EEL319 Digital Signal Processing

Experiment 5: Filtering on the DSK

       (2 turns)

Aim:

The aim of this experiment is to write simple and efficient code for real-time filtering.

Goal:

At the end of the experiment, you should be familiar with the features of the DSK (DSP Starter Kit) that enable one to implement programs in real-time using the skeleton input-output program given. This means that you will not be concerned with the programming of the codecs.
Theory:  

Discussed in class. See text for FIR and IIR filters.

The DSK:

The TMS320C5510TM DSP Starter Kit (DSK) is a low-cost development platform designed to speed the development of power-efficient applications based on TI´s TMS320C55x DSP generation. The kit gives designers an easy way to get started immediately with innovative product designs.

The C5510 DSK offers the ability to detect, diagnose and correct DSK communications issues, download and step through code faster and get a higher throughput with Real Time Data Exchange Other hardware features of the TMS320C5510 DSK board include:

· Embedded JTAG support via USB 

· High-quality 24-bit stereo codec 

· Four 3.5mm audio jacks for microphone, line in, speaker and line out 

· 256K words of Flash and 8 MB SDRAM

· Expansion port connector for plug-in modules 

· On-board standard IEEE JTAG interface 

· +5V universal power supply 

Software - Designers can readily target the TMS32C5510 DSP through TI´s CCS DSK development platform. Users can write code (in C/assembly) on the CCS and immediately download the same on the kit for real-time testing. 

In summary, the kit is connected to the PC via a USB port. It has stereo audio input and output, as well as one analog in and out. In your experiments, you will use the stereo in to feed analog signals from the PC via a media player. The stereo out is connected to speakers. You can therefore process the audio signal, and feed the same to the speaker. In this experiment, you will be given noisy signals, which are to be filtered.

Procedure:

Part A:

Filter coefficients for IIR and FIR filters will be given to you. These filters are of lowpass type. A signal that is contaminated by “white” noise is given to you. Loop back the signal given to you through the kit. You will be able to hear some speech contaminated by noise. The signal is of lowpass type, and you are to implement the filter and verify that there is reduction in noise levels. 

Part B:

You are given a speech signal that is contaminated by additive periodic noise. This type of noise is encountered in helicopters, ships, electrical machines, etc. Design a simple filter to eliminate the noise (of course, such a simple approach will result in mild distortion of the speech). The frequency of the periodic noise will be given to you.

