequency of 600 Hz
|
I
|
|
I U [
|
________________ - 1 |- g - - 3+ 1 |- 1 _|_ 4
rw.l""‘\. PO A\q F i Y it P
|
AN W AN AW
N4 I LN J R . N0 5 S N R . L __ kel I A N, N .~ A D AN -
i [
AX = -7.90ms : 1/AX = 126.58Hz AY(2) = 111V AX = 0.00000s : 1/AX = 0.0000&3 AYC2Y = 1.11V
ool‘jrsnst Clear io Grid le:itnrs_ < Mode IA Source t‘)j YIos.Xl to_axz Io)ﬂxzi
Frequency of 1400 Hz

Signal 1 is the input in the
upper half of the screen and

signal 2 is the output for the

threegraphs.

o Mode - Source X ¥ fu Xt (5]
v —720us

X2 o
<None> <None> oy | N

Figure 17. Some graphs obtained with the digital oscilloscope and the frequency

generator.
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Note that at the previous graphs the input voltage the output do not
correspond to the values shown at table 1, thisréigs only to demonstrate that the
filter was working properly. The response of thikef will improve using other
techniques in its implementation like circular wuff instead of shifting that it is the

method used in the ‘c’ code shown before.

3.2 Section 2: Design a4th order IR filter.

Here is designed a low pass filter using Sptool avith the following

specifications.
|+ Filter Designer [_ (O] x|
File  “Window
Filter Z | = || < WM Fan)| £ ?
Iﬁ Zoom Z00m Z0om Z00m Pazz - Pl =
filtassz ¥ | oY | InX | Outx | Band Zoom Help
Algorith Sampling F)
[ &uto Design o AP TR Overlay Spectrum... I
IEutterw-:-rth IR j I 1
Specifications Frequency Response Measurements
V¥ Winirmurm Drder : T r
] Order 4 F1=10.25
Tupe IIowpass "I F2=0.35
Paszsband Passband
Fp [0.25 — Actual Fip 1613 o Rp=3
Q &l Specifications <
= Rs= 20
=
Rp | 3 =
? Fs=1
Stopband = 100 Stopband
Fs | : Fadh 0.2659
0.5 \ Order=4
R | 20
-1500 i i
0 0.2 0.4
Fewert I Appli I Frequency

Figure 18. Filter Designer and the specifications followed.

After this and exporting this filter to the workgjgaof Matlab through the next
program in Matlab is obtained the frequency respptise impulse function and the

pole zero map of this filter it is also possiblemake this with the Sptool but for the
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author it is more interesting to learn the Matlahdtions that provides the same results

so the Matlab code is,

%Assignment Section 2

%L oad the filter to obtain the coefficients

load filtass2.mat;
den=filtass2.tf.den;

num=filtass2.tf.num;

% Frequency Response

[H,w] = freqz(num,den,512,1);

figure(2)

plot(w,abs(H)), grid

titte(  'Frequency Response of the Filter' )
xlabel( ‘'f(Hz)' );

ylabel( 'Abs h(w)' );

%impulse response

[H1,T]=impz(num,den);

figure(3)

stem(T,H1);

title(  'Impulse Response of the Filter' )
xlabel( 'n" );

ylabel(  'h[n]" );

%ploting the pole zero map
z=filtass2.zpk.z;
p=filtass2.zpk.p;

figure(4)

zplane(z,p)
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title(  'pole zero map of the IIR Filter' )
‘the coefficients are'
num

den

And here are shown the figures produced by thigcod

Frequency Response of the Filter

AN
0.8 \
0.7

0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 04 045 0.5
f(Hz)
Figure 19. Frequency response of the low-pass | IR filter of 4™ order.
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Impulse Response of the Filter
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Figure 20. Impulse function of the low-pass filter IR of 4™ order.
pole zero map of the IIR Filter
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Figure 21. Pole zero map of the low-pass filter 11R of 4" order.
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It is preferred to plot the graph using the functaplane because provides more
information that plotting with Sptool the zero-patep. It can be seen that the filter is
stable, because all the ceros and poles are ittgdenity circle and also in the left hand

side of the Z-plane. It also important to noticattht —1 there is a pole of #rder.

* Filter Realisation

Using the audio codec example program as a stapoigt, the following

program was designed to implement the filter and itun the TMS320C5402 DSP

platform.
/ ******************/
/*1IR.c */
[* 4th Order Butterworth IR Low-pass filter */
I‘ * ******************/

#include <type.h>
#include <board.h>
#include <codec.h>

#include <mcbsp54.h>

I‘ * ******************/
/* Function Prototypes */
I‘ * ******************/

void delay(s16 period);

I ******************/
/* Global Variables */
I ******************/
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HANDLE hHandset;
s16 Xn;
s16 YO;

s16 Yn;

/ * * * * ******************/

/* MAIN *

I * * * * ******************/
void main()
{

s16 cnt=2;

int a0=0,a1=0,a2=0,a3=0,a4=0,b0=0,b1=0,b2=0,b3=0;

if (brd_init(100))

return;

/* blink the leds a couple times */

while ( cnt--)

{
brd_led_toggle(BRD_LEDO);
/* brd_delay_msec(1000); */
delay(1000);
brd_led_toggle(BRD_LED1);
/* brd_delay_msec(1000); */
delay(1000);
brd_led_toggle(BRD_LED?2);
/* brd_delay_msec(1000); */

delay(1000);

DSP Assignment 28



Digital Signal Processing Assignment.

/* Open Handset Codec */

hHandset = codec_open(HANDSET_CODEC); * Acfiuire handle to codec */

/* Set codec parameters */
codec_dac_mode(hHandset, CODEC_DAC_15BIT); /* DACS#bit mode */
codec_adc_mode(hHandset, CODEC_ADC_15BIT);  ADE€ in 15-bit mode */
codec_ain_gain(hHandset, CODEC_AIN_6dB); 6dB gain on analog input to ADC */
codec_aout_gain(hHandset, CODEC_AOUT_MINUS_6dB); -6¢B gain on analog output from DAC */

codec_sample_rate(hHandset,SR_10667);  /* 10KHz sampling rate */

/* Polling and digital loopback */
while (1)
{

[* Wait for sample from handset */

while (MCBSP_RRDY(HANDSET_CODEC)) {};

/* Read sample from and write back to handedec */

Xn = *(volatile u16*)DRR1_ADDR(HANDSET_CODEC);

ad4= a3;
a3= az;
a2=al;
al=a0;

a0= Xn;

Y0 = (0.1141*a0 + 0.4562*al +0.6843*a2+0.4562*a34@&1*a4);

b3=b2;
b2=b1;
bl=bO0;

b0=YO;
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Yn = Y0-(0.2479*b0+0.5055*b1+0.0526*b2+0.0189*h3);

*(volatile u16*DXR1_ADDR(HANDSET CODEC) = Yn;

void delay(s16 period)

{

inti, j;

for(i=0; i<period; i++)
{
for(j=0; j<period>>1; j++);
}
}

And in the next page it is shown the Frequency Besp obtained using a
frequency generator and a oscilloscope, settingdnepling frequency to 10 Khz And

the input voltage to 20 mV peak to peak.
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Frequency Response of the IIR filter
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Figure 22. Frequency response of the low-pass filter 1IR of 4™ order obtained with the

frequency generator and the oscilloscope.

Frequency (Hz) | Input Voltagepp (V) | Output Voltage pp (V)
100 0.02 0.09
200 0.02 0.1
300 0.02 0.1
400 0.02 0.1
500 0.02 0.1
600 0.02 0.1
700 0.02 0.1
800 0.02 0.1
900 0.02 0.1
1000 0.02 0.09
1100 0.02 0.075
1200 0.02 0.060
1300 0.02 0.05

Table 2. Values of the input and output for the Digital filter IR obtained with the oscilloscope

and the frequency generator.

The same considerations in order to calculatertguency response than for the

FIR filter have been made here.
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Approximately the cut-off frequency is obtained whibe frequency response
has a value of 10.97 dB, this is for an output.6f70 V peak to peak. At that point and
looking at the graph of the frequency responsethaff frequency is approximately of
1050 Hz. The maximum sampling rate could be becatisiee limitations of this DSP
platform of 16 Khz, this parameter is defined ire thle codec.h that is a header
including at the beginning of the program. Nowsitgoing to be shown three samples
taking from a digital oscilloscope of the filterhere the upper signal is the input and

the bottom one is the output.

Frequency of 100 Hz Frequency of 1000 Hz
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Figure 23. Some graphs obtained with the digital oscilloscope and the frequency

generator.
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Looking at the previous graphs it has to be notibed it does not correspond to
the values shown at table 2. All the measuremeiits thve digital oscilloscope were
made with the intention of demonstrate that thegassent and the aim have been
achieved. The last filter has a higher cut-off fregcy than the FIR filter it also
important that at 3.8 Khz the output appears afgatrwith higher frequencies this does
not occur again, that it is one on the IIR filtdracacteristic infinite response. So as
conclusion of this assignment other techniques tnlgh implemented in order to

achieve better accuracy and quality in the respoh#ee filter.

DSP Assignment 33



