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ABSTRACT 

This work proposes a methodology to create a reference signal (noise pattern) that can be 

used in adaptive filtering to minimize the noise produced in a cough record. This noise 

pattern is able to incorporate information of all types of noises that contaminate a record 

cough signal. This reference signal has been created using a dataset of cough audio signals. 

The signal-to-noise ratio (SNR) has been used as the evaluation metric of the filtering 

quality. A system able to minimize the noise across all the record cough files using this 

methodology with an adaptive filtering technique has been created obtaining results 

closely to 0db, demonstrating the efficiency and generalization of the proposed technique 

that is part of the preprocessing phase in a system of characterization and classification of 

cough records. 
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INTRODUCTION 

Cough is the sound produced as a response of the human body as a cleaning mechanism 

of the respiratory system in the face of accidental situations, infections, and throat 

irritations (Amrulloh et al, 2015). This sound has important information since it is also a 

clinical symptom to detect different diseases such as bronchitis, asthma, pneumonia, etc 

(Shankar et al, 2020). During a consultation, a doctor is able to listen this sound obtaining 

essential data (qualitative information) and diagnose these diseases (Abeyratne et al, 

2013). 

In automatic cough acquisition systems, some noise interferences in cough signals could 

appear, such as ambient noise, teeth, the sound of saliva when a person opens their mouth, 

etc. Therefore, it is necessary to filter out these interferences for proper and accurate 

analysis of cough signals (Shankar et al, 2020). In previous works, various filtering 

methodologies, such as low-pass filters have been used (Aggarwal et al, 2011). Empirical 

mode decomposition (Liang et al, 2005, Blanco-Velasco et al, 2008) and time-lagged state 

vectors (Liang et al, 2005), Kalman filters (Yan et al, 2010), mean-shift algorithm 

(Shamsollahi, 2008). 

The conventional techniques mentioned above are only useful when the cough sound 

signals are contaminated with only one type of noise and the acquisition environment is 

the same. In recent years, different approaches have been derived to remove noise from 

cough sound signals, such as Gabor's Fourier transform (Tary et al, 2018). The wavelet 

transforms (WT) have been widely implemented (Poornachandra, 2008). 

Acoustic systems for noise cancellation and audio signal enhancement and have become 

an area of primary interest in the scientific community because noise drastically reduces 

the sound quality of cough signals, in addition to that, from a medical point of view, 

acoustic noise cancellation is vital, as a contaminated cough signal can lead to 

misdiagnosis by health professionals (Haykin, 2008). 

Noise cancellation procedure according to (Rafique et al, 2013) requires an additional 

input signal (correlated noise signal) that is the input to the adaptive filter to produce a 

noise signal equal to the interference signal into the original audio. This filtered signal is 

then subtracted from the original audio, theoretically canceling the noise. So, then the 

general idea of this technique is to generate a noise signal equal in amplitude and phase to 

the original noise in the cough audio, but with opposite phase. 

So, to implement an adaptive filter denoising technique is necessary to define a correct 

reference signal to make it equal to the noise added to the original cough signal pretended 

to filter. In this context, the main approach of this work is to implement a methodology to 

define a general reference signal that provides correct adaptive filtering on a cough audio 

record. We use the database proposed by Brown (Brown, 2020) to validate the 

methodology proposed.  
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This paper is organized as follows: Section 2 explains the proposed background and related 

works. Section 3 explains the proposed methodology. Section 4 presents the application 

and validation of the proposed methodology. Finally, some conclusions are drawn in 

Section 5. 

BACKGROUND AND RELATED WORKS 

Background 

This section presents an overview of the denoising cough signal techniques, the classical 

digital filters, and the adaptive filters. Besides, works related to the adaptive filters are 

described. 

Digital Filters for Denoising- An audio signal can be considered a combination of 

interference signals with the pure audio signal. The digital filter's main idea is to separate 

this combination and restore the pure signal (Mills et al, 1978). In general, digital filters 

are classified as Weiner and Kalman (Krishnan, 2015, Dixit et al, 2017). 

Adaptive Filters for Denoising- This type of filter is considered as a model restricted by 

variables or adaptive parameters that can be adjusted according to an optimization 

algorithm during signal processing, in order to generate an output signal free of unwanted 

components (interferences) (Ram et al, 2011, Park et al, 2013). Optimization algorithms 

have been deeply studied in recent years, least mean squares (LMS) algorithm and 

recursive least squares (RLS) algorithm are the most used. The best performance of 

adaptive filtering occurs when interference is minimized with low computational capacity 

and a fast convergence rate (Chandrakar et al, 2012). 

Related works 

In (Amrulloh et al, 2015) use record files of pediatric patients admitted on respiratory 

complaints in a hospital in Yogyakarta, Indonesia to try filtering noise.  They use two types 

of filters, the first one is a simple digital fourth-order filter Butter-worth with cut off 

frequency FC = 10 Hz. The particular FC was selected based on the low-frequency noise 

profile in dataset MDD. The second filter is a power spectral subtractions (PSS) filter, it 

was employed to reduce the Gaussian noise. In this work, they do not quantify the 

efficiency of their proposed technique filtering, because this is based on the idea that only 

Gaussian noise is the interference in acquired cough signals, but it is not absolutely truth 

due to the interference signal can be generated from other types of noise as previously 

described. 

In (Shankar et al, 2020) use a Continuous wavelet transform combining it with a 

Thresholding Technique to try to remove the noise from the cough signals. The SNR signal 

has been used as a metric to quantify the efficiency of the technique. Their experiment 

consists of the addition of white gaussian noise to a clean cough signal. White gaussian 
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noise appears when cough is recorded but it is not the unique interference. In (Fong et al. 

2020) use a self-calibration technique to standardize the reception properties of the 

microphone of the device to record the cough signal. Their system is based on the use of 

adaptive filters and the objective is to eliminate the “sound suitable” components that 

different smart devices from any manufactured of variable quality can produce when the 

microphone catches the cough. The self-calibrations consist of determining the “sound 

suitable” noise previously to record the cough and use this noise as an input of the adaptive 

filter. They use signal to interface and noise ratio (SINR) to evaluate the results. But in 

this work, they do not analyze another kind of interference like environmental, the noise 

like lips, teethes, or saliva. 

METHODOLOGY 

The methodology proposed to create a reference signal (noise pattern) that can be used in 

adaptive filtering to minimize the noise produced in a cough record, this methodology is 

made up of four phases that can be seen in figure 1.  

The first stage involves cough data collection, for this purpose, historical coughs records 

data set will be selected to guarantee the capacity of generalization of the proposed 

technique. The second phase carries out three processes corresponding to the Detection 

and Separate Cough and noise from an audio file, the separation of typical and atypical 

data in said groups, and finally the definition of a pattern of noises that represent the 

interferences in a Cough record file. The third phase corresponds to the use of an adaptive 

filtering technique to minimize the interferences in a cough record file. Finally, in phase 4 

the results are presented. 
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Figure 1. Flow diagram of the adaptive filter methodology 
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Cough data collection 

In this work, the cough audio records were taken from a large-scale crowdsourced dataset 

of respiratory sounds collected to aid diagnosis of COVID-19 (Brown, 2020). It is 

composed of 452 cough records of different people using a web page application. 

Adaptive filter Denoising 

This approach involves the use of adaptive filters to minimize the interferences in cough 

signals. The adaptive filter needs a base noise reference signal that is associated with the 

original noise present in the cough record that is pretending to filter. To prove the adaptive 

filtering functionality (figure 2), the system input corresponds to an ideal signal without 

noise represented as Y(n). This signal is perturbed with a noise signal represented as R’(n) 

which is the result of an “f” process application of a reference noise signal R(n). Thus, the 

sum of signals Y(n) and R’(n) is the signal to be corrected by adaptive filtering. The signal 

R’(n) is the input signal for the adaptive filter too, consequently, the adaptive filter will 

replicate the “f” process between the signals R(n) and R’(n) to minimize the noise in the 

end of the process. The adaptive filter uses the signal e(n) as an orientation to optimize 

itself using an optimization algorithm. In (Salamea et al, 2019), different types of 

algorithms have been analyzed finding the optimal option using RLS recursive least square 

algorithm (Cruz, 2011). 
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Figure 2. Flow diagram of the adaptive filter methodology 

As mentioned before the key to this approach is to obtain the noise reference signal R(n). 

This work proposes a statistical methodology to create this noise reference that involves a 

noise pattern definition using the cough dataset. 

Detect and separate noise from cough records 
Originally in the record audio data files, we have two important signals, the first one 

corresponding to the cough signal and the second one corresponds to the noise. We assume 

the noise is present before an expectoration of the cough as can be seen in figure 3. To 

separate this noise and the cough signal is necessary to analyze the energy of the signal, 

thus using a decision umbral we can separate the signals. Thus, we create a new dataset of 
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noises present in the records of coughs. 

Noise Cough Noise Noise NoiseCough Cough

 

Figure 3. Cough and noise signals 

Separate Typical and outlier’s data  
The dataset described in the previous section is necessary to process the outliers’ values, 

thus a value is considered an outlier when it is out of the 95% confidence interval in a 

normal distribution function and it is defined by the mean plus-minus two standard 

deviations approximately. This procedure has been performed and the mean value and 

standard deviation of all datasets have been obtained. 

Noise pattern creation 
Finally, the noise pattern called ‘final pattern signals’, is formed by the set of signals that 

belong to the typically noises dataset. To conform the reference signal for the adaptive 

filter the mean of the noise pattern is calculated. (Figure 4). 

 

Figure 4. Noise pattern definition 

Applied Human Factors and Ergonomics International 

Intelligent Human Systems Integration (IHSI 2022): Integrating People and Intelligent Systems 
https://openaccess.cms-conferences.org/#/publications/book/978-1-7923-8988-7



APPLICATION OF THE METHODOLOGY 

In Figure 5, it seems that the noise on previously and during the expectoration was reduced, 

demonstrating the functionally of the adaptive filter. 

 

Figure 5. Adaptive filter on cough signal 

The efficiency of the adaptive filter has been measured analyzing the signal-to-noise ratio 

through the time in the filtered signal. In figure 6, it seems that the signal-to-noise ratio 

(SNR) is relatively the same through all record signals, and it is relatively close to 0 dB, 

on approximately two seconds of cough record. 

 

Figure 6. Signal to noise ratio evolution 

To demonstrate the generality of the proposed methodology we use the adaptive technique 

with the same reference signal that we obtained on all cough datasets and we capture the 

SNR value of each record. In figure 7, we present a histogram in which the bins axis 

corresponds to the numbers of cough signals that contain similar values of SNR. For the 
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analysis, we started with the idea that in an ideal case all signals share the same SNR value, 

but in an acceptable case, the SNR value does not have a relative variation, and as can be 

seen in Figure 7, the SNR value for the majority numbers of cough records share the same 

value centered in approximately 0.0001 dB. 

 

Figure 7. Dataset SNR Histogram 

CONCLUSIONS 

In this work, we proposed a methodology to create a reference signal that can be used in 

adaptive filtering to minimize the noise produced in a cough record. The mentioned 

methodology consists of the definition of a “noise pattern” that can contain the information 

of all types of noises that contaminate a record cough signal. For that propose we 

considerate noise to the record information previous a cough expectoration.  

Using this methodology with an adaptive filtering technique we have created a system that 

can minimize the noise across a record cough file close to 0db, and to verify the generality 

of the proposed methodology we tested this on all dataset, and we verify that all records 

files share the same SNR value closely to 0 db.  Due to all the above, we can recommend 

this methodology as preprocessing technique on an intelligent cough characterization and 

classification system. 
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