
Further Studies of a FFT-Based Auditory Spectrum
with Application in Audio Classification 

Wei Chu and Benoît Champagne 
Department of Electrical and Computer Engineering 

McGill University, MontrØal, QuØbec, Canada 
wei.chu@mail.mcgill.ca, benoit.champagne@mcgill.ca 

Abstract

In this paper, the noise-robustness of a recently 
proposed fast Fourier transform (FFT)-based auditory 
spectrum (FFT-AS) is further evaluated through 
speech/music/noise classification experiments wherein 
mismatched test cases are considered. The features 
obtained from the FFT-AS show more robust perform-
ance as compared to the conventional mel-frequency 
cepstral coefficient (MFCC) features. To further ex-
plore the FFT-AS from a perspective of practical audio 
classification, an audio classification algorithm using 
features derived from the FFT-AS is implemented on 
the floating-point DSP platform TMS320C6713. 
Through various optimization approaches, a signifi-
cant reduction in the computational complexity is 
achieved wherein the implemented system demon-
strates the ability to classify among speech, music and 
noise under the constraint of real-time processing. 

1. Introduction 

In a previous work [1], we have proposed an algo-
rithmic implementation to calculate a fast Fourier trans-
form (FFT)-based auditory spectrum (FFT-AS) moti-
vated from the study of the noise-suppression property 
of an early auditory (EA) model which outputs an audi-
tory spectrum [2].  

The noise-robustness of the proposed FFT-AS was 
evaluated and confirmed through audio classification 
experiments wherein clean speech and music clips 
were involved in the training whereas noisy speech and 
music clips were used for the testing. It is of interest to 
further evaluate this robustness, or the ability to handle 
the mismatch between the SNR values of the training 
and testing samples, from other perspectives, as spe-
cifically to train the algorithm with noisy samples 
while testing with clean samples.   

As discussed in [1], besides the robustness to noise, 
the potential of the proposed FFT-AS lies in its low 
computational complexity as compared to the original 
auditory spectrum in [2]. It is therefore of interest to 
conduct further research on the computational com-
plexity of the FFT-AS when implemented for real-time 
operations on a DSP platform.  

In this paper, the noise-robustness of the FFT-AS 
proposed in [1] is further evaluated through 
speech/music/noise classification experiments.  Results 
from mismatched tests confirm the superior robustness 
of the features derived from the FFT-AS as compared 
to the conventional mel-frequency cepstral coefficient 
(MFCC) features. In addition, using the discrete cosine 
transform (DCT)-based features obtained from the 
FFT-AS, a classification algorithm is implemented on 
the floating-point DSP platform TMS320C6713 [3]. 
Through a set of optimization approaches, a significant 
reduction in the computational complexity is achieved. 

The paper is organized as follows. Section 2 briefly 
reviews the classification algorithms and the associated 
feature sets. The classification performance is analyzed 
in Section 3. Section 4 discusses the DSP implementa-
tion and optimization of a classification algorithm.  

2. Audio classification algorithm 

2.1. FFT-based auditory spectrum 

Fig. 1 shows the structure of the implementation 
proposed in [1] to calculate the FFT-AS wherein the 
main operations include the calculation of a short-time 
power spectrum, power spectrum selection using char-
acteristic frequency values of the cochlear filters of the 
original EA model, and spectral self-normalization 
through a pair of fast and slow running averages. 
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