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Psychophysical quantification of  
individual differences in timbre perception 
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INTRODUCTION 
 
Timbre is a word used to refer to a collection of auditory attributes that have been 

approached with many different experimental methods. Some involve deciding a priori 
what a given attribute is and then proceeding to explore it with unidimensional 
psychophysical scaling techniques. For example, one might be interested in roughness  
or sharpness and proceed to evaluate the relative roughness or sharpness of various 
sounds and then try to link the subjective judgments to physical quantities derived from 
the sound signals. However this approach presumes on the one hand that listeners 
know what is meant by the word presented to them, can focus on that attribute and 
ignore others possessed by the sound, and that they all make the same link between the 
word and a specific aspect of their perception. This approach also presumes that 
psychoacousticians are clever enough to imagine what all the attributes might be ahead 
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between them (e.g., the vibrone is a hybrid between vibraphone and trombone). All pairs 
of sounds were presented to 84 listeners who judged their relative dissimilarity on a 
numerical scale from 1 (very similar) to 9 (very dissimilar). In reanalyzing the data from 
the 24 professional musicians among those subjects, the CLASCAL analysis revealed a 
three-dimensional space without specificities and two latent subject classes. Figure 1 
presents this timbre space. Note that while the timbres are distributed in a relatively 
homogeneous manner along Dimensions 2 and 3, they form two large clusters along 
Dimension 1.  
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   for a given analysis window (3) 
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where tmax is the instant in time at which the rms amplitude envelope attains its 
maximum, tthreshold is the time at which the envelope exceeds a threshold value 
(0.02*tmax in our case), T is the total duration of the sound, t is the begin time of the 
sliding short-term Fourier analysis window, Ak is the amplitude of partial k, N is the total 
number of partials, rp,p-1 is the Pearson product-
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important special case where the spline has maximal continuity equal to the order of the 
splines at each junction point, the number of parameters required for each dimension is 
the order plus the number of interior junction points. The number of degrees of freedom 
in this model is equal to the sum of the number of parameters per dimension across all 
dimensions. Note that this model is extremely parsimonious compared to classical MDS 
models since one can add a lot of stimuli and subjects without increasing the number of 
model parameters, provided that the number of dimensions remains the same and the 
transformation remains as smooth.  

We applied this approach to the group data for the 24 professional musicians 
comparing the timbre set presented in Figure 1. We tested for the parameters LAT and 
SCG for dimensions 1 and 2 and tried various physical parameters for dimension 3 (SS, 
SF, and maxamp). Using Monte Carlo tests, this model was then compared to the 
CLASCAL model with specificities and latent classes. The CONSCAL model was 
rejected in favor of the CLASCAL model in all cases. Given that the individual analyses 
showed differences in dimensionality and in the underlying physical nature of the 



  10 

 
FIGURE 2
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attached to each dimension different (as would be estimated for individual subjects by 
INDSCAL or classes of subjects by CLASCAL), but that the forms of the psychophysical 
functions are different. To illustrate this point, the functions for three subjects have been 
highlighted in the figure. Listener L1 (open triangles) has the lowest values for attack 
time and the function is nearly linear. L1 has the second highest function for spectral 
centroid also with a nearly linear function. Listener L2 (open squares) has fairly high 
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