
Chapter 5 Exercises, answers, last revised on 7/23/2007 

Supplement to Chapter 5 of The Science of Digital Media – Digital 
Audio Processing 
 
End-of-Chapter Exercises – Digital Audio Processing  
 

1.  Say that the first 30 values of a digital audio file, , are those given below, and 
you apply the nine-tap FIR filter, , below.  What is the value of the 10

)(nx
)(nh th digital 

sample after filtering?   
 

)(nx = [138, 232, 253, 194, 73, −70,  −191,  −252,  −233,  −141,  −4, 135, 230, 253, 196, 
77,  −66,  −189,  −251,  −235,  −144,  −7, 131, 229, 253, 198, 80,  −63,  −186,  −251] 
 

)(nh  = [0.0788, 0.1017, 0.1201, 0.1319, 0.1361, 0.1319, 0.1201, 0.1017, 0.0788] 
 
−141*0.0788 − 233*0.1017 − 252*0.1201 − 191*0.1319 − 70*0.1361 + 73*0.1319 + 
194*0.1201 + 253*0.1017 + 232*0.0788 = −22.8522 
 

2.  Say that you have an IIR filter  where a = 

[0.389, −1.558, 2.338, −1.558, 0.389] and b = [2.161, −2.033, 0.878, −0.161].  Note that 
vector a is numbered starting at index 0 and vector b is numbered starting at index 1.   
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To find  for this filter so that you can define it with  )(nh
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you can evaluate a unit impulse run through the function 

.  Do this to get .  You'll have to give it a finite 

length.  Try 32 taps.  You might want to write a program to do the computation for you.  
Graph the impulse response that you get. 
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Here's a C++ program to create h(n). 
 
#include <iostream> 
#include <fstream> 
#define SIZE 32 
using namespace std; 
int main() { 
   double a[5] = {0.389, -1.558, 2.338, -1.558, 0.389}; 
   double b[5] =  {0, -2.161, 2.033, -0.878, 0.161}; 
   ofstream outfile("outfile.txt", ios::out); 
   int impulse[SIZE] = {0}; 
   double h[SIZE] = {0}; 
 
   impulse[0] = 1; 
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   for (int n = 0; n < SIZE; n++) { 
      for (int k = 0; k < 5; k++) 
         if (n-k >= 0)    
            h[n] = h[n] + a[k]*impulse[n-k]; 
      for (int k = 1; k < 5; k++) 
         if (n-k >= 0) 
            h[n] = h[n] - b[k]*h[n-k]; 
   } 
   for (int n = 0; n < SIZE; n++) 
      outfile << h[n] << endl; 
} 
 
The program gives this output 
 
0.389 
-0.717371 
-0.00307573 
0.235311 
0.211278 
0.0909824 
-0.025818 
-0.0931427 
-0.102926 
-0.0703815 
-0.0204674 
0.023482 
0.0471311 
0.0474724 
0.0306828 
0.00739461 
-0.0123057 
-0.0223294 
-0.0216838 
-0.013458 
-0.00262355 
0.00624729 
0.010509 
0.00987253 
0.0058772 
0.000850887 
-0.00313346 
-0.00493054 
-0.00448374 
-0.00255374 
-0.000227709 
0.00155676   
 
If you plot this in MATLAB, you get 
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If you picture this as symmetric around 0, it looks like a sinc function. 
 
This is a high-pass filter. 
 
You can verify your program by doing the same thing in MATLAB.  
 
>> b=[1,-2.161,2.033,-0.878,0.161]; 
>> a=[0.389,-1.558,2.338,-1.558,0.389]; 
>> [h,t] = impz(a,b); 
>> h 
 
h = 
 
    0.3890 
   -0.7174 
   -0.0031 
    0.2353 
    0.2113 
    0.0910 
   -0.0258 
   -0.0931 
   -0.1029 
   -0.0704 
   -0.0205 
    0.0235 
    0.0471 
    0.0475 
    0.0307 
    0.0074 
   -0.0123 
   -0.0223 
   -0.0217 
   -0.0135 
   -0.0026 
    0.0062 
    0.0105 
    0.0099 
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    0.0059 
    0.0009 
   -0.0031 
   -0.0049 
   -0.0045 
   -0.0026 
   -0.0002 
    0.0016 
    0.0023 
    0.0020 
    0.0011 
    0.0000 
   -0.0008 
   -0.0011 
   -0.0009 
   -0.0005 
    0.0000 
    0.0004 
    0.0005 
    0.0004 
    0.0002 
   -0.0000 
   -0.0002 
   -0.0002 
   -0.0002 
   -0.0001 
    0.0000 
    0.0001 
    0.0001 
    0.0001 
    0.0000 
   -0.0000 
   -0.0000 
   -0.0000 
   -0.0000 
   -0.0000 
    0.0000 
    0.0000 
    0.0000 
 
3.  Say that you have a graphic equalizer that allows you to divide the frequency 
spectrum into 30 bands, each separated by 1/3 of an octave.  If the first band is at 31 Hz, 
where are the remaining 29 bands, in Hz? 
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4.  For a peaking filter, assume that you want the center frequency of the curve defining 
the peak to be at 8000 Hz, and you want the bandwidth of the peak to be 1000 Hz.   
a.  What is the Q-factor? 
 

width

center

f
f

Q =  

8000/1000 = 8 
 
b.  What is the corresponding bandwidth of this filter, in octaves? 
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>> 2*log2(1/16 +sqrt(257/256)) 
 
ans = 
 
    0.1802 
 
c.  What is the Q-factor of a peaking filter with a central frequency of 2000 Hz and a 
bandwidth of 1000 Hz? 
 
2000/1000 = 2 
 
d.  What is the corresponding bandwidth of the filter, in octaves? 
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Computed with MATLAB: 
>> 2*log2(1/4 +sqrt(17/16)) 
 
ans = 
 

0.7140 
 
e.  What is Q if you want the peaking filter to span one octave? 

 

12
2
−

= n

n

Q  

 
  Q = the square root of 2 = 1.4142 
 
 
5.  The step response of a continuous filter is the integral of the filter – the area under the 
curve that graphs the filter.  Thus, the step response of a discrete filter would be the sum 
of the discrete points that define the filter.  Create the impulse response of a low-pass 
filter, or find some values in another source.  (See the online worksheets for how to create 
and FIR filter.)  Then determine the corresponding step response and graph it.  Describe 
what the step response tells you about the filter, with regard to the steepness of the step. 
 
Here's a C++ program for doing this.  The filter is a low-pass FIR filter with a cutoff 
frequency of 1000 Hz. 
 
#include <iostream> 
#include <fstream> 
#define SIZE 129 
using namespace std; 
int main() { 
   double fltr[SIZE] =  {0.0015,  0.0022, 0.0029, 0.0035, 0.0041, 0.0046, 0.0050, 0.0054, 0.0056,  \ 
   0.0058,    0.0058,    0.0057,    0.0055,    0.0052,    0.0047,    0.0042,    0.0035,    0.0027,   \ 
   0.0019,    0.0009,   -0.0001,   -0.0012,   -0.0022,   -0.0033,   -0.0044,   -0.0054,   -0.0064,   \ 
   -0.0073,   -0.0081,   -0.0088,   -0.0093,   -0.0096,   -0.0098,   -0.0098,   -0.0096,   -0.0092,   \ 
   -0.0085,   -0.0076,   -0.0065,   -0.0052,   -0.0036,   -0.0019,    0.0001,    0.0023,    0.0046,    \ 
   0.0071,    0.0096,    0.0123,    0.0151,    0.0179,    0.0207,    0.0235,    0.0263,    0.0289,    \ 
   0.0315,    0.0339,    0.0362,    0.0382,    0.0400,    0.0416,    0.0429,    0.0440,    0.0447,   \ 
   0.0452,    0.0454,    0.0452,    0.0447,    0.0440,    0.0429,    0.0416,    0.0400,    0.0382,    \ 
   0.0362,    0.0339,    0.0315,    0.0289,    0.0263,    0.0235,    0.0207,    0.0179,    0.0151,    \ 
   0.0123,    0.0096,    0.0071,    0.0046,    0.0023,    0.0001,   -0.0019,   -0.0036,   -0.0052,   \ 
   -0.0065,   -0.0076,   -0.0085,   -0.0092,   -0.0096,   -0.0098,   -0.0098,   -0.0096,   -0.0093,   \ 
   -0.0088,   -0.0081,   -0.0073,   -0.0064,   -0.0054,   -0.0044,   -0.0033,   -0.0022,   -0.0012,   \ 
   -0.0001,    0.0009,    0.0019,    0.0027,    0.0035,    0.0042,    0.0047,    0.0052,    0.0055,    \ 
   0.0057,    0.0058,    0.0058,    0.0056,    0.0054,    0.0050,    0.0046,    0.0041,    0.0035,    \ 
   0.0029,    0.0022,    0.0015}; 
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   double step[SIZE] = {0}; 
   double sum; 
   ofstream outfile("outfile.txt", ios::out); 
   step[0] = 0.0015; 
   for (int i = 1; i < SIZE; i++) 
      step[i] = step[i-1] + fltr[i]; 
   for (int n = 0; n < SIZE; n++) 
      outfile << step[n] << endl; 
} 
 
The resulting values, plotted in MATLAB, look like this:  
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The step is not very steep, indicating that there will be a good deal of ripple in filtered 
signal. 
 
6.  Dynamics processing, interactive tutorial and worksheet, online 
7.  Windowing method for FIR filter design, mathematical modeling worksheet, online 
8.  Z-transforms, zero-pole diagrams, and filters, interactive tutorial and mathematical 
modeling worksheet, online 
9.  Creating a filter via a transfer function, mathematical modeling worksheet, online 
10.  Creating FIR and IIR filters, mathematical modeling worksheet, online 
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