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Abstract 
The work in this thesis proposes a wavelet packet (WP) based multiresolution auditory model 

(MRAM) for the peripheral auditory system and applies it to the problem of objective evaluation of 

wideband speech quality. MRAM produces the multiresolution auditory excitation pattern of an acoustic 

stimulus at different time-frequency resolutions that are matched to the perceptual frequency scale. The 

design of the WP-tree rests on an optimality criterion formulated to minimize a cost function based on 

the critical band (CB) structure of human auditory system. Also, the wavelet to be used for the WP-

based decomposition is designed so that it transfers close to true energy of the input signal in the critical 

bandwidths, to the respective critical band channels. 

The existing models of different auditory phenomena have been reformulated for the WP-based 

multiresolution framework. The instantaneous energy components available at the critical bands from 

the WP-based decomposition are obtained at different time resolutions dependent on the depth of the 

WP-tree. To take care of this, the OME weighting function is recast with a weighting function 

dependent on the duration of the CB energy components. Next, the OME-weighted energy components 

in the different CB channels are arranged in time-aligned blocks and spectral spreading is applied to 

them. For this purpose, the model of spectral spreading is reformulated and a scheme of multiresolution 

spectral spreading has been proposed. The model of temporal smearing is also applied at different rates 

determined by the time resolution of the critical band channels. Finally, to incorporate the effect of 

subjective loudness, a model of power-law of compression is applied. 

The excitation pattern so obtained is used to define an objective measure of auditory distortion 

of a distorted speech signal compared to the undistorted one. The performance of this objective measure 

is evaluated with a database of various kinds of NOISEX-92 degraded wideband speech signals for 

predicting the subjective mean opinion score (MOS) and is compared with the STFT-based ITU-T 

PESQ P.862.2 algorithm. The proposed measure is found to achieve improved correlation between 

subjective MOS and objective MOS as PESQ P.862.2, with a trend suggesting better correlation for the 

non-stationary degradations compared to the stationary ones. 

In this thesis, we also propose a design method for optimal two-channel quadrature mirror filter 

and cyclic orthogonal filterbank using convex optimization technique. This simple method of 

optimization minimizes the stopband energy of the filter impulse response and poses the problem as a 

semidefinite programming problem. 
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