Department of Electrical and Computer Engineering

Course Outline
Course Number: ECE 311
Course Title: Digital Signal Processing Lab
(Banner Title: DSP Lab)

Credit:   1 hour
Catalog Description:

Companion laboratory experience to accompany an introduction to discrete-time systems and discrete-time signal processing with an emphasis on causal systems: discrete-time linear systems, difference equations, z-transform, discrete convolution, stability, discrete-time Fourier transform, analog-to-digital and digital-to-analog conversion, digital filter design, discrete Fourier transform, fast Fourier transform, spectral analysis, applications of digital signal processing.

Prerequisites:

   ECE 210 or consent of instructor, co-registration in ECE310.
Textbook(s) and/or Other Required Materials:

    D. C. Munson, Jr. and A.C. Singer, ECE 310 Course Notes, 2009 Revision.

Class/Laboratory Schedule:

   Lecture: 1
   Lab: 1 hr/week (2-hour labs for every 2 weeks)

Topics Covered:

Labs:
Laboratory assignments are software-based using Matlab and LabVIEW.  Students will meet in small sections of at most 30 students per session.  An instructor or a teaching assistant will lead each laboratory session.  In each, students will be guided through a series of digital signal processing tasks.  After the laboratory session with the instructor, students would continue to complete all exercises and submit a laboratory report for a grade.  In addition, during these sessions, students will have brief oral quizzes to test their understanding of the concepts, algorithms, and their interpretation of the results.

1. Lab 1: Analog-to-digital converter using a sound card and LabVIEW.  Simple discrete-time signal manipulations.

2. Lab 2: Fourier transform and spectrum analysis on several example signals and data sets.  Example application in speech signal processing.

3. Lab 3: Linear shift invariant systems.  Convolution and z-transform.  Implementation of a digital filter.

4. Lab 4: Frequency response of a DSP system with A-to-D converter, digital filter, and D-to-A converter.  Example application in communications.

5. Lab 5: FIR and IIR filter design and evaluation.  Frequency and phase responses of digital filters.

6. Lab 6: Signal and image filtering and resizing.  Example application in medical imaging.

Course Objectives and Relationship to Program Educational Objectives:

To reinforce fundamentals of discrete-time linear systems and digital signal processing through a laboratory experience. Emphasizes hand-on laboratory exercises that include both design and applications.

Course Outcomes and Relationship to Program Outcomes:

   A student completing this course should, at a minimum, be able to: (ABET annotations)

1. Determine whether systems are linear or nonlinear, causal or noncausal, shift-invariant, or shift varying. (a, m)

2. Model systems with difference equations and compute their solutions using z-transform methods. (a, m)

3. Apply the two-sided z-transform as a tool in system modeling and analysis with an emphasis on causal systems. (a, m)

4. Visualize and compute discrete-time convolution. (a)

5. Apply the two-sided z-transform as a tool in system modeling and analysis, and understand the related abstract concepts of function of a complex variable and region of convergence. (a, m)

6. Calculate unit-pulse response and convolution using the concept of transfer function. (a)

7. Draw block diagrams of common digital filters, including those using complex arithmetic. (c)

8. Determine whether a system is stable or unstable and demonstrate an understanding of the abstract concept of stability, with an emphasis on causal systems. (a, m)

9. Demonstrate an understanding of the discrete-time Fourier transform and the concept of digital frequency.

10. Choose the sampling rate for a digital system and understand the effects of aliasing. (a, c)

11. Compute the analog frequency response of a digital system. (a, m)

12. Demonstrate familiarity with simple models for actual A/D and D/A circuits.

13. Decompose a high-order transfer function into a realization composed of second-order building blocks. (c)

14. Design FIR filters using the window design method. (a, c, k, m)

15. Design FIR filters using the Parks-McClellan algorithm. (a, c, k, m)

16. Write Matlab or LabView programs to do 15-16 above. (c, k)

17. Demonstrate an understanding of the DFT and its use in spectral analysis and frequency sampling filter design. (a, c, m)

18. Demonstrate an understanding of the FFT and its use in fast convolution. (a, c)

19. Write Matlab or LabView programs to do 18 and 19 above. (c, k)

20. Explain how digital signal processing is used in applications. (k) 

