
DSP Project

Sampling rate conversion

This document provides an outline for a Matlab project to be

completed by the end of the course. You are expected to investigate, in

detail, methods related to solving the problem. There is a design

element to the project, and a quantitative evaluation of the performance

of the proposed methods must be performed and presented. You are to

write up a comprehensive report (of no more than 8 pages) describing

your method and results. You should work in groups of two, although

you may work alone if you really want to.

If you wish to propose a project of your own, then please come and talk

to me.

Note that this document is still in preparation, and may be added to

during the course of the project.

The task

The aim of this project is to investigate the process of sampling rate

conversion for audio signals. Recall that the standard approach to such

conversion is to upsample the input data by an integer factor, lowpass

filter the result to eliminate unwanted images in the frequency domain,

and downsample the filtered data by an integer factor to give the

desired result.

Interpolators and decimators form the building blocks for this task. The

first step in formulating a solution is to implement the required

functionality in Matlab. My suggestion is to code monolithic functions

for (↑ L) and (↓ M), and to cascade them for the required conversion.

Note that both interpolation and decimation generally require lowpass
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filtering: there are online resources on the course webpage for filter

design. You can (and should) test these functions using samples of

continuous-time sinusoidal inputs for which you know the desired

outputs.

Once the functionality has been implemented and tested, you can try it

on real data. To do this you should obtain a short audio signal sampled

at some known rate:

• Take one of your many MP3s and find a way of getting some

digitised samples into Matlab.

• Connect a microphone to a PC, and use the wavrecord command

to grab some data.

• Use Matlab’s demo clip of Handel’s Hallelujah Chorus, which is

sampled at 8kHz (see the sound command for details).

If you have a speaker or headphones you can play the sample back with

the sound command. For simplicity it is probably best to discard one of

the channels if your sample is in stereo.

At the very least you should hand in a report outlining the theory

behind the procedure, along with an investigation into the performance

and computational requirements of the various components. The report

should be written in a professional manner that is suitable for

submission to a technical forum. I do not want to see your code — the

description of the methodology should be complete enough to allow the

results to be reproduced by a sufficiently proficient engineer (i.e. one of

your knowledgeable peers).

If you find this task too easy, you may choose to do some research into

alternative implementations. The simplest computational enhancement

is to note that the decimator discards many (most) of the samples from

the lowpass filter, so we shouldn’t waste resources calculating

unnecessary outputs. Polyphase decompositions are convenient for
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making better use of available resources, especially for parallel or FPGA

hardware. There are also multistage (cascade) formulations that can be

used to improve overall computational efficiency by reducing sampling

rates in an advantageous manner. You will find huge amounts of

literature on the subject in books, papers, and internet articles.

Commercial hardware sampling rate converters are also available — feel

free to investigate these and report on their relevance and use for the

application. I also have some Microchip dsPIC demo boards if you like

hardware and want to attempt an implementation.
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