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Abstract — Bronchitis, pneumonia and many other pulmonary diseases cause respiratory disorders. The respiratory sound signal can be processed by 

using several techniques for diagnostic information. Computerized analysis of respiratory sound can facilitates the detection of changes in respiratory 

sound & storing the record of the measurement made from patient. This may help for diagnosis of respiratory disorders and treatment for a patient 

suffering from various respiratory diseases. Most of the respiratory sound energy is concentrate below 200 Hz. Respiratory sound frequencies overlaps 

heart sound frequencies. Suppression of heart sound was done by using frequency domain and adaptive signal filtering method. The respiratory sound 

signals are classified based on peak energy of signal in 40Hz – 160Hz. 

  

Index Terms—Respiratory sound disorder, Heart sound signal, Respiratory sound signal 

——————————      —————————— 

 

1. INTRODUCTION 

Bronchitis, pneumonia and many other pulmonary diseases 
causes respiratory disorders. Characterization of the 
respiratory sound signal may help for diagnosis and 
monitoring of respiratory disorder. Diagnosis of respiratory 
disorder by auscultation is subjective process depend on 
the individuals hearing, experience and ability to 
differentiate between the sound pattern [1], [2], [3]. The 
limitation of it can be overcome by using digital signal 
processing techniques [3], [4]. The quantification and 
analysis of noise free respiratory sound signal may be 
possible for better diagnosis. An interference of cardiac 
sound signal into respiratory sound signal is called 
artifacts. Artifact suppression is needed for automatic 
diagnosis of respiratory disorder. Recording of respiratory 
sound signal and signal processing techniques are needed 
for automatic diagnosis of respiratory sound disorder. The 
artifact suppression was done by using frequency domain 
and adaptive filtering technique. The characterization of 
respiratory sound signal for diagnosis of respiratory 
disorder was done by spectral analysis and power density 
spectrum. 

2. RESPIRATORY SOUNDS 

Respiratory sounds originate in the large airways where air 

velocity and turbulence induce vibrations in the airway 

walls.  These vibrations are then transmitted through the 

lung tissue and thoracic wall to the surface where they may 

be heard readily with the aid of a stethoscope. Respiratory 

sounds can be classified into two categories, either normal 

or abnormal (adventitious).   

 2.1 Normal Breath Sounds: In normal breathing 

respiration sounds are generated during inspiration and 

expiration with louder inspiration phase. Respiratory 

sounds are normally heard over the trachea and larynx [5].  

 2.2 Abnormal Breath Sounds: These sounds are 

generated in certain pathological conditions of airways or 

lungs.  Abnormal sounds may resemble a musical wind 

instrument. Identification of abnormal respiratory sound 

can be used for the diagnosis of respiratory disorders. 

Sometimes more than one abnormal sound is 

simultaneously present. Further diagnosis is needed for 

separation of these sounds [5].  

 

3. METHOD 

The sound was picked up by using microphone. The 
transducer was placed on the throat region. The signal was 
amplified and fed to computer through audio input.  
Combination of Adaptive and frequency domain 
Filtering 
There are three main components of the combination 
method of adaptive and frequency domain filtering, the 
input or primary signal, the noise signal (heart signal & 
other muscle artifact) or reference signal and filtered output 
signal. In this technique the recorded signal during normal 
breathing is a primary input and the signal recorded with 
breath holding is a reference input signal. respiratory sound 
is considered as a primary signal analysis, partial overlap 
between respiratory signal and heart signal and provide the 
primary input for adaptive noise cancellation technique. 
The heart sound signal acquired from sensor is taken as 
reference input and contaminated respiratory signal is 
taken as primary input. The noise signal contain heart 
signal and other high frequency noise To remove the high 
frequency noise FIR filter is applied to both the signal. The 
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output is the signal which is determined by subtracting 
reference signal from primary signal.  
Symbols (b(n) = breath sounds, m(n) = heart sound and 
other high frequency noise, e(n) = de-noised breath 
sounds[5].  
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Fig 3.1 Combination method of adaptive and frequency domain  
 
The above technique was implemented in MATLAB. 

 

4. EXPERIMENTAL SET-UP 

Recordings were taken from ten randomly selected subjects. 

Respiratory sound analysis instrument was used for 

recording the respiratory sound signal. A microphone 

based developed sensor used for recording, the sensor 

placed on the lower part of the throat for recording of 

signal with and without breath holding. Two signals was 

taken one signal with breathing (Respiratory signal) and 

other is signal without breathing (Noise signal) 

 

5. ALGORITHM IMPLEMENTATION 
The processing and analysis of respiratory sound signal is 

difficult due the interference of heart sound. Combination 

method of adaptive filtering & frequency domain filtering 

was used for removal of heart sound signal and other 

artifacts. The processing of signals was done in MATLAB 

Signals were recorded with and without breath holding 

consecutively. In MATLAB FFT was plotted to observe 

different frequency range of the signal according to that 40-

160 Hz selected. Then applied band pass filter for (40 -160) 

Hz to remove undesired frequency harmonics while saving 

the original information. After band pass filtered applied to 

the signal with breath holding remaining signal is heart 

signal. Then the signal recorded with breath holding was 

subtracted from the signal without breath holding. This 

way removal of sound artefacts is achieved. 

Power spectrum density verses frequencies of filtered 

respiratory sound signal was plotted. Peak of the waveform 

was found as the maximum value of power density. The 

corresponding frequency was calculated. Depending upon 

this frequency the abnormalities in respiratory sound signal 

decided.  

 

6. RESULTS AND ANALYSIS 

6.1 Filtering 

The recorded signal and band pass filtered signals and 
signal after applying combine method of adaptive and 
frequency domain filtering are shown in following figure. 

 

 

 

 

 

Fig 6.1 Typical Respiratory Sound Signal a. Original Respiratory Signal 

b. Filtered Respiratory Signal c. Noise Signal d. Filtered Noise Signal 

e. Filtered Respiratory Signal After Applied Combination Method of 

Adaptive and Frequency Domain Filtering 

6.2 ANALYSIS OF RESPIRATORY SOUND FOR 

EXTRACTION OF DIAGNOSTIC 

INFORMATION 

The noise suppressed respiratory sound signal from 10 
different subjects certain frequency range for abnormalities 
in respiration sound signal was decided. For analysis of 
respiratory sound after adaptive and frequency domain 
filtering graph of power distribution over the frequency 
range was plotted. For normal subject the peak power was 
observed above 130 Hz.  For fine crackles sound signal the 
maxima was observed in the range of 60-138 Hz. The 
maximum power was observed below 60 Hz for pleural 
sound. 
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Fig 6.1 Power Distribution over the Range of Frequency (Subject 1) 

 

Fig 6.2 Power Distribution Over the Range of Frequency (Subject 2) 

 
Fig 6.3 Power Distribution over the Range of Frequency (Subject 3) 

 

Fig 6.4 Power Distribution over the Range of Frequency (Subject 4) 

 

Fig 6.5 Power Distribution over the Range of Frequency (Subject 5) 

 

Fig 6.6 Power Distribution over the Range of Frequency (Subject 6) 

 

Fig 6.7 Power Distribution over the Range of Frequency (Subject 7) 

 

Fig 6.8 Power Distribution over the Range of Frequency (Subject 8) 

 

Fig 6.9 Power Distribution over the Range of Frequency (Subject 9) 

 

Fig 6.10 Power Distribution over the Range of Frequency (Subject 10) 

7. CONCLUSION 

The effective suppression of the heart sound signal was 
observed in combination method for noise filtering 
(Adaptive plus Frequency domain Filtering). After getting 
clear signal the power verses frequency plot is considered 
for respiratory sound analysis. From these graphs 
variations of relative frequency of maximum power was 
observed which is relative to the visual observations made 
from sound signal. Hence depending on position of 
maxima the respiratory sound is classified for indicating 
state of subject as normal or abnormal.   
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