Literature Survey

Nonlinear Statistical Modelling of Speech

Abstract—Nonlinear Statistical modeling of speech has the potential to be a revolutionary step forward over existing Gaussian models. Until recently, nonlinear modeling has not been a viable approach due to limitations in computing and understanding of these models. Speech has been modeled by Hidden Markov Models (HMM), Support Vector Machines(SVMs) and Relevance Vector Machines (RVMs). But, above methods have limited performance in presence of noise. Nonlinear models like Lyapunov exponents, strange attractors, Particle filtering have shown some promise in nonlinear statistical modeling. 

This literature survey introduces current trends in nonlinear statistical modeling of speech and possibilities made available for performance enhancement by its usage in the future.

I. Introduction 

Most of the conventional techniques for speech modeling / analysis are based on expressing speech signal in terms of linear system. Speech signal is modeled as a Gaussian mixture model (GMM) as in Hidden Markov Model (HMM), or in case of Support Vector Machines (SVMs) modeled based on principles of discrimination and risk minimization. RVMs present a probabilistic alternative to SVMs. But, as for RVMs and SVMs, a closed loop training routines are necessary to insure convergence and optimality. Also, computational complexity makes RVMs less viable options.

Over the past couple of decades, an approximation to speech probability density function has emerged as an alternative. Even in HMM, in which speech is approximated as a multi-Gaussian pdf, has met with limited success. Hence, a nonlinear statistical modeling has evolved as a viable option.

Nonlinear statistical modeling is based on the concept of perceptual human auditory system and temporal and frequency masking at the human auditory channel. Nonlinear modeling gives access to the nonlinear dynamical system structure of speech.
In presence of multiple speakers, the classifying the voicing-states is a challenge. Using a nonlinear approach and representing the speech signal in terms of state-space model, classification achieved is much better as compared to other existing methods of Bayesian and Spectral Autocorrelation Peak Valley Ratio (SAPVR) algorithm [1].  The algorithm works without the priori knowledge of speaker or environment (i.e, training data). The time series is converted to phase-space by method of delays and the parameters calculated. The algorithm gives an improvement of about 7% (with 85% overall accuracy in classification on TIMIT data) over Bayesian and SAPVR approach without any priori. 
In modeling a musical instrument [2], the nonlinear prediction model based on the time histories of parameter is used to get the target instrument model. The MLE algorithm is tested on clarinet showing a clear advantage of data compaction and naturalness of the music quality as related to note attacks and musical timbre. The volumetric flow behavior, which is a nonlinear difference equation model, is modeled using both the slowly varying parameters as well as negative resistance oscillating ones.  
To improve the digit recognition accuracy for TI-DIGIT database, a kernel regression nonlinear predictive coding (KPCC) [3] is a best bet as compared to Mel-scale cepstral features (MFCC). The regression technique adopted is widely implemented in the field of SVMs.  The kernel shows resemblance to LPC, but the difference being in the nonlinear mapping of the coefficients (or kernel). The growth function learns the newer data and unlearns the old data to differentiate between noisy components and systematic components in the input. KPCC outperformed MFCC for almost all the cases, except when the babble noise, both the systems performing equally.

Incorporating Weiner filter type spectral noise subtraction without any training can suitable reduce the WERs for an automatic speech recognition system [4]. Nonlinear spectral subtraction simulates the human auditory perception. The approach [4] uses Ephraim-Malah gain function based maximum mean square error estimation (MMSE). The gain function computes the a-priori speech absence probability. The tests on AURORA2 and AURORA3 corpora suggest the gain function approach showed an improvement over NSS (Weiner based algorithm). 
As one of the tasks for nonlinear statistical modeling is parsimoniously represent the speech features [5], time-frequency moving average model [TFMA] is a better alternative as compared to time-varying moving average modeling {TVMA]. For TFMA, there are smaller numbers of model parameters to compute.  The tests carried on Doppler simulations shows that TFMA outperforms evolving cepstral method. 
Using a phase reconstruction [6] and attractors (accuracy = 31.23%) there upon to classify phoneme performs lower as compared to MFCC (accuracy = 50.34%).  Still a combination of phase reconstruction along with MFCC would yield a better performance then the individual system. The approach is to represent the speech signal in a phase-space domain instead of representing it in traditional frequency domain. The features gotten from attractors complement that from MFCC to a certain extend, combination is a viable option to probe. Lyapunov exponents are invariant in both the original and reconstructed phase space, so these numbers can represent the nonlinearities in phonemes. The nonlinear approach helps in making the system speaker independent, as source excitation is not removed. In addition, the higher computational speeds of nonlinear modeling improves chances of using a large HMM model to capture rapid changes. 
Particle filtering techniques try to approximate the probability density functions by drawing samples. These samples represent the pdf. Particle filtering method [7] is used to estimate the formant frequencies of speech signal from spectrograms. As compared to LPC based method, PF method shows lesser deviations in formant frequency estimations. The tests were carried on a group of 81 utterances.
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