Manual for DSP-SIM version 1.0

Introduction

This program simulates a DSP-processor. Many people who study the algorithms for FIR and IIR filters can hardly imagine what the effect of certain coefficients is on the filter. For this reason I have written this program.

You can simulate the behaviour of a FIR or IIR filter. The DSP processor can sample with frequencies ranging from 1000 Hz to 48 kHz and the ADC and DAC have resolutions of 8, 10, 12 bits.

At the left side you see a simulated signal generator. This generator can generate signals between 90 Hz and 110 kHz (simulated of course!). At the top right is a simulated oscilloscope and at the bottom is the area where you can enter the coefficients for the FIR and IIR filters. To start and stop the simulator you can use the buttons at the bottom left.

N.B. this simulator will only let you simulate filters, it is not a tutorial on how to calculate those FIR and IIR filters!

If you want to know more about DSP, read:

Introductory Digital Signal Processing (with computer applications) by Paul A.

Lynn and W. Fuerst, John Wiley & Sons 1994).

The signal generator

With the central slider you can adjust a frequency factor between 0.9 and 11.0. 

This "dial" frequency can be multiplied by 10, 100, 1000 or 10,000 to get the real frequency. The default amplitude is 1.00. This amplitude is the maximum amplitude the ADC can handle. When you increase the amplitude the signal will be cut-off. Finally you can select the wave shape at the bottom of the generator.

The oscilloscope

The signal can be visualised on the screen. It isn't possible to determine the amplitude of the signal in volts, but when the input signal is maximum then the amplitude of the output signal is two divisions (four divisions peak-peak).

By default the sampled input signal is visible at the top of the oscilloscope. 

Because the shape of this signal is rather well known, the amplitude is divided by three, so there is more space for the output signal. When the amplitude of the input signal is very small, the signal can hardly be seen. To examine the phase relationship between the input and output signal it is possible to normalise the input signal (option xn(norm)). When you aren't interested in the input signal at all, it can be switched off (Don't show). The output signal will then be centralised on the screen.

N.B. the oscilloscope shows the sampled input signal. This is not possible with a real DSP, but I have done this for educational purposes. With small input signals you can see the separate samples very well.

The timebase can be used to enlarge the screen by a factor of two. In this way 

it is easier to see the separate samples.

The vertical resolution of the screen can be increased by 50 (Gain slider). 

In this way even the smallest output signals can be made visible on the screen. 

An attenuation factor of 50 dB can be estimated this way. 

It is possible that the calculated amplitude of the output signal is larger than the DAC can handle. This leads to severe distortion. To warn the user of the program for this a DAC-overflow light will be turned on in this case.

Because of the digital nature of the simulation, it is possible that every sample has the same phase. In that case it is impossible to trigger on the signal. In the program the phase is then slightly increased every time a sample is taken, until the signal is triggered again. The green "Trig" light isn't blinking then. When the green light is blinking then the simulator runs fine.

By default you can see the separate samples in the signal. In most practical situations the output of the DAC is followed by a low-pass filter. I have added the possibility to switch on a simple low-pass filter on the in and output.

The DSP-processor

The settings of the processor can be made via the tabbed folder. The Info-tab gives some information about the program.

The tab "Settings" allows the user to change the samplerate and the resolution of the DSP. Sample rates can be made between 1000 Hz and 48 kHz and the resolution can be 8, 10 or 12 bits.

The FIR filter tab

Fir filters are made up from a large number of coefficients. When you start the program you start with what is called a moving average filter. In this example we have 48 coefficients with the same value of 1/48. This filter is a low-pass filter. The attenuation is maximum when a complete sine period takes 48 samples. When the sample frequency is 1 kHz, that is the case, so the attenuation is maximum for 1 kHz i.e. there is no output at 1kHz. The same applies for frequencies of 2 kHz, 3 kHz, 4 kHz, 5 kHz etc. In between those points the amplitude is rather large.

You can load a file with FIR-coefficients into the DSP-processor (Load-from-file button). You can make or edit those files with a normal text editor (See the part about "Files" in this manual).

A FIR filter example:

Make sure the sample frequency is 48 kHz, resolution 12 bits.

Make the frequency very small. F.i. 100 Hz and set the timebase at 0.4 ms/div.

Observe that the amplitude is two divisions (xn Don't show). When you increase the gain to 2.0 the amplitude of the signal is 4 divisions. Now increase the frequency and observe the minimum at 1.000 kHz. Continue to increase the frequency and you will observe that the amplitude is maximum again at about 1.5 kHz. The amplitude then is about 0.8 divisions, so the attenuation is -20 log(0.8/4) = 14 dB.

Another way to calculate the attenuation is as follows:

You can also increase the gain so the amplitude is 4 divisions again. You will notice that the maximum amplitude then is not at 1.5, but at 1.45 kHz. And the 

Gain will be about 9.0. Thus the attenuation will be -20 log(2/9) = 13 dB.

The -3 dB points of filters can be estimated by realising that when the amplitude at maximum is 4 divisions, the amplitude at the -3 dB points will be at  4 / SQRT(2) = 2.83 divisions. So we find the -3 dB point of this filter is at about 460 Hz.

More advanced filters have much better properties, but a description of how to calculate them is beyond the scope of this manual. Read the book of Fuerst and Lynn if you want to know more about the subject.

The calculation of FIR filters by hand can be very cumbersome when done by hand. The easiest way to calculate those coefficients is with a spreadsheet program. F.i. Excel (for MS Windows) or StarOffice. by selecting the desired column of the spreadsheet and pasting it into a text file you can create the files you need. I have include a few examples in the package.

IIR filters

When you select the IIR Filter tab, you see the formula for IIR filters and a grid with IIR coefficients. Default is only the value of b[0] given, so the formula is: y[n]= x[n] i.e. the output signal is equal to the input signal. When you start the DSP you will see that that is correct (Note that the value of the input signal is attenuated by three on the screen).You can change the values of the coefficients, by selecting a cell and entering a new value. The value of a[0] is not used in the simulator.

CTRL-DOWN (CTRL-key and Cursor down) allows you to add a new line in the table.

CTRL-UP will delete the last line in the table.

Example 1:

An amplifier with amplification 2 can be made by changing the value of b[0] to 2. Start the simulator to see the effect.

You will see the DAC overflow light will blink, because the output signal is too large. Notice the large distortion that will occur. You have to decrease the input signal to less than 0.50 to stop this effect.

Example 2:

A differentiating network can be made by making b[0]=1 and b[1]=-1. a[0] and a[1] are 0. You will see that the phase difference between the input and output signals are 90 degrees. When the input signal is at maximum, the amplitude of the output will be zero and vice versa. The amplitude of the output signal is increasing with frequency as you can expect from a differentiating network.

Example 3:

A simple bandpass filter with maximum at 1/10 th of the sample frequency can be made with the formula:

y[n]= 1.5 y[n-1] - 0.85 y[n-2] + x[n] so

a[1]=1.5, a[2]= -0.85 and b[0]= 1. 

Files 

The user can make the text files to be loaded in DSP-SIM in several ways.

Use a simple text editor and fill-in the data by hand (not recommended). Youcan also write a program in C or another language that outputs the desired text file.

The layout of the text file must be as follows:

The first line of the file must be: //DSP_SIM. 

Somewhere in the program there must be a line with type information. So there must be a line like //TYPE FIR or //TYPE IIR 

Note the text must be in capitals.

A line of text  with the title of the filter can be displayed. This text can be something like: //TITLE lowpassfilter 4 kHz

All lines starting with // are considered as comment

After the lines with comment the coefficients follow. Every coefficient on a line of its own. After the data a comment (starting with //) is allowed.

For IIR filters the rule is that the a[n] coefficients follow after a line

//a[n]. Then the b[n] coefficients will follow after a line //b[n].

N.B. When the lines with //DSP_SIM or //TYPE are missing a warning is issued.

So for a fir data file consisting only of data, the data will be read in correctly, but the program warns against a possible wrong file.

The number of coefficients for FIR filters must be less than 300 and for IIR filters less than 100.
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