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Abstract    
The Verax Speech Enhancer is an apparatus 
designed to improve speech intelligibility and 
balance sound levels in home audio systems. It 
intercepts the audio signal emitted by a sound 
source, employs dynamic range compression 
and media type detection, and outputs the 
modified audio signal to speakers. This product 
may be of interest to consumers who wish to 
avoid disturbing others in the vicinity due to 
unbalanced sound levels. It may also be of 
interest to consumers who may have trouble 
hearing spoken voices in home audio systems 
due to hearing impairment.  

Media Type Detection (MTD) 
The incoming audio signal is analyzed and placed into one of three 
categories: music, vocal, and default. The type is determined by 
computing the average energy of the entire spectrum and three 
different frequency ranges (low, mid-range, and high frequency), then 
comparing these averages. These values are run through a series of 
comparison tests twenty times; majority logic determines the final 
media type decision for subsequent DRC as described above. 

DRC is implemented in an interrupt routine that runs between rounds 
of MTD. Every third sample is collected from the incoming signal 
until a buffer is full, then the frequency spectrum of the sample buffer 
is obtained using a 2048 point fast Fourier transform and analyzed. 
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Dynamic Range Compression (DRC) 
DRC is a method by which the volume of loud portions of an audio 
signal is reduced without affecting quiet portions of the signal. This 
is accomplished by taking the average amplitude over a very short 
portion of the signal and comparing it to a predetermined threshold  
value. If the signal level is above this threshold, the amplitude of the 
signal is reduced according to a preset ratio.  

In this device, the DRC has been implemented separately on three 
frequency bands. The signal is separated into low, mid-range, and 
high frequencies, and DRC is performed on each band, using 
parameters which are most appropriate for those frequencies. This 
allows us to independently manipulate bass, vocal, and high pitch 
sounds to maximize intelligibility of speech and minimize startling, 
abrupt changes in volume. The parameters used with each frequency 
band are dependent on the detected media type. 
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