ECEn 487 Digital Signal Processing Laboratory

Lab 1

Introduction to the Software Development 

Environment and Signal Sampling

Due Dates

This is a two-week lab.  All TA check off must be completed before 3:00 p.m. January 31, or the lab will be marked late.

Submit answers to the questions from the last page of this handout at the beginning of lab on:

Friday, January 25

Lab book write-up copy submission, beginning of lab class:

Friday, February 1

Objectives
The purpose of this lab is for each student to become familiar with the MATLAB data acquisition and processing environment, and to study the effects of signal sampling, aliasing, and basic signal input/output and plotting operations. 

Introduction
In many real-world DSP applications a specialized microprocessor called a "Digital Signal Processor" is used to implement the structured, repetitive, high speed mathematical operations needed for "real-time" operation.  Other high-speed DSP processor options include field programmable gate array (FPGA) implementations, or graphics processor units (GPUs) which were originally designed for high speed graphic display calculations.  For lower sample rates (i.e. in the audio range) and fewer input/output channels (e.g. stereo) most modern PCs are capable of keeping up with some significant signal processing in real time.  We will use the lab PCs as our real-time platforms, even though the Windows operating system is not well suited for such applications.
 You will be using the built-in sound card of you lab PC as your data acquisition (ADC) and output (DAC) device.  Processing will be performed using MATLAB and on your general-purpose microprocessor.  MATLAB does have some limited provisions for real-time interfacing with the sound card, and though MATLAB is a relatively slow computational environment (due to its default double precision floating point arithmetic and its implementation as an interactive interpreter) we will generally be able to keep up with the sample rate.  We will provide you with some template code for fifo queue buffered dsp i/o.
This lab is intended to familiarize you with the analog signal sampling and output functions in MATLAB, and to help you understand some of the implications of decisions you make in designing a data acquisition system.

Reading Assignment
1.
MATLAB Help documentation for the following functions:
sound, soundsc, wavrecord, wavplay, wavread, wavwrite, "debugging with the debugging window," and optionally: "creating graphical user interfaces."

2.
Sections 4.1 and 4.2 of Oppenheim and Schafer.

Task 1 Familiarization with MATLAB ADC - DAC Operation: loopback program. 
In this task you will write a MATLAB script to sample an audio function generator and CD stereo signal using the built-in sound card, and play the signal out to speakers.  This loopback program performs the same function as a simple audio patch cable (but with long delays and some dead time glitches between windows.) but will be the basis for future code development.

Procedure
1. There are two mini-stereo phono jacks on the back panel of your lab PC:
Blue: Line-in.  Green:  Line-out.  The blue line-in connection will be used in all labs as the input to your analog to digital converter (ADC, or A/D).  You must keep signal levels low (below 1 Volt peak) to avoid damaging the sound card.    Connect your amplified speakers to the green line-out connection.  When you are done with this lab, leave your cables plugged into the back of the computer for future use.

2. Plugging in the cables should automatically enable back panel audio I/O connections.  It should bring up the RealTek Audio dialog box in which you can set the “Default Format” to “16 Bits, 48000 Hz.”  For manual controls, select the Windows control panel → Hardware and Sound → Sound  → ReaTek HD Audio Manager.  Poke around here to make sure “line input” is selected for recording, and “line out” for output rather than speakers.  Master levels should be set at about 50 out of 100 for both input and output.  Make sure the configuration is set for stereo. Also, on the “Line In” tab, disable the speaker icon on the right side of the “playback volume” slider.  This keeps the input analog signal from bleeding through to the speaker outputs.
3. Startup MATLAB.  There are least two copies of MATLAB available on your machine, but you need to use the local copy to get sound I/O functions to work right.  Access this at: 
All Programs → ECEn Local Programs → MATLAB R2012a (or latest version).  
Also, make sure that you write and save all your scripts and data to either a removable USB memory stick, or to your personal CAEDM account network mounted J: drive.  To insure this you must browse to your folder using the “. . .” button on the “Current Folder” window of the MATLAB desktop.  If you write your files on the local machines hard drive, it may be erased when you return, or you may not have access to that machine next time.
4. Use the provided "loopback.m" MATLAB script which samples the line input in stereo, then plays that block through the DAC to amplified speakers.  You modify your code to adjust the specified sample rate, sample window block length, and how long it will run before terminating.  Read the MATLAB help documentation on the dsp.audioRecorder and dsp.audioPlayer functions.
5. Evaluate how the loopback program operates using the function generator as you input.  Use the maximum sound card sample rate of 48 ksamp/s.  Try different sinusoidal frequencies and other waveforms.  For this task, and all experiments below, observe your input and output signals simultaneously with two channels of the oscilloscope.  Note differences you observe.

6. Provide a CD audio or MP3 player input to the line connection on the line-in back panel connector.  Connect the amplified speakers the to line-out speaker output.  Use the maximum sound card sample rate of 48 ksamp/s.  Verify proper digital-audio loop input and output and note what volume levels lead to distortion.  Can you detect any degradation in sound quality through the loopback?  Should there be any noticeable change?  Document your observations in your lab book.  Have the TA check off your operating program.
Task 2 Use of MATLAB debugging tools. 
Procedure

7. Practice using the MATLAB built-in debugging tools to evaluate your code's operation, including setting breakpoints, inspecting data array values, and single stepping.

8. Demonstrate to a TA your use of breakpoints to stop the loopback script after acquiring the 5th window of data.  Plot the sampled data window, then continue non-stop operation.

9. Document your observations in your lab book.  Include tips and instructions to help you build your next program.

Task 3 Sampling principles 

Procedure
1. Modify your program to scale the audio data by a user specified fixed scale gain factor.  Run the program with CD audio input and scale gains of 0.1 and 100.  Record in your lab book what you observe.  Explain what happens and why there may be distortion.

2. Using a combination of the volume control setting on your audio source, and the line input setting in the Windows recording control panel, set the signal level very low so that you can just hear it by using a scale-up factor of about 5,000 in your loopback code.  Do you hear any noise?  What is causing it?  Why can't you simply compensate for an arbitrarily low level input signal by using a sufficiently high internal digital gain factor?

3. Modify the sample rate to 2 kHz, 6 kHz and 12 kHz.  Run the program for each case with CD audio input and record in your lab book what you observe.  Is there any signal quality change? Distortion? Is there any aliasing? Explain what happens and why (hint:  the sound card is pretty smart, and there is a switched capacitor analog/digital filter preceding the ADC which is adjusted according to the sample rate setting.  What do you think it is doing?)

4. We now want to experience the affects of undersampling a signal, i.e. sampling below the Nyquist rate to produce aliasing.  Unfortunately, the sound card has built-in anti-alias filters that automatically change their corner frequencies to match the specified sample rate, so we must fool them by doing the aliasing in the digital domain.  Change the sample rate back to 48 kHz.  Modify the program to perform digital down-sampling by a factor of 8, i.e. set to zero 7 out of every 8 samples in both the left and right signal channels, leaving the 8th unchanged. The sample rate for dsp.audioPlayer should be set the same as for dsp.audioRecorder.  Note that this produces the same effective sample rate as the 6 kHz case in part 2 above, but leaves the anti-alias filter for the ADC set for a corner frequency of 20 kHz rather than 5 kHz.  

Run the program for each case with CD/MP3 audio input and record in your lab book what you observe.  Is there any signal quality change? Distortion? Explain what happens and why it is different from the 6 kHz result of step 3 above.  What technical term describes the distortion you hear?   Demonstrate your running program to the TA.
5. Using the digital down sampling method of step 4 above, drive your loopback program with a pure sinusoid from the function generator.  Sweep the input frequency slowly from 100 Hz up to 20 kHz while listening to the output, and observing both input and output signals on the oscilloscope.  Describe and explain what you observe and hear.  What should the output signal be when the input frequency is at 11.5 kHz?
Task 4 Build a digital oscilloscope. 
Procedure
10. Write a MATLAB script to implement a two channel digital sampling oscilloscope using the parts of the loopback script and the "plot" functions.  The sample rate should be fixed at 48 ksamp/s, and the plot window will have 480 points.  Make the sample window block 0.5 seconds long.  The choice of which 480 samples in the block are plotted depends on the trigger detection and time base operations described below.

11. Provide a triggering function where your code detects the input signal (say on the left channel) crossing a threshold amplitude level.  The first sample in the data block that crosses the threshold becomes the first sample in your plot.  This insures that successive plot windows properly align the signal waveform.  

You will need to detect the difference between a rising and falling slope as it crosses the threshold.  Single sweep and continuous run options must be demonstrated.  If no crossing is detected in the widow block, set the first sample as the trigger sample.

12. Provide user controlled ability to set internal digital gain (scaling) levels for the two channels.  The plot axis scale will need to be set to fixed values (rather than the default auto scale) depending on your gain setting.

13. Provided user controlled selection of time base for the horizontal sweep.  Required setting options are 0.2, 0.1, 0.05, 0.02, and 0.01 seconds to span the horizontal axis of the full 480 sample plot.  For example, when the 0.1 second setting is chosen, the plot displays only every tenth sample in the data block, beginning with the trigger threshold crossing sample. 

14. Optional (no extra credit, but it is cool if you can do it).  Use GUI interface functions built into MATLAB to implement the user control settings for channel gain, trigger level, and time base.

Conclusions

Write a paragraph or two of conclusions for your lab experience.  Discuss any additional implications of what you observed.  Describe what you feel are the important principals demonstrated in this lab, and note anything that you learned unexpectedly.  What debug and redesign procedures did you need to perform to get it to work?

Questions (Due at beginning of second session for this lab assignment)

1.
Assuming an ideal 16 bit analog to digital converter with a bipolar signal, what is its dynamic range in dB?  Dynamic range is calculated as the ratio of maximum to minimum signals that can be represented without overflow, or underflow.  Assume your minimum signal peak values are at the voltage level of 1 LSB.

2.
When sampling a 2.57 kHz sinusoid using an ADC with a sample frequency of 8 k samples/s:  (assume no anti-aliasing filter for the ADC)
a)  What will the discrete-time radian frequency be for the resulting sampled signal?
b)  What will the continuous-time frequency be if this signal is output through a DAC with a sample rate of 8 k samples/s?

3.
Repeat problem 2 with the input analog sinusoid at 10.7 kHz, 8 k samples/s ADC, and a DAC sample rate of  44.1 k samples/s.

4.
Show the correct function call statement with all parameter values to sample 10 seconds of a stereo signal with 44.1 k samples/s, with 16 bits per sample.  Give the corresponding statement to play this acquired data back out through the sound card.
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