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Abstract 

Often some noise signals get interleaved with speech signals and owing to noisy 

surroundings the captured signal may not sound as desired. For such cases, a 

combination of Hilbert transform filter and Biquad filter in cascaded form might prove 

helpful. An arrangement in a simulink model demonstrates successful noise reduction in a 

voice signal recorded from a microphone. Both the filters used were of Direct Form 

structure, while the Hilbert filter was a Direct Form FIR, the Biquad was Direct Form II 

structure filter. The observations for speech signal as well as noise signals have been 

produced as results that show a significant noise removal. 
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1. Introduction 

Noise signals when combine with a useful signal, reduce the desirability of that signal. 

It may result from the unwanted signals present in the surroundings but mostly its 

contribution reduces/hides the information present in the actual signal. There are various 

ways for detecting and removing such signals. Typical methods include hamming code 

for noise detection and correction as well. Better methods (for large data size) include 

filtering using a combination of low pass and high pass filters. Sometimes an anti-aliasing 

filter must also be used when data is transmitted from a distance as the high frequency 

signals acquire the identity of low frequency signals. 

But in conditions where the noise removal is considered only on a workstation, where 

no data long distance transmission comes into play, the filtering technique is extremely 

useful over its other counterparts. These filters include FIR filters, lowpass, high pass, 

bandpass, etc and IIR filters. FIR filters also find their use in decimation, a method used 

to reduce the number of elements in an input sequence and it merges every certain number 

of N samples into one. 

Some techniques also use distributed filtering theory for prediction, but its essence has 

grown weak over the years with the development of adaptive filtering theory [8-10] where 

filters adapt themselves according to the input signal. In this paper, filters in cascaded 

form have been used and signals captured have also been shown to demonstrate their 

effects. Observations have also been performed on Rayleigh and Band Limited White 

noise to examine the performance of the filter structure. 

The Hilbert Transform of a signal results in a +90 degree shift of signal’s negative 

frequency components, and a -90 degree shift of its positive frequency components. It can 

be said that Hilbert Transform calculates the analytic signal and eliminates the carrier 

quite well. Hilbert Transform relates the real part and the imaginary part of any physically 

viable linear time invariant system which implies a system should be stable as well as 

causal. 
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2. Simulink Components Used 

The filters used in the model were Hilbert Filter and Biquad Filter. The usefulness of 

biquad filters can be seen in [1-4] while that of Hilbert filters can be seen in [5]. The 

design considerations for a biquad filter can also be obtained from [11]. A test signal was 

produced in a noisy surrounding and corresponding waveforms were captured In figure 2, 

the waveform shown (Time Scope 1) is the source signal, while the waveform shown in 

Figure 3 is a noise corrected signal. The difference in the signals can be observed easily 

by looking at the peaks of the source waveform over some period of time and then 

observing the output waveform for the same period. The input signal after 1 second till 2 

second can be seen and it can be easily inferred that the signal consists of mostly noise, as 

no signal was transmitted to the mic after 1 second for the next 1 second. The same signal 

when observed in the output signal was corrected and showed a relatively lesser rise in 

amplitude. 

 

 

Figure 1. Block Diagram of the Simulink Model 

 

Figure 2. Test Signal Input 
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Figure 3. Test Signal Output 

  

Figure 4. Band Limited White Noise Input   

 

Figure 5. Band Limited White Noise Output 
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Figure 6. Rayleigh Noise Input 

 

Figure 7. Rayleigh Noise Output 

The waveform when observed at the output showed the desired results. The amplitude 

of the noise signal showed a considerable reduction and can be observed from the figures 

4 and 5. A similar process was followed for noise signals separately. The source of the 

simulink model was replaced by a Band limited white noise generator instead of the mic 

and that a similar approach was followed for Rayleigh noise as well and the output for 

same can be observed in figure 7. Although the time scope 2 showed a better result than 

time scope 1(the input signal), the time scope showed the best result (final output). The 

approach of wavelet transform [6-7] cannot be ruled out to show better results in some 

cases, but the proposed algorithm also performed efficiently. The biquad  filter when used 

alone did not display better results as it did after using a Hilbert filter in cascade. From 

figures 2 and 3, it can be observed that although the amplitude of the output signal has 

been reduced, the presence of noise signal has been reduced considerably. The latter 

statement can be verified from figures 5 and 6. The peak of the Band limited white noise 

has been reduced substantially in figure 6 and the waveform has been smoothened due to 

filtering. Figures 7 and 8 also support the conclusion made in this paper for the same. 

 

3. Conclusion 

The model presented in this report can be used for removing any noise. The presented 

approach smoothens the noise and reduces its amplitude. The Hilbert transform is widely 

known for its noise removal features; cascading it with Biquad filter produced better 

results. However, better results can be obtained by using adaptive filtering for speech 

signals [9]. The work done in this paper is an analysis of both the filters and their role in 

removing noise from a particular category of signal. 
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4. Future Scope 

The work done in this paper can be further enhanced by the use of adaptive filters 

which might be efficient and provide better results in terms of noise removal and 

improved signal strength. Also, a deeper mathematical analysis of the model might pave 

way for optimal use of resources and a better extraction of the actual product. 
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