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These models are applied to stock price data of five companies and RMSE values are observed. For each
frame, the state-space model parameters of the KF are estimated through an iterative procedure. In the first
approach, a non-iterative Kalman filter based speech enhancement algorithm is presented, which operates on a
frame-by-frame basis. The main objective of speech enhancement SE is to eliminate or reduce such disturbing
noises from the degraded speech. In real physical applications, systems exhibit nonlinear behavior raising the
need to adapt the Kalman Filter to fit nonlinear models. The quality and intelligibility of speech conversation
are generally degraded by the surrounding noises. Nonlinearities cause harmonic generation effectively
distorting the signals seen at the load, and so this seemingly simple task becomes a challenge. The same
procedure will repeat for the following frames until the last noisy speech frame being processed. We briefly
discuss some time series modelling techniques, such as autoregressive AR , moving average MA and
autoregressive conditional heteroscedastic ARCH models for forecasting of financial data. For a forecasting
model, this type of nature of financial time series creates trouble in recognising pattern. Here, Kalman filter
and Kalman smoother are used to reduce the noise from the actual observations. To observe the effect of
filtering and smoothing, first original data is forecasted using the above mentioned forecasting models and
then filtered and smooth data is used for forecasting by using these models. This iteration continues till the KF
converges or a maximum number of iterations is reached, giving further enhanced speech frame. The recently
developed Unscented Kalman filter UKF takes advantage of the Unscented Transformation UT to deal with
nonlinear models without the need of linearization and with the same computational complexity as the EKF.
In order to overcome these limitations, an improved UKF algorithm based on the theory of strong tracking
filters STF has been developed. Various SE methods have been proposed in literature. The Kalman filtering
iteration is first applied to each noisy speech frame, reducing the noise component to a certain degree. May
Citation: Misra, Adarsh Kumar. Forecasting in all the three cases is compared in terms of root mean square
error RMSE. Recent advances in digital computing have allowed powerful linear estimators like the Kalman
filter KF to be widely implemented for frequency estimation. However, any variations of the Kalman filter
exhibit a very similar robustness problem when modeling uncertainty and are also sensitive to initial
conditions. For further improving the speech enhancement performance, a sub-band iterative Kalman filter
based SE method is also proposed as the third approach. We then discuss Kalman filter and Kalman smoother
along with their state space representations. Experimental results have shown that the proposed KF based SE
methods are capable of reducing adverse environmental noises for a wide range of input SNRs, and the overall
performance of the proposed methods in terms of different evaluation metrics is superior to some existing
state-of-the art SE methods. The reduction by using Kalman filter is also observed when ANN is applied for
forecasting. To achieve the best trade-off among the noise reduction, speech intelligibility and computational
complexity, a partial reconstruction scheme based on consecutive mean squared error CMSE is proposed to
synthesize the low-frequency LF and highfrequency HF sub-bands such that the iterative KF is employed only
to the partially reconstructed HF sub-band speech. Indian Institute of Technology Jodhpur, Jodhpur.
Therefore, the main focus of this thesis is to develop single channel speech enhancement algorithms using
Kalman filter, where the model parameters are estimated in noisy conditions. An example of Kalman filter is
also presented. Filtered data and smooth data are obtained from original data by using Kalman filter and
Kalman smoother respectively. Resource Type. However, most of the conventional KF based speech
enhancement methods need access to clean speech and additive noise information for the state-space model
parameters, namely, the linear prediction coefficients LPCs and the additive noise variance estimation, which
is impractical in the sense that in practice, we can access only the noisy speech. For LPC estimation, a
combined speech smoothing and autocorrelation method is employed. Since the voltage signal is less distorted
than the current signal, the former is employed to derive a complex state-space model to estimate the
fundamental frequency. A new method based on a lower-order truncated Taylor series approximation of the
noisy speech along with a difference operation serving as high-pass filtering is introduced for the noise
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variance estimation. Kalman smoother is a form of Kalman filter which filters data from both sides. Finally,
the enhanced HF sub-band speech is combined with the partially reconstructed LF sub-band speech to
reconstruct the full-band enhanced speech. We also discuss the use of artificial neural network ANN for
non-linear time series. If tuned properly, this new algorithm improves tracking for sudden changes and avoids
divergence.


