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Abstract TEI 3 G 8 1 4

The purpose of this thesis is to develop the sound analyzer, which can analyze the human audible
sound in the reverberant environment. The personal computer with a sound card is used for the
analyzer. The development is a completely digital implementation. The complex response of sound
of the testing system is analyzed by Time-Delay Spectrometry (TDS) technique that can determine
both frequency and time response of reverberation environment using a sweep sine as a test signal.
In this thesis, a low-pass filter in traditiona! method is replaced by an algorithm of determining
Fourier coefficient at 0 Hertz. The importance point of this evolution is that the signal to be
analyzed must be a precise complete period signal. The frequency resolution of analysis depends on
the number of interval of analytic signal. The ability for separating the signal in another parts or the

time resolution depends on the period and sweep rate of the test signal.

By using the Fourier coefficient at 0 Hertz. with the computer simulating system, the magnitude of
ripple of the response disappear at starting frequency, but the frequency resolution is coarser than
using the low-pass filter with the same swept rate. To increase the frequency resolution of our
development, it can be done by adjusting a slower swept rate. In the standard reverberation room,
the results of the reverberation time at 60 decibel from this thesis are very similar to the results from
the standard analyzer in the starting and ending octave bands of the testing frequency. But the
results are lower than the results from standard analyzer between 200 to 1,250 Hertz, and it has the
maximum difference about 0.9468 second at 500 Hertz. However, the simulating results suggest a

very promising performance in comparison with existing method, especially with a great reduction

in fluctuation response at starting and ending of frequency band. The difference in RT60 testing

may contribute from the difference in technique and limitation of hardware used in this thesis.





