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Fixed-point Optimization of a Multi-channel Digital Hearing
Aid Algorithm

Lee Keun Sang*, Baek Yong Hyun*, Park Young Chul”
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ABSTRACT

In this study, multi-channel digital hearing aid algorithm for low power system is proposed.
First, MDCT(Modified Discrete Cosine Transform) method converts time domain of input speech
signal into frequency domain of it. Output signal from MDCT makes a group about each
channel, and then each channel signal adjusts a gain using LCF(Loudness Compensation
Function) table depending on hearing loss of an auditory person. Finally, compensation signal is
composed by TDAC and IMDCT. Its all of process make progress 16-bit fixed-point operation.
We use fast-MDCT instead of MDCT for reducing system complexity and previously computed
tables instead of log computation for estimating a gain. This algorithm evaluate through

computer simulation
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