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EC581 DSP Projects: Lab Project #3

Dept. of Electrical and Computer Engineering

Rose-Hulman Institute of Technology

IIR Digital Filter Design Using QEDesign Filter Design Program

 IIR Filter Implementation via C-language Program,

 and Digital Wah-Wah Sound Effect

Last Modified on 3/15/2002 (KEH)


Part 1. Use of QEDesign Digital Filter Design Program

1. In this project we consider the design and real-time implementation of an infinite impulse response (IIR) digital filter.  We could again use MATLAB to design, evaluate, and even perform (off-line) IIR digital filtering in much the same way as we used MATLAB to design FIR filters in Lab Project 2.  To learn more about designing IIR filters in MATLAB, enter MATLAB and type HELP followed by one of these keywords (BUTTER, BESSELF, CHEBY1, CHEBY2, or ELLIP)  Instead, we shall use an even more convenient and powerful digital filter design program from Momentum Data Systems called QEDesign V3.02. You can read more about the latest version of this program at:

                                   (http://www.mds.com/products/qed1000.htm) 

Download the entire QED folder that is found in the AFS class directory to the DSP Lab PC’s “C:” drive.  This folder can be found at:
                           afs.rose-hulman.edu\class\ee\hoover\ece581\lab3\qedesign\

2. Start this program by double clicking on the “QED.EXE” program file inside this QEDESIGN folder.  Click on 

                                    Window –> Select Plots  

Then place a check mark beside all of the available plot options.  Then hit OK.

3. Click on Options – Quantized Coefficients.  A Set Quantization dialog box will appear.  Enter 24 significant bits, check Floating Point Quantization, and also check the Cascaded Second-Order Sections (Floating Point Implementation) options.  Then hit OK.

4. Now pull down the Design menu.  Check the IIR (infinite impulse response) option.  Also select the desired filter type.  (In this case, choose Band pass).   

5. A Band pass Filter dialog box will appear, which contains empty boxes into which the user must enter the desired parameters of the bandpass filter.  As an example, let’s design a band pass filter (BPF) that band-limits audio speech digitized at an 8000 Hz sampling rate using the Bell System telephone audio band, which extends from 300 to 3000 Hz.  Enter the following numbers into the dialog box:

Sampling Frequency:              8000
Passband:                                 300     3000
Stopband:                                 250     3500
All Frequencies in:                  Hertz
Passband Ripple (dB)
Maximum Attenuation:          3 
Stopband Ripple (dB)
Minimum Attenuation:          20

To implement this design, hit the Start button at the bottom of the Bandpass Filter dialog box.  An Estimated Filter Order dialog box now appears.   Note that for this particular set of specifications, a 6th order elliptic filter is needed, a 10th order Tschebyscheff (this is just an alternate spelling for Chebyshev!) filter is required, and a 24th order Butterworth filter is needed.   Let us choose the elliptic filter, which is already checked, as it is the lowest order filter that can meet the design criteria.  You should keep in mind, however, that sometimes other filter types should be chosen, even if they are of higher order.  For example, if no pass-band or stop-band ripple is wanted, you should pick the Butterworth (maximally flat) design.  If nearly constant delay over the filter’s passband (linear phase shift) is required to eliminate delay distortion of the in-band waveshape, you should pick the Bessel design.   You could also elect to enter a different order design for the selected filter, although if the order number that is entered is lower than the one recommended, the indicated filter specifications will not be met.  Then click on the OK button at the bottom of this dialog box.

6. The filter will be implemented and its associated performance plots will be displayed.   Note from the “log magnitude (dB)” frequency response Bode plot that the filter performance that was specified above is met.  For example, note that in the passband (between 300 and 3000 Hz), the filter’s gain magnitude ripples between 0 dB and -3 dB.  Likewise, in the stop bands (between 0 Hz and 250 Hz, as well as between 3500 Hz and above), the filter’s gain magnitude must never exceed –20 dB.   Obtain a hard copy of this plot for your report, and include this as Attachment A.  To do this, first click on Window – Plot Colors, Fonts & Font Sizes.  Then click on the Black on White button, and then the Done button.  The plots should change color.  This is a very important step, as it saves printer toner!  Then click on File –> Print.  

The “Group Delay” plot shows that the filter will offer different delays at different frequencies within the 300 to 3000 Hz passband.  This means that this filter will somewhat distort the waveshape of “in-band” multi-frequency signals, since different frequency components within the passband will arrive at the filter’s output at different times.  However, this is no problem when filtering audio signals, since the human ear has the remarkable property of being essentially “phase insensitive”.   Obtain a hard copy of this plot for your report, and include this as Attachment B.

Finally, obtain a copy of the resulting “Pole-Zero” plot of the filter’s transfer function, H(z).  In your report, you must “graphically interpret” the sinusoidal steady state response of the filter represented by this plot, showing that the indicated positions of the poles and zeros correspond to a rather sharp 300 – 3000 Hz bandpass filter, as represented by the companion “log magnitude” plot.  Recall that the sampling frequency, Fs = 8 kHz.  

Recall that the magnitude of the transfer function of a filter that has a multiplicative constant “K” (whose value is not revealed by the Pole-Zero plot) contains n zeros (z1, z2, … zn) and k poles (p1, p2, … pk)  is given by

                    |H(z)| = |K*(z - z1)*(z – z2)*…*(z – zn)/{(z – p1)*(z - p2)*…*(z - pk)}|

It is easily demonstrated that the magnitude of a product of complex numbers is the same as the product of the magnitude of the numbers, thus we may write


                                |H(z)| = K*|z - z1|*|z – z2|*…*|z – zn|/{|z – p1|*|z - p2|*…*|z – pk|}

But each of the numerator terms of the form |z – zn| can be geometrically interpreted on the Pole-Zero plot as the distance between the observation (input signal) frequency and the nth zero, while each of the denominator terms of the form |z – pk| can be geometrically interpreted as the distance between the observation frequency and the kth pole.  Thus the magnitude of the digital filter’s transfer function |H(z)| is proportional to the product of the distances of the zeros to the observation frequency (signal frequency), divided by the product of the distances of the poles to the observation frequency.  Note that we say “proportional to” because we do not know the value of the multiplicative constant “K”, unless additional information is given, such as the gain magnitude at a given frequency.  In this case, we desire the gain of the filter to be unity in the middle of the bandpass filter’s passband, and from this additional requirement, K can be determined, if desired.  If the input signal to the filter is a sinusoid ranging in frequency from 0 to Fs/2 = 4 kHz, recall that the analog sinusoidal steady state input signal frequency corresponds to a point somewhere on the upper half of the unit circle in the z-plane, where z = exp(j2*pi*f*T) where T = 1/Fs).  Recall that the rightmost point on this unit circle corresponds to zero frequency, f = 0 Hz; the uppermost point on the unit circle corresponds to a steady-state input sinusoid of frequency f = Fs/4 = 2 kHz., and the leftmost point on the unit circle corresponds to a steady-state input sinusoid of frequency f = Fs/2.  Locate as precisely as possible (you will need to use a protractor) the points on the upper-half of the unit circle on this filter’s Pole-Zero plot that represent the frequencies 250 Hz, 400 Hz, 2800 Hz, and 3500 Hz.  Note that the middle two of these given frequencies are just inside the specified filter passband, while the outer two are outside the passband).  Draw lines from the observation frequency on the unit circle to each of the poles and zeros.  Then measure the lengths of these lines carefully with a ruler (using any desired units – just so you use the same units for all distance measurements.)  Calculate the relative gain that corresponds to each of these four observation frequencies.   Recall that these gains will be accurate to within a multiplicative constant “K”; that is why I call them “relative gains”.   Include this Pole-Zero plot, along with your graphical measurements and calculations for the filter gains at the four sinusoidal test frequencies, as Attachment C.  Because this is a bandpass filter, the gains at the two middle test frequencies should be considerably greater than the gains at the two end test frequencies.  What is a reasonable value of “K” that will force the filter to exhibit unity passband gain?

7. Save your design specifications and filter design coefficients.  Do these by clicking on File –> Save As.  Then check the Save Problem Specifications and Create Quantized Coefficients File options.  Then click on OK.  You will be prompted to enter the desired name of the filter specification file (BELL.SPC) and the filter coefficient file (BELL.FLT).  Include a printout of this IIR filter coefficient text file as Attachment D.

Part II. Real-Time IIR Digital Filtering Program in C

1. Appendix A shows how the QEDesign cascaded Direct Form II, 2nd-order section, floating point, filter coefficients relate to the Direct Form II IIR digital filter topology.  Note that the QEDesign coefficients may be different from the filter coefficients of 2nd-order IIR filter sections shown in most DSP textbooks.  For example, some coefficient signs have been changed to eliminate the need for subtraction in the DSP algorithm, which may be an advantage, depending upon the DSP chip architecture.  Also, to reduce the number of calculations required, one of the coefficients has been eliminated from each of the 2nd-order stages by factoring it into a single “Overall Gain Coefficient.”   

A C-language digital filtering program is given in Appendix B that implements the following digital filtering equations for each stage (as developed in Appendix A):

                               w(n) = x(n) + a1w(n - 1) + a2w(n – 2)
                               y(n) = w(n) + b1w(n – 1) + b2w(n – 2)

Note that the output value from one 2nd-order stage becomes the input value for the next stage.  Note that this program also performs a single final multiplication by the “Overall Gain Coefficient”, Hd.

2. Set the function generator to deliver a 1-kHz sine wave whose amplitude is adjusted so as not to distort the output waveform over the entire passband frequency range.  As you vary the frequency of the input sine wave between 100 Hz and 6 kHz, observe that the sine wave is only heard over the intended passband (300 to 3000 Hz).  


3. Now connect an oscilloscope in place of the audio amplifier, and measure the gain at several (at least 10) frequencies, which include points in the filter’s stop bands, transition bands, and in its passband.  Plot these measured gain values (in dB) directly over the log-magnitude gain plot obtained by QEDesign.  Your observations should fall reasonably close to the predicted filter’s gain magnitude.  As in the previous FIR digital filter lab, you may have to add a constant offset (in dB) to the measured dB gain data, in order to account for the unknown gain of the mixer box (unless the mixer box is bypassed).  Include this gain plot, along with the hand-plotted gain values plotted directly over the QED predicted filter gain plot, as Attachment E.


Part III.  Digital Wah-Wah Audio Special Effect Program
The “Wah-Wah” audio sound effect mimics the characteristic human “wah” sound that is made as the lips are gradually changed from a small “o” to a big “O” shape.  At the same time, the vocal cords are forced to emit an impulse train of constant pitch (frequency).  This impulse train is created by “puffs of air” periodically escaping through the cords held together under a certain tension, which sets the pitch period.   Try making this sound yourself right now!  The vocal cords typically vibrate at a relatively low fundamental frequency, perhaps 100 Hz.  However, the spectrum of an impulse train is “spectrally flat”, thus all harmonics are present with equal amplitude.  (Of course, the waveform emitted by the vocal cords is not a perfect impulse train, so the harmonics are still strong, though they do decrease with harmonic number.)  Thus many frequencies are present in the impulse train produced by the vocal cords, consisting of a 100 Hz, 200 Hz, 300 Hz, ... sinusoids.  Thus, this waveform is “spectrally rich”. As the lip and mouth shape gradually change while making the “wah” sound,, the vocal tract acts something like a lowpass filter with a pronounced resonance peak near its cutoff frequency.   As the lips are gradually changed from the small “o” to the big “O” shape, the cutoff frequency of the lowpass filter formed by the vocal chords changes in two ways.  The break (cutoff) frequency gradually changes from a low value to a higher value, and the height of the resonance peak (Q of the filter) changes.  Thus, as the vocal tract filter goes through these changes, at first only a few of the lower frequency harmonics are emphasized at the output (mouth).  However, as the mouth becomes wider and wider as the “wah” sound is carried to completion, the break frequency of the lowpass filter rises, and more and more of the higher frequency harmonics come out of the mouth.

The classic “Wah Wah” audio effects pedal consists of a pedal-operated, lowpass analog filter with a continuously variable cutoff frequency. The pedal uses a variable analog lowpass filter with a strong resonance peak near its cutoff point.  Because this peak especially emphasizes the harmonics near the break frequency, it is a little hard to characterize this as a lowpass filter or a bandpass filter.  This effect is especially interesting when applied to a “spectrally rich” audio signal, such as that obtained by playing a guitar through a signal clipping network (distortion box), which serves to spectrally richen the guitar waveform.  To hear audible examples of classic guitar “wah-wah”, visit the following URL:

       http://www.betterguitar.com/Equipment/Effects/WahTechniques/WahTechniques.shtml

Your assignment is to see how close you can come to digitally emulating the sound of a classic analog Wah-wah circuit on the C67 EVM DSP board.  Modify the digital IIR filtering program of Appendix B so it switches, at regular intervals, from one set of filter coefficients to another. Each successive set of coefficients corresponds to a bandpass filter of slightly higher passband.  Also, to enhance fidelity and decrease the clicks and pops associated with changing the filter coefficients by decreasing the filter transient response times, choose a sampling rate of 44,000 Hz instead of 8,000 Hz.  (Be sure to take this higher sampling frequency into account when you use QEDesign to design the filters!)


Use QEDesign to determine coefficients for eight (or more!) 4th-order Tschebyscheff IIR lowpass filters (LPFs). The eight LPFs should have break frequencies at 200 Hz, 400 Hz, 800Hz, 1200 Hz, 1600 Hz, 2000 Hz, 2500 Hz, and 3000 Hz.  (You can put in any reasonable pass frequency, stop frequency, and stopband and passband ripple values that you want.)   Recall that after the QEDesign program is started, and a specific filter order has been recommended, you can override it by entering the desired order (= 4) in the “Enter desired filter order” box at the bottom of the window.

Now modify the digital filtering program of Appendix B, so that it uses the first set of coefficients for about 0.1 seconds, the second set for about 0.1 seconds, the 3rd set for about 0.1 seconds, etc. Then allow the process to repeat.  You will probably want to do this by incrementing an interrupt counter variable in your interrupt service routine.  Please note that such a counter must be declared as a “global variable” up at the top of the C program, rather than a local variable inside the interrupt routine, since local variables do not persist after the interrupt routine is finished.  You should be able to hear a “wah” sound as you listen to the output of this filter, whose LPF break frequency is varied, as a 50 Hz square wave is played into it. Why will the “wah” effect not be apparent if you use a 440 Hz sine wave instead of the spectrally rich 50 Hz square wave? You may have a problem with an annoying click or pop as you switch between different sets of filter coefficients.  If this is a problem, can you suggest ways to reduce the click?   Demonstrate this program to the lab instructor, get his signature on your program listing, and include this program listing as Attachment F.
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Explanation of liR (Floating Point Cascaded, Second-Order

Section) Filter Coefficients Produced by QEDesign.

Start with 2nd-order "Biquadratic” digital filter transfer function (the
actual filter will consist of one or more cascaded biquadratic stages):
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First simplification: divide top and bottom by e, thereby eliminating
one of the denominator coefficients (7). Now H(z) becomes:
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Second simplification: Factor d, out of numerator:
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Hence in a filter consisting of N cascaded biquad sections, only 4
coefficients, b4, by, ¢4, and ¢, need to be specified for each of the N
sections. The Hy constant can be multiplied together with the Hy
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Leaving out Hy (with the understanding that it will be multiplied in at a
later stage of the filtering process, as part of the overal gain constant,

HyoveraLL), we have
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where H(z) = H4H(2) (2)

To implement this filter in Direct Form Il, we introduce the "auxilliary
function"” W(z):
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From (4)
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Solving for W(z)

W(2)=X(2) - W(2)cyz - W@rcyz?  (5)
Because most DSP chips have a "multiply and accumulate” (multiply
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and add) instruction, but NOT a "multiply and subtract" function, the
¢4 and ¢, coefficients are negated to yield
W(2)=X(2) + W(2)aZ +W(z)ayz” (6)
where a =-c; and ay=-Coy

From (3)
Y=W(2)+W(z2)b 2 + W(2)b,yz > 7

Finally, from (6) and (7), the Direct Form Il biquad function H(z)
can be implemented. Remember that Hy must be multiplied back in
later, as part of the overall gain constant, HyoveralL-

When (6) and (7) are used to implement the filter, the following Direct
Form Il filter topology is realized:
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Appendix B.  Real Time C-Language IIR Digital Filtering Program

/* Floating Point FIR Digital Filter Implementation */

/* EC581 Digital Signal Processing Laboratory       */

#include <stdlib.h>

#include <stdio.h>

#include <string.h>

#include <Mcbspdrv.h>

#include <Common.h>

#include <Intr.h>

#include <Board.h>

#include <Codec.h>

#include <Mcbsp.h>

#include <mathf.h>    

float
A[3][2],B[3][2],DLY[3][2];    /* A,B arrays hold IIR filter coeffs 

                                         where left subscriptis stage number, 

                                         and right subscript is coeff number 

                                         DLY array holds past input samples*/

float   Hd;

                                      /* Overall Gain Coefficient */                                                 

void hookint(void);

interrupt void McBSPRcvISR(void);  

int main()

{   

   Mcbsp_dev dev;

    Mcbsp_config mcbspConfig;

    int sampleRate,Actual_Sampling_Rate;   

  Hd = .33511514;                 /* overall gain                       */

  B[0][0] = .00000000 ;           /* section  1 coefficient B1          */

  B[0][1] = -1.0000000;           /* section  1 coefficient B2          */

  A[0][0] = .64982027;            /* section  1 coefficient A1          */

  A[0][1] = -.16974461 ;          /* section  1 coefficient A2          */

  B[1][0] = 1.6327429 ;           /* section  2 coefficient B1          */

  B[1][1] = 1.0000000 ;           /* section  2 coefficient B2          */

  A[1][0] = -1.2894602;           /* section  2 coefficient A1          */

  A[1][1] = -.87740219 ;          /* section  2 coefficient A2          */

  B[2][0] = -1.9672530 ;          /* section  3 coefficient B1          */

  B[2][1] = 1.0000000 ;           /* section  3 coefficient B2          */

  A[2][0] = 1.8988892 ;           /* section  3 coefficient A1          */

  A[2][1] = -.95734304;           /* section  3 coefficient A2          */

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

    /* Initialize EVM                                     */

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

    printf("Initializing EVM board\n");

    evm_init();     

    printf("Done initializing EVM\n");

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

    /* Open MCBSP                                         */

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

    mcbsp_drv_init();   /* initialize McBSP driver, allocates memory for 

                           the device handles */

    dev=mcbsp_open(0);  /* dev is the handle to control the McBSP */

    if(dev==NULL)

    {

        printf("Error Opening MCBSP 0\n");

        return(ERROR);

    }

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

    /* Configure McBSP                                    */

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

    memset(&mcbspConfig,0,sizeof(mcbspConfig));

    mcbspConfig.loopback            =FALSE;

    mcbspConfig.tx.update           =TRUE;

    mcbspConfig.tx.clock_mode       =CLK_MODE_EXT;

    mcbspConfig.tx.frame_length1    =0;

    mcbspConfig.tx.word_length1     =WORD_LENGTH_32;

    mcbspConfig.rx.update           =TRUE;

    mcbspConfig.rx.clock_mode       =CLK_MODE_EXT;

    mcbspConfig.rx.frame_length1    =0;

    mcbspConfig.rx.word_length1     =WORD_LENGTH_32;

    mcbsp_config(dev,&mcbspConfig); /* configuration adjustments */

    MCBSP_ENABLE(0,MCBSP_BOTH);     /* McBSP is activated        */

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

    /* Configure CODEC                                    */

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

    codec_init();

    /* A/D 0.0dB gain, turn on 20dB mic gain, sel(L/R)LINE input */

    /* Set codec for stereo mode of operation                    */

    codec_adc_control(LEFT,MAX_ADC_INPUT_GAIN,FALSE,LINE_SEL);

    codec_adc_control(RIGHT,MAX_ADC_INPUT_GAIN,FALSE,LINE_SEL);

    /* Mute(L/R)LINE input to mixer to avoid bypassing DSP processing. */

    codec_line_in_control(LEFT,MIN_AUX_LINE_GAIN,TRUE);

    codec_line_in_control(RIGHT,MIN_AUX_LINE_GAIN,TRUE);

    /* D/A 0.0dB attenuation, do not mute DAC outputs */

    codec_dac_control(LEFT,0.0,FALSE);

    codec_dac_control(RIGHT,0.0,FALSE);  

    sampleRate=8000;

    Actual_Sampling_Rate = codec_change_sample_rate(sampleRate,TRUE);  

    /* set to the closest allowed rate */

    printf("The actual sampling rate is = %d\n",Actual_Sampling_Rate);

    codec_interrupt_enable();   

    /* codec generates interrupts when data are received in the DRR */

    hookint();    

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

    /* Main Loop, wait for Interrupt                      */

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

    while(1)

    {

    }

}

void hookint()

{

    /* an interrupt is assigned to DRR event of the serial port

       then, the interrupt will branch to ISP */

    intr_init();    /* initialize ISTP with the address of vec_table.  

                Placing the base address of the vector table in ISTP */

    intr_map(CPU_INT15,ISN_RINT0);  /* map CPU_INT15 to DRR interrupt */

    intr_hook(McBSPRcvISR,CPU_INT15);  /* connect ISR to the

                                                CPU_INT15 */

    INTR_ENABLE(15);

    INTR_GLOBAL_ENABLE();

    return;

}

interrupt void McBSPRcvISR(void)

{

    /* ISR for the DRR interrupt */

    int intsamp,i;

    float floatsamp,out,w;

    intsamp=MCBSP_READ(0);     /* read from DRR */  

    intsamp = (intsamp >>16);  /* Shift right channel data down to bottom 16 bits */

    if(intsamp & 0x8000) 

        intsamp = intsamp | 0xffff0000; /*Sign extend right channel data          */

    floatsamp = (float) intsamp;        /*Convert right channel to floating point */

    for (i = 0; i < 3; i++)

        { 

          w = floatsamp+A[i][0]*DLY[i][0]+A[i][1]*DLY[i][1];

          out = w + B[i][0]*DLY[i][0]+B[i][1]*DLY[i][1];    

          DLY[i][1] = DLY[i][0];

          DLY[i][0] = w;

          floatsamp = out;

        }    

    out = out*Hd;

    intsamp = (int) out;     /* Convert result back to integer form           */

    intsamp = intsamp << 16; /* Shift result back into Right Channel position

                                   while zeroing the Left Channel position    */

    MCBSP_WRITE(0,intsamp);  /* Send to CODEC (right channel only)            */

}

