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Abstract: The goal of this project is studying digital signal processing using the MATLAB interface. By considering one dimensional signals such as speech signals, and analyzing different filtering aspects, de-noising filters will be designed to remove parasite frequencies. It should be noted that de-noising speech signals is an important part of the wide field of digital signal processing.



1-Introduction: This report contains the most important results and observations obtained after the study of some experiments in digital signal processing using the MATLAB interface. These experiments consist in, first, analyzing speech signals spectrograms using the Fourier transform, manipulating effect filters such as echo and reverb filters, using notch filters to remove parasite frequencies, then de-noising filters will be designed and applied on some speech signals.



2-Sample rate influence Using the software AUDACITY to record speech signals requires setting the sample rate. In this part, sample rate influence on recording quality of speech signals is focused. A speech signal was recorded using different sample rates. The corresponding spectrograms are shown in figure1.
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[Figure-1]: Speech signal spectrograms using different sample rates



Figure-1 clearly indicates that in the case of RADIO-Quality recording, only the frequency interval [0:4000Hz] is used, unlike CD-Quality recording, which uses the frequency interval [0:20000Hz], therefore all signal samples are analysed and recorded. Another way to explain the difference between these two spectrograms, is Shannon’s theorem, which indicates that to have a good record without overlapping signal samples, the sample rate used must respect the following rule:



fs ≥ 2fmax Where fs corresponds to the sample rate used and fmax represents the signal frequency maxima. The sample rate used in RADIO-Quality record is not high enough to prevent overlapping signal samples.



3-Effect filters In this part, some classical effects employed for sound processing will be analysed, using a sampling rate fs=22050Hz. 3-1-Non-recursive echo filter :



Echo filters are used to superpose the same signal on the original signal, but delayed and attenuated. The echo’s phenomenon appears clearly in figure-2: The transfer function H(z) of a simple echo filter is given by:



H(z)=1+αz-p 2



The parameter α expresses the gain applied on the delayed signal. p adjusts the delay (in term of samples) of the echo. The corresponding differences equation can be written as:



y(n)=x(n)+α x(n-p) Where x(n) respectively ( y(n)) corresponds to the input respectively (the output) signal. p corresponds to the delay “δ” as given in the relationship : fs=p/δ
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Speech signal after filtering
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[Figure-2]: The effect of an echo filter on a speech signal. 3-2-Reverb filter Reverb effect is obtained by withdrawing a delayed and attenuated output signal to the input signal. The transfer function H(z) of a simple reverb filter can be written as:



H(z)=1/(1+αz-p) The corresponding differences equation is given by:



y(n)=x(n)-α y(n-p) It should be noted that effect filters stability is mainly influenced by the value of the parameter α. In the case α>1, the poles are outside the circle unit (see Figure-3), which implies filter instability. It must not be forgotten that effect filters are stable only if the gain α is lower than 1.
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[Figure-3]: Gain value influence on poles and zeros position 3-3-De-noising a multiple echoes speech signal using effect filters: Multiple echoes result from the action of a virtual effect filter during signal transmission. So to de-noise received signals , inverse filters must be applied. It should be noted that every echo is characterized by its parameters αi and pi. Figure-4 illustrates this manipulation: The virtual filter’s transfer function H1(z) can be written as:



H1(z)=1+α1z-p1+ α2z-p2



The de-noising filter’s transfer function H2(z) is given by:



H2(z)=1 / (1+α1z-p1+ α2z-p2)
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[Figure-4]: De-noising a multiple echoes speech signal using effect filter
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4-Notch filters: Notch filters are mainly used to remove parasite frequencies. There are two types of notch filters, but the most selective one is focused in this part. The transfer function H(z) is given by:



 1 − 2 cos 2π  H ( z) =  1 − 2r cos 2π 



 −1  z + z − 2 f  for 0 ≤ f 0 ≤ s ,0.9 ≤ r ≤ 1 2 f 0  −1  z + r 2 z −2 fs  f0 fs



j 2π



It should be realised that:



H (e



f fs



=0



) f = f0



Which allow the frequency



f=f0 to be removed (see figure-5).
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[Figure-5]: The frequency f0 is removed without disturbing others signal parts



5-De-noising based on notch filters: In this part, a disturbed speech signal will be de-noised thanks to the properties of notch filters. Input signal contains three parasite frequencies (see figure-6), which are 5000Hz, 7050Hz and 10000Hz. Therefore notch filter must be applied three times to remove them one by one.
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[Figure-6]: Removing parasite frequencies using notch filter.



Conclusion: In this project different ways of de-noising speech signals using MATLAB interface, have been focused. It should be noted that removing parasite frequencies one by one using notch filter could be ameliorated by designing a notch filter able to remove them in the same time. It is possible thanks to MATLAB functions such as “conv” which convolves different vectors “ai” and “bi” used in MATLAB function “filter”. It should realised that de-noising multiple echo signals which contain parasite frequencies is possible by associating effect filters and notch filters in the same de-noising filter. The study was limited to one dimensional signals. It must not be forgotten that MATLAB is able to proceed treatments on two or three dimensional signals.
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