实习二 滤波器设计

本次实习内容主要包括以下三部分内容，目的是通过matlab滤波器设计函数的使用，了解IIR和FIR滤波器的设计及特性，明白信号滤波前后的变化原因，简单了解matlab仿真模块中信号分析与处理的使用，完成系统仿真和直观显示信号波形，更好地学习和理解信号分析与处理的相关理论。
一、了解以下有关滤波器设计函数

1、IIR滤波器设计（巴特沃斯滤波器、切比雪夫滤波器I型和II型）

（1）buttord
[n,Wn] = buttord(Wp,Ws,Rp,Rs)

[n,Wn] = buttord(Wp,Ws,Rp,Rs,'s') 

例1

For data sampled at 1000 Hz, design a lowpass filter with less than 3 dB of ripple in the passband, defined from 0 to 40 Hz, and at least 60 dB of attenuation in the stopband, defined from 150 Hz to the Nyquist frequency (500 Hz). Plot the filter's frequency response:

实现代码：
Wp = 40/500; Ws = 150/500;

[n,Wn] = buttord(Wp,Ws,3,60)

 [b,a] = butter(n,Wn);

freqz(b,a,512,1000);  % Frequency response of filter
title('n=5 Butterworth Lowpass Filter')
例2
Next design a bandpass filter with passband of 60 Hz to 200 Hz, with less than 3 dB of ripple in the passband, and 40 dB attenuation in the stopbands that are 50 Hz wide on both sides of the passband:

实现代码：
Wp = [60 200]/500; Ws = [50 250]/500;

Rp = 3; Rs = 40;

[n,Wn] = buttord(Wp,Ws,Rp,Rs)

[b,a] = butter(n,Wn);

freqz(b,a,128,1000)

title('n=16 Butterworth Bandpass Filter')
（2）butter：Butterworth analog and digital filter design

使用语法：
[z,p,k] = butter(n,Wn)

[z,p,k] = butter(n,Wn,'ftype')

[b,a] = butter(n,Wn)

[b,a] = butter(n,Wn,'ftype')

[A,B,C,D] = butter(n,Wn)

[A,B,C,D] = butter(n,Wn,'ftype')

[z,p,k] = butter(n,Wn,'s')

[z,p,k] = butter(n,Wn,'ftype','s')

[b,a] = butter(n,Wn,'s')

[b,a] = butter(n,Wn,'ftype','s')

[A,B,C,D] = butter(n,Wn,'s')

[A,B,C,D] = butter(n,Wn,'ftype','s')
例1
Highpass Filter

For data sampled at 1000 Hz, design a 9th-order highpass Butterworth filter with cutoff frequency of 300 Hz, which corresponds to a normalized value of 0.6:

实现代码：
[z,p,k] = butter(9,300/500,'high');

[sos,g] = zp2sos(z,p,k);
     % Convert to SOS（二阶因子）form

Hd = dfilt.df2tsos(sos,g);   % Create a dfilt object

h = fvtool(Hd);
             % Plot magnitude response

set(h,'Analysis','freq')
     % Display frequency response
（3）cheb1ord：Chebyshev Type I filter order
使用语法：
[n,Wp] = cheb1ord(Wp,Ws,Rp,Rs)

[n,Wp] = cheb1ord(Wp,Ws,Rp,Rs,'s')
例1
For data sampled at 1000 Hz, design a lowpass filter with less than 3 dB of ripple in the passband defined from 0 to 40 Hz and at least 60 dB of ripple in the stopband defined from 150 Hz to the Nyquist frequency (500 Hz):

Wp = 40/500; Ws = 150/500;

Rp = 3; Rs = 60;

[n,Wp] = cheb1ord(Wp,Ws,Rp,Rs)

 [b,a] = cheby1(n,Rp,Wp);

freqz(b,a,512,1000); 

title('n=4 Chebyshev Type I Lowpass Filter')
例2
Next design a bandpass filter with a passband of 60 Hz to 200 Hz, with less than 3 dB of ripple in the passband, and 40 dB attenuation in the stopbands that are 50 Hz wide on both sides of the passband:

Wp = [60 200]/500; Ws = [50 250]/500;

Rp = 3; Rs = 40;

[n,Wp] = cheb1ord(Wp,Ws,Rp,Rs)

[b,a] = cheby1(n,Rp,Wp);

freqz(b,a,512,1000);

title('n=7 Chebyshev Type I Bandpass Filter')
（4）cheb2ord：Chebyshev Type II filter order

使用语法：
[n,Ws] = cheb2ord(Wp,Ws,Rp,Rs)

[n,Ws] = cheb2ord(Wp,Ws,Rp,Rs,'s')
例1

For data sampled at 1000 Hz, design a lowpass filter with less than 3 dB of ripple in the passband defined from 0 to 40 Hz, and at least 60 dB of attenuation in the stopband defined from 150 Hz to the Nyquist frequency (500 Hz):

实现代码：
Wp = 40/500; Ws = 150/500;

Rp = 3; Rs = 60;

[n,Ws] = cheb2ord(Wp,Ws,Rp,Rs)

 [b,a] = cheby2(n,Rs,Ws);

freqz(b,a,512,1000); 

title('n=4 Chebyshev Type II Lowpass Filter')
例2

Next design a bandpass filter with a passband of 60 Hz to 200 Hz, with less than 3 dB of ripple in the passband, and 40 dB attenuation in the stopbands that are 50 Hz wide on both sides of the passband:

Wp = [60 200]/500; Ws = [50 250]/500;

Rp = 3; Rs = 40;

[n,Ws] = cheb2ord(Wp,Ws,Rp,Rs)

[b,a] = cheby2(n,Rs,Ws);

freqz(b,a,512,1000)

title('n=7 Chebyshev Type II Bandpass Filter')
2、FIR滤波器设计
（1）fir1：Window-based finite impulse response filter design
使用语法：
b = fir1(n,Wn)

b = fir1(n,Wn,'ftype')

b = fir1(n,Wn,window)

b = fir1(n,Wn,'ftype',window)

b = fir1(...,'normalization')
例1

Design a 48th-order FIR bandpass filter with passband 0.35 ≤ ω ≤ 0.65:

实现代码：

b = fir1(48,[0.35 0.65]);

freqz(b,1,512)
Window Type：
Bartlett： Computes a Bartlett window.

w = bartlett(M)
Blackman：Computes a Blackman window.

w = blackman(M)
Boxcar：Computes a rectangular window.

w = rectwin(M)
Hamming：Computes a Hamming window.

w = hamming(M)
Hann：Computes a Hann window (also known as a Hanning window).
w = hann(M)
Kaiser：Computes a Kaiser window with Kaiser parameter beta.

w = kaiser(M,beta)
Triang：Computes a triangular window.

w = triang(M)
（2）fir2：Frequency sampling-based finite impulse response filter design
例
Design a 30th-order lowpass filter and overplot the desired frequency response with the actual frequency response:
实现代码：

f = [0 0.6 0.6 1]; m = [1 1 0 0];

b = fir2(30,f,m);

[h,w] = freqz(b,1,128);

plot(f,m,w/pi,abs(h))

legend('Ideal','fir2 Designed')

title('Comparison of Frequency Response Magnitudes')
3、对数据用IIR和FIR滤波器进行滤波
（1）filter：1-D digital filter

使用语法：
y = filter(b,a,X)

[y,zf] = filter(b,a,X)

[y,zf] = filter(b,a,X,zi)

y = filter(b,a,X,zi,dim)

[...] = filter(b,a,X,[],dim)
例

You can use filter to find a running average without using a for loop. This example finds the running average of a 16-element vector, using a window size of 5.

实现代码：

data = [1:0.2:4]';

windowSize = 5;

filter(ones(1,windowSize)/windowSize,1,data)
（2）filter2：2-D digital filter

使用语法：
Y = filter2(h,X)

Y = filter2(h,X,shape)
例1 对影像进行滤波
I = imread('eight.tif');

imshow(I)
J = imnoise(I,'salt & pepper',0.02);

figure, imshow(J)
K = filter2(fspecial('average',3),J)/255;

figure, imshow(K)
L = medfilt2(J,[3 3]);

figure, imshow(L)
例2
I = imread('moon.tif');

h = fspecial('unsharp');

I2 = imfilter(I,h);

imshow(I), title('Original Image')

figure, imshow(I2), title('Filtered Image')
二、使用sptool工具箱完成滤波器的设计和对信号进行滤波

使用语法：

sptool
界面如下：
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Using SPTool you can

    *  Analyze signals listed in the Signals list box with the Signal Browser

    *  Design or edit filters with the Filter Designer (includes a Pole/Zero Editor)

    *  Analyze filter responses for filters listed in the Filters list box with FVTool

    *  Apply filters in the Filters list box to signals in the Signals list box

    *  Create and analyze signal spectra with the Spectrum Viewer

*  Print the Signal Browser, Filter Designer, and Spectrum Viewer
通过这个工具你可以听到“matlab”的读音、鸟鸣、火车的鸣生、噪声，查看这些信号的时域和频域波形，以及对设计滤波器对它们进行滤波，听滤波后的声音和看滤波后的波形。大家可以在这里直观地设计和观察滤波器的幅频和相频特性、零极点分布等信息。
FDATool：滤波器设计工具
三、Simulink仿真模块的简单使用和了解

点击
[image: image2.emf]

 EMBED Photoshop.Image.10 \s [image: image3.emf]

 EMBED Photoshop.Image.10 \s [image: image4.emf]

 EMBED Photoshop.Image.10 \s [image: image5.emf][image: image6.bmp]图标打开仿真库，点击新建new model新建仿真模块文件

然后将需要的模块直接拖入model文件中。本此实习主要了解与课堂内容相关的signal processing Blockset。Demo中有很多图像处理等许多实际应用相关的例子，大家可以作为课外了解。
如下面一个例子，将正弦信号及其积分叠加在示波器中：
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例子

doc_filter_ex1
doc_filter_ex2
doc_filter_ex4
doc_filter_ex5
doc_spectrumscope_tut
doc_vectorscope_tut
doc_ifft_tut
doc_fft_tut
Dspstfft
Dspsacomp
_1335799867.psd

_1335799887.psd

_1335799879.psd

_1335799862.psd

