Lab#4

Dr. A. Omar


ECET-350
Lab#4
IIR and FIR Notch and DC_Blocker Digital Filter Designs
Digital Filtering and Spectral Effect
Objectives:

· To learn how to determine the difference equation given FIR (Finite-impulse response) or IIR (Infinite Impulse Response) system coefficients.

· To learn how to determine the FIR transfer function based on the given difference equation, and learn how to calculate and display frequency responses of the FIR system and perform digital filtering using Matlab.

· To learn how to determine the IIR transfer function based on the given difference equation, and learn how to calculate and display frequency responses of the IIR systems and perform digital filtering using Matlab.

Introduction

A digital filter is described in Figure 1, where [image: image2.png]x[n]
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 are the DSP filter input and filter output, respectively
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Figure 1. Digital filter with the input and output

The digital filter operates based on the following difference equation
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 are coefficients of the system; [image: image12.png]


 is the discrete-time index.  A digital filter can also be represented by its transfer function by taking the Z-transform of the difference equation as
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The filter defined above is called the IIR (Infinite Impulse Response) filter. 

When the denominator becomes 1, the filter is called an FIR (Finite Impulse Response) filter, that is
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The filter coefficients could be obtained via the filter design to meet its frequency-domain specifications. Given the filter transfer function, its frequency response can be calculated and plotted for verification. As an example, the frequency responses of a band pass filter operating at the sampling rate of 8000 Hz is given in Figure 2.
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Figure 2. Frequency response of the band pass filter

Figure 3 shows the original speech and filtered speech in the time-domain while Figure 4 displays the spectrum for the original speech and the filtered speech, respectively.

As shown in Figure 4, the band pass filter significantly reduces both low frequency components and the high frequency components, meanwhile letting the signal components with the frequencies in the mid range pass through the filter.

In this experiment, we will examine the difference equation, transfer function, and the operation of the digital filter. Furthermore, we examine the frequency responses of the designed digital filters.  Finally, we process various digital signals using digital filters.
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Figure 3. Graphs of the original speech and filtered speech
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Figure 4. Amplitude spectra of the original speech and bandpass filtered speech
After finishing this lab, the student will be able to:

a) A notch digital filter using 

1) IIR system

2) FIR system

b) Notch filter at multiple frequencies specified by the designer

c) Design a DC Blocker digital filter using IIR or FIR

1) IIR system

2) FIR system

d) Control the filter attenuation level by cascading filters

e) Use MATLAB to design and investigate all the above systems. 

f) Must submit the code as well as filter testing for the following designed digital filtes:
Design the following filters:

1) FIR DC blocker
2) IIR DC blocker
3) FIR 60 Hz notch filter
4) FIR 60 Hz notch filter with higher attenuation at the notch frequency by cascading the same filter
5) IIR 60 Hz notch filter
6) FIR 60 Hz notch filter with higher attenuation at the notch frequency by cascading the same filter
7) FIR multi-notch filter at 60Hz, 120Hz, and 180Hz
8) IIR multi-notch filter at 60Hz, 120Hz, and 180Hz

Required plots:

For every filter you design, you must  plot it corresponding amplitude spectrum and phase spectrum. You can use the command  – FREQZ(B,A) and put the plots in a separate figure as follows:
Part I     Design of a DC Blocker Filter

Design a digital filter to block DC signal using

a) FIR filter

b) IIR filter

- Plot the frequency response of your filter

Part II    Design of Notch filters (Single notch)
A DSP system operating at a sampling rate of 600Hz, is overwhelmed by 60 Hz power frequency interference noise and its harmonics. Design a notch filter that removes the 60 Hz, but remains flat at other frequencies using:

a) FIR filter

b) IIR filter

- Plot the frequency response of your filter

 Part III    Design of Notch filters (Single notch)

Modify Part II to by cascading two stages of the same filter to achieve high attenuation at the notch frequency:

a) FIR filter

b) IIR filter

- Plot the frequency response of your filter

Part IV    Design of Multi-Notch filters

A DSP system operating at a sampling rate of 2600 Hz, is overwhelmed by 60 Hz power frequency interference noise and its harmonics. Design a notch filter that removes the 60 Hz and its harmonics at 120H and 180Hz, but remains flat at other frequencies using:

a) FIR filter

b) IIR filter

- Plot the frequency response of your filter

Help Page

Notch filter design using FIR filters

To notch one frequency, you need to place a zero at the corresponding frequency to be notched. This requires complex zeros, hence a second order polynomial in the following form: 
   (Z- ej()(Z-e-j()


= z2-2cos(() z + 1

To make it casual, multiply by z-2, hence the form is  = z-2-2cos(() z-1 + 1

Hence coefficients are
B= [1  -2*cos(()  1]

Where ( is the digital frequency = 2*( f / fs, where

f= notch frequency in Hz, and  fs = sampling frequency in Hz 

Example#1. To design an FIR filter with a notch frequency at f1, use the following equations:
Dig_theta1= 2* pi * f1 /fs    
% digital frequency =w*Ts=2 pi f/fs

B1= [1 -2*cos(Dig_theta1) 1]; 
% FIR B1 vector (coefficients)

freqz(B1,1)

% plot the frequency response (Amplitude and Phase )do

Example#2. To design an FIR filter with notch frequencies at f1 and f2, (Must define f1, f2 and fs) do
Dig_theta1= 2* pi * f1 /fs    % digital frequency =w*Ts=2 pi f/fs

Dig_theta2= 2* pi * f2 /fs    % digital frequency =w*Ts=2 pi f/fs

B1=[1 -2*cos(Dig_theta1) 1];

B2=[1 -2*cos(Dig_theta2) 1];

B=conv(B1,B2);      % Use this to find the denominator coefficients for the two frequencies

freqz(B,1)
% plot the frequency response (Amplitude and Phase )

Notch filter design using IIR filters
% This will produce a gain of -0.10 The gain (attenuation) is calculated as follows:

% gain = |Vz|/|Vp| where,   % Vp= |1-rp|, and |Vz|=|1-rz|

% Hence the gain =|1-rz|/|1-rp|,

% example, for rz =.99, and rp =.90,   ==> attenuation =|1-.99|/|1-.90|=.01/.1=0.10

Example: To design an IIR filter with a notch frequency at f1 (Must define f1, and fs)
Dig_theta= 2* pi * f1 /fs    % digital frequency =w*Ts=2 pi f/fs

rz= 0.99    % radius of the zero, 

rp= 0.90    % radius of the pole

B=[1  -2*rz*cos(Dig_theta)    rz^2 ] ;

A=[1  -2*rp*cos(Dig_theta)    rp^2 ] ;

freqz(B,A) 

