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EC581 DSP Projects: Lab Project #8

Dept. of Electrical and Computer Engineering

Rose-Hulman Institute of Technology
Hyperception Ride 4.2 (Real-Time DSP via Block Diagram)
Last Modified on 7/29/00 (KEH)

Note: Due to problems with the Hyperception RIDE 4.2 EVM67x CODEC drivers, the real-time (RT) C67x blocks had to be replaced with non-RT blocks from the “Simulation Library”.   Simulation library blocks make no use of the DSP card; all DSP operations are performed in real-time on the PC.   The sound card A/D was used, instead of the A/D on the DSP card, with a frame size of 8000.  Smaller frame sizes made the processed speech sound “too choppy”.  In anticipation that Hyperception will have the problem fixed with the RT C67 blocks before the next time this lab is done, the lab write-up directs the student to use the C67 RT blocks.

1. Use of Hypersignal Filter Design Program
Click on the VAB icon to start Hyperception Virtual Application Builder.  Then, from the “VAB Tools” menu, start Hypersignal Ride 4.2.  

Then from the “Ride 4.2 Tools” menu, start the Hypersignal “Filter Design” program.  Check Filter Design: Elliptic, Filter Type: Lowpass.  Set Sampling Frequency: 12000 Hz, Bandwidth: 3000 Hz, Transition BW2: 50 Hz, Stopband Attenuation: 60 dB, Passband Ripple: 1 dB, Filter Order: 12 (initial guess at needed order).

Now click on “Apply”.  You will be told what filter order you actually need to meet the specifications.  You may type the correct order into the “Filter Order” field.   

Now you can examine the filter design performance by clicking on the various tabs, such as “Frequency Response”, “Phase Response”, “Impulse Response”.  

To save the 3 KHz LPF IIR filter design file that you just designed as LPF3K, click on 
                                         File – Save As – LPF3K    [Enter]

Note that the filter design data is saved in a file called LPF3K. IFD, and the corresponding filter coefficients are saved in a file called LPF3K.IIR.  You can view these coefficients, which have been factored into several cascaded second-order (biquadratic) sections, as discussed in an earlier lab project, by clicking on the “Coefficients Tab”.


2. Testing the IIR LPF filter design.  
Go back to Hypersignal Ride 4.2 window.  Click on File – New to bring up a new worksheet.  Press Ctrl-B to bring up the “Block Function Selector” menu.  Select “Real-Time Library” Then click on “Select all Groups”.  Double left click on “RT IIR Filter”.  A filter block should appear in the upper right corner of the screen.  Drag it to the middle of the screen and drop it there.  Next click on “RT Sweep Generator” and drag it to the left of the IIR filter block.  Finally, click on “RT DSP to PC Upload ” and drag it to the right of the IIR filter block.  Click a second time to create a second copy (instantiation) of the “RT DSP to PC Upload” block, since there are two D/A channels.   Then, change to the “Simulation Library” and select the “Sound Card” group list.  Click on “Sound Card D/A” (I have not had much luck making the Hyperception DSP D/A work reliably, which is too bad!)

Connect the blocks by clicking on the “Connect” symbol, which the eighth icon from the left along the top border of the screen.  Connect the output of the sweep generator to the input of the IIR filter by clicking just behind the connection arrow for the generator (position the cursor behind this arrow and wait for the “Out 0” symbol to be displayed).  Then left click.  Next, position the cursor behind the input connection arrow and wait until the “In 0” symbol is displayed, then left click.  A connection wire should now appear to show those two terminals have been connected.  Connect the output of the IIR filter to BOTH inputs of the DSP to PC Upload blocks.  Connect the outputs of the Upload blocks to the Sound Card D/A inputs.

Left click on the Sweep Generator block.  Set the amplitude to 0100, the min frequency to 100 Hz, the max frequency to 6000 Hz, and the sampling frequency to 12000 Hz.  Set the frame size to 8000, and the step size to 8000.

Left click on the IIR filter block.  Browse to find the LPF3K.IIR coefficient file that corresponds to the 3 kHz lowpass elliptic IIR digital filter that was designed in Part 1.  Then double left click on this file to select it.  Now the IIR filter block has become the 3 kHz LPF that was designed earlier!  

To run the simulation in real time (on the DSP board) simply click on the “green traffic light” icon.  Make sure the speakers are plugged into the Sound Card (not the DSP card’s) output jack.  You should hear only the portion of the sweep generator output that falls within the passband of the LPF.  Now stop the simulation by clicking on the Red traffic light icon.  Now you can connect one of the D/A channels directly to the output of the sweep generator.  Now start the real time system again.  Listen to the output of each loudspeaker separately.  You should be able to hear that one speaker plays the entire sweep, while the other plays only the portion that is within the passband of the filter.  The clicking you hear in the background is due to the 256 sample frame size that is used.  I have tried to increase the frame size, but run out of memory.   Apparently RIDE’s memory map needs to be changed to support a larger frame size.


3. Adding Spectral Display
Now construct two spectrum analyzers by selecting two “RT FFT” blocks, two “RT Magnitude” blocks, and two “RT DSP to PC Upload Blocks” from the Real Time Library, then change to the “Simulation Library” and select two “Single Channel Display” blocks.  Connect one spectrum analyzer to the output of the sweep generator, and the other to the output of the IIR filter.  Run the worksheet.  Obtain a 


4. Replacing the Sweep Generator with Human Voice
Now change to the Simulation Library and select the “File I/O Functions”.  Click on File Read.    Delete the sweep generator block and replace it with the File Read block.  Copy the “Test123.Wav” file from the class directory into a local folder on the hard drive.  Left click on the File Read block to bring up its configuration menu.  Set the file name and path to point to the Test123.Wav file. Check the “Infinite Loop” box, uncheck the others. Set the File Format to “Wave”.  Set “Data Precision” to FLOAT.  Set the Sample rate to 12000 Hz and the frame size to 256.    When you run the simulation, you should hear the continuously repeating message filtered (band limited to 3 kHz) in one channel (loudspeaker) and unfiltered in the other.  You should also be able to observe the band limiting on the two spectral displays.

5. Now connect two 3 kHz LPFs, one RT multiplier block, and one 3 kHz RT sine generator (set to an amplitude of 10, to avoid overflow) to make a spectral inverter system, as shown in Figure 1.   

Figure 1.  Block diagram of spectral inverter system (audio scrambler)



Analysis:  (Include this in your lab report.)  If the magnitude spectrum of the signal x(t) is given by |X(f)|, sketch the magnitude spectra of s(t), r(t), and y(t).  You should be able to show that the spectrum of y(t) is a flipped version of the spectrum of x(t), where low and high frequency components have been interchanged.

Connect a function generator set up as a swept sine-wave generator, to the A/D input of the EVM.  Listen to the results and observe the real-time spectral displays (one moves up, the other down).  

Then replace the spectral inverter with the File Read block.  Listen to the result.  You should NOT be able to understand what the spectrally inverted audio speech clip says, but you should be able to easily understand the descrambled clip!



6. Audio Descrambler

Construct a second, identical spectral inverter, and connect its input to the output of the first stage.  Feed the audio source through the first spectral inverter (scrambler) and then on through the second spectral inverter (descrambler), and play both the scrambled and the descrambled speech through the loudspeakers.  

Your lab report need only consist of a printout of this final block diagram along with the instructor’s signature certifying that your descrambled speech was intelligible!
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