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Nameof Project:  Adaptive Audio Room Equalizer (A’REqQ)  [Preliminary]
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Team Email: 452¢eq (at) umich (dot) edu

Brief Description of project:

This project aims to develop an audio equalizer that can automatically adapt itsfilter
coefficientsin order to flatten the frequency response of aroom and associated sound reproduction
system at alistening position. The end result of this project has multiple usesin the professional
audio field and some products like it are already on the market at prices varying between hundreds
and thousands of dollars.

The basic premiseisto use afilter implemented on adigital signal processor to do the frequency
equalization in real-time. The equalization is needed to correct for non-uniform magnitude (and
possibly phase) response of the amplifier, loudspeakers and acoustic environment or room
preceding the listener. The other function of the DSP isto inject atest signal into the output and
measure the response from the microphone. It uses this measurement to cal culate updated filter
coefficients for the equalization filter.

Thisisadifficult project because there are multiple ways to implement the filtering agorithm,
the measurement algorithm, and the control backend. Each way offers a different set of constraints
and benefits which will need to be researched and smulated. The final project will be implemented
on the DSP hardware with some other support hardware. A block diagram is shown below.

Room

: : DSP56307EVM
Program Source I: : Microphone

Material AMP Speaker @ Listening
A Position

Goal to bereached by theend of the semester:
Have working Matlab prototype/simulation and working DSP implementation of:
Real-time frequency equalization on one channel (monaural) over limited audio bandwidth
Freguency response measurement
Use of measurement to generate new equalization coefficients (possibly off-board)
Insertion of new coefficients into equalizer.

Extensions (if time allows):
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Make frequency response measurement and update equalization coefficientsin the
background of the equalization functionality while program material is playing. Thisrequires
that method for frequency response measurement is inaudible.

Implement a graphical user interface (GUI) for the project over RS232 serial using Matlab
(or other software such as LabView/LabWindows)

Use the GUI to display the pre-corrected and post-corrected room response curves

Expand system to support two channels (stereo)

I mplement stand-al one operation using Flash-memory.

Required resour ces:
DSP: One(1) MotorolaDSP56307EVM

We desire the 307 because of its advanced feature set. We need the to have the capability of
higher processor speedsin order to perform agreat deal of operations but also to reduce the
possibility of timing conflicts. The 307 aso has agood deal more memory than the 303 which
should allow for larger and more precisefilters. Two major functions the 307 haswe wish to useis
the Enhanced Filter Co-processor (EFCOP) for faster computation and the RS-232 serial port for
computer control or possibly GUI functions. Inthe end we may not need all the extras that the 307
hasto offer but we fedl that it is better to go with abigger system now than to risk getting stuck
later.

Hardware:

- Motorola DSP56307EVM (provided)

A number of different loudspeakers various quality (owned by team members)

An audio power amplifier (owned by team members)

A computer with at least two RS-232 ports (provided)

A high quality omni-directional microphone with known and good frequency response.

(must be purchased)

A high quality microphoneisamust for this project. By using a microphone with aknown
and calibrated frequency response over the entire audio bandwidth (using the current model
of aswept sine or broadband measurements) a separate filter does not need to be
implemented to correct for the microphone’ s own frequency response flaws. The cost of
such amicrophone would most likely lie in the $50 to $100 range. The hardware existsin
lab if amicrophone preamplifier is needed. One option isto get a Sound Pressure Level
meter that has signal output. Thiswould be more multipurpose and perhaps be useful for
future EECS 452 project groups.

Softwar e
The software requirements are minimal and include Debug-56K, aterminal emulator, atext
editor, and Matlab. Another interface software such as LabView may be used aswell.

Other:
We will also try to use the anechoic chamber in the RadL ab to make measurements, so the
DSP hardware must be mobile in some way.



