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Abstract—This paper reports on the implementation of a 

multi-channel electronic stethoscope designed to isolate the 

heart sound from the interfering sounds of the lungs and blood 

vessels. The multi-channel stethoscope comprises four piezo 

contact microphones arranged in rectangular and linear arrays. 

Beamforming and channel equalisation techniques are applied 

to the multi-channel recordings made in the aortic, pulmonary, 

tricuspid, and mitral valve areas. The proposed channel 

equaliser cancels out the distorting effect of the chest and rib 

cage on the heart sound frequency spectrum. It is shown that the 

applied beamforming methods effectively suppress the 

interfering lung noise and improve the signal to interference and 

noise ratio by 16 dB. The results confirm the superior 

performance of the implemented multi-channel stethoscope 

compared with commercially available single-channel electronic 

stethoscopes. 

Keywords—Beamforming, Channel equalisation, Chest 

acoustics, Microphone arrays, Multi-channel electronic stethoscope 

I. INTRODUCTION 

Heart auscultation can be traced back to ancient civilizations 

such as those in Greece and Egypt, although we lack 

information about the tools used. The stethoscope as we know 

it was invented by Laënnec  in 1816, and since then 

significant advances have been made in heart condition 

diagnosis by auscultation [1]. Classic stethoscopes 

comprising a diaphragm and a hollow air-filled tube suffer 

numerous drawbacks, such as low sensitivity, high 

background noise, frequency band distortion, and no 

quantitative measurement [1]. More advanced electronic 

stethoscopes use an electret microphone along with the 

diaphragm and replace the tube with a wire to overcome the 

noise issue [2]. 

Despite recent advances in electronic stethoscope design 

[3] and technology [4, 5], and although new stethoscopes 
apply basic signal processing techniques such as digital 
filtering and amplification [2, 6], all commercially available 
electronic stethoscopes are still single-channel devices. 
Single-channel electronic stethoscopes cannot benefit from 
more effective multi-channel signal processing methods such 
as multi-channel noise cancelation, beamforming, and source 
separation.

To overcome this limitation, researchers have proposed 

multi-sensor chest sound acquisition systems [7] for heart 

sound imaging [8, 9] and 3D heart sound localisation [10]. In 

the context of medical and biological signal processing in 

which the signals (e.g., heart and lung sounds) overlap in the 

frequency domain and are attenuated significantly by muscle 

and fat tissues, it is of great interest to separate and amplify 

the signals effectively.  

This research studies chest acoustics [11] and designs and 

implements a multi-channel electronic stethoscope to cancel 

the frequency spectrum distortions (caused by the rib cage 

and the muscle tissues) and isolate the heart sound from the 

chest acoustic mix. The proposed system uses minimum 

variance distortionless response (MVDR) beamforming and 

baseline delay and sum beamforming (DSB) designed for the 

linear and rectangular arrays of four microelectromechanical 

system (MEMS) microphones. The proposed stethoscope 

also reduces the number of sensors required for accurately 

analysing the heart sound (e.g., from 36 [12]), giving a 

cleaner output signal than do heart sound mapping systems 

[12] and single-channel electronic stethoscopes.

The rest of the paper is organised as follows. A brief

mathematical model of the chest acoustics and the heart and 

lung sounds is presented in section II. The design of the array 

geometries is discussed in section III. The channel equaliser 

and beamformers are proposed in sections IV and V, 

respectively. The proposed multi-channel stethoscope is 

compared with a single-channel stethoscope under different 

test conditions in section VI. The paper concludes in section 

VII. 

II. CHEST ACOUSTICS AND THE HEART SOUND

Analysis of chest acoustics suggests that the rib cage and 

the muscle tissues covering the surrounding area act as a low-

pass filter, attenuating frequencies above 1000 Hz as sound 

travels through the chest cavity [13]. Study of the biomedical 

signals also show that the main frequency components of the 

heart sound are below 500 Hz. Although the chest filters out 

some of the lung noise [14], heart sound recordings made on 

the chest surface still contain significant noise and interfering 

signals. Under certain circumstances (e.g., obesity), heart 

sound auscultation is unsuccessful if advanced separation and 

amplification techniques are not applied. 

The signal observed by an M-sensor stethoscope (Fig. 1) 

is mathematically modelled as an array of 

𝑥𝑚(𝑛) = ℎ𝑚
𝑠 (𝑛) ∗ 𝑠(𝑛) + ℎ𝑚

𝑙 (𝑛) ∗ 𝑙(𝑛) + 𝑣(𝑛), (1) 

where 𝑥𝑚(𝑛) is the mix recorded by sensor 𝑚 ∈ {1, … , 𝑀},

𝑠(𝑛) is the heart sound, 𝑙(𝑛) is the bronchial/vesicular lung 

sounds [1], and 𝐡𝑚
𝑠  and 𝐡𝑚

𝑙  are the acoustic response of the 

chest at sensor 𝑚 location to the heart valves and lungs,  
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Fig. 1: Proposed multi-channel stethoscope 

respectively; 𝑣(𝑛) represents the noise from the examination 

area and rustling. As the target heart sound is a narrow-band 

signal ranging from 20 to 500 Hz, the recorded mix (𝐱𝑚) is

usually filtered by a low-pass filter with a 500-Hz threshold 

and 80 dB/octave attenuation to remove the high-frequency 

interference (𝑙(𝑛)) and noise (𝑣(𝑛)) (1). 

Collecting the observations from the 𝑀 sensor array, 𝐗 =
{𝐱1, … 𝐱𝑀} (Fig. 1), the goal is to extract 𝑠(𝑛) from 𝐗.

A. Chest acoustic transfer function

In this study, the frequency response of the human chest is 

limited to the heart sound frequency band. The transfer 

function of the chest, 𝐡𝑚
𝑠  (1), is modelled as  

𝐡𝑚
𝑠 =

𝐴𝑛(𝑓,𝜑)

‖𝑟𝑠−𝑟𝑚‖
× 𝑒−

𝑗2𝜋‖𝑟𝑠−𝑟𝑚‖

𝑐 , (2) 

where ‖𝑟𝑠 − 𝑟𝑚‖  is the distance between the target valve

location, 𝑟𝑠 , and the sensor location, 𝑟𝑚 , c is the speed of

sound in the body [15, 16] (TABLE 1), and 𝐴𝑛(𝑓, 𝜑)
represents the chest’s acoustic response at different 

frequencies and angles of arrival. The acoustic transfer 

function of the chest wall attenuates the higher frequencies 

by 80 dB/octave [14]. 

A chirp signal with a time period of 𝑇 = 5 𝑠𝑒𝑐  and a 

frequency range of 0–500 Hz, providing a flat power 

spectrum, is used to obtain the human body’s frequency 

response. The signal is played through a loudspeaker at the 

back of a dummy (at the left mid scapular line) and the 

response is recorded at the top of the aorta by a stethoscope 

(Fig. 2). 

B. Interference from lungs and the

cardiovascular system 

The human chest acts as a complex sound source, including 

the heart, respiratory system, and cardiovascular system. The 

chest (including the rib cage and muscle and fat tissues) also 

attenuates, filters, and distorts the frequency spectrum of the 

generated sound (2) [14]. Notably, the speed of sound  differs 

between tissues, for example, being higher in bones (2117 m 

s–) than in the lungs (949 m s–1) [15]. 

Fig. 2: Average chest frequency response 

TABLE 1: SIGNAL AND ARRAY PROPERTIES 

Average speed of sound in chest 1540 m s–1 [15, 16] 

Operating wavelength (𝝀) 2.9 m (290 cm) 

Average chest acoustic impedance 1.5 × 105 rayl [11] 

Largest array dimension (L) 0.08 m (8 cm) 

Source to array distance (d) Max. 10 cm 

Heart sound frequency band 50–1000 Hz 

Sampling frequency (fs) 41 kHz 

The lung frequency spectrum that collides with the heart 

frequency spectrum and comes from the area of the lung 

behind the heart is the noise remaining after separation and 

beamforming (Fig. 1). 

III. MULTI-CHANNEL STETHOSCOPE DESIGN

Studies show the average adult heart to be 11 cm × 8 cm [17] 

in size. Although there are small differences between males 

and females and different nationalities, the average 

dimensions are used to guide the microphone array design. In 

general, both main heart sounds from the tricuspid and mitral 

valves can be heard at all auscultation sites (Fig. 3) [18], but 

some pathological and normal sounds are best heard at one 

site or another. The combined area of all the heart valves, 

which are the sound source, is considered to be around 4.5 

cm2 [17]. It is important to design a microphone array large 

enough to cover the area of the target valve area and small 

enough to capture only one sound source (i.e., valve) at a time 

(i.e., be dominated by only one valve’s sound). A diaphragm 

larger than 6 cm in diameter (i.e., 115 cm2) collects the sound 

from two or more adjacent valves simultaneously (Fig. 3). 

Spatial aliasing is another important design criterion. The 

estimated distance between the targeted heart valve and the 

centre of the array should be 10 cm. 

A. Transducer type

Electronic stethoscopes have various transducer types [19], 

including piezoelectric sensors, MEMS microphones, and 

varying-capacitance electret microphones with one fixed 

plate and one moveable plate on the diaphragm. It is beyond 

the scope of this research to investigate and compare these 

electronic stethoscope types [20]. However, to reduce the 

stethoscope size [21] to less than 9 cm2 and fit the four 

channels in the area of one typical diaphragm (i.e., 50 cm2), 

piezoelectric sensors [22] are chosen. 

Fig. 3: Valve locations and auscultation sites 
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B. Array geometry 

The goal of the array design is to arrange the sensors so as to 

obtain the desired response [23] in terms of directivity for the 

targeted narrow-band signal (i.e., the heart sound). 

If the microphone array steering vector is represented by 

𝐳(𝑓, 𝜃) at frequency 𝑓 and angle of arrival 𝜃, 

 𝐳(𝑓, 𝜃) = [1, … , 𝑒−𝑗2𝜋𝑓(𝐽−1), 
𝑒−𝑗2𝜋𝑓𝜇1 cos 𝜃 , 𝑒−𝑗2𝜋𝑓(𝜇1 cos 𝜃+1), 

…,𝑒−𝑗2𝜋𝑓(𝜇1 cos 𝜃+(𝐽−1)), 
…,𝑒−𝑗2𝜋𝑓(𝜇𝑀−1 cos 𝜃+(𝐽−1))]𝑇 , 

(3) 

where 𝜇𝑚 is the time delay between the mth channel and the 

reference channel and  𝐽 represents the length of the tapped 

delay lines. The goal of the microphone array topology design 

is to minimise the side lobes before the beamforming. The 

implemented sensor arrays are a linear array of four 

microphones with 2-cm inter-channel spacing and a two-by-

two rectangular array with 2-cm inter-channel spacing. 

IV. CHEST CHANNEL EQUALISATON AND AMPLIFICATION 

The high-frequency components of heart murmurs are 

suppressed by the chest and surrounding muscles [14]. As the 

channel is time varying due to the rib cage movement and 

changing lung size, it is ideal to use an adaptive equaliser and 

to update the equaliser coefficients to track the channel 

changes; however, in this research a fixed filter is designed 

based on average chest observations. The goal is to design an 

equalisation filter that amplifies the first two octaves of the 

spectrum (0–100 Hz) by 20 dB but does not affect the third 

octave (100–1000 Hz). The last octave (1–10 kHz) is 

amplified by 30 dB (Fig. 2). As opposed to state-of-the-art 

electronic stethoscopes that amplify the distorted signal, here 

the amplification occurs after the equalisation. 

Simplifying (1) to consider only the heart sound signal, 

(𝑠(𝑛)), as the target signal,  

𝑥𝑚(𝑛) = ℎ𝑚
𝑠 (𝑛) ∗ 𝑠(𝑛) + �̂�(𝑛), (4) 

where �̂�(𝑛) models any undesired signal, including the lung 

interference and background noise. The 𝑁 tap equaliser is  

𝒓 = [𝑟0, 𝑟1, … , 𝑟𝑁]𝑇. (5) 

The equaliser output for an input frame of length 𝑁 is 

𝐱𝑚
𝑇𝒓. (6) 

Using 𝑠(𝑛) from (1), the equalisation error signal is  

𝜀 = 𝑠 − 𝐱𝑚
𝑇𝒓. (7) 

As the source signal is not always available, the inverse 

filter is designed to cancel out the channel effect. Assuming 

that the noise, 𝑣(𝑛) , is negligible, (1) is rewritten in the 

frequency domain:  

𝑋(𝜔) = 𝑆𝑝(𝜔)𝐻𝑛
𝑝(𝜔),      (8) 

where 𝜔 = 2𝜋𝑓 and 𝐻𝑛
𝑝

(𝜔) is the transfer function. The goal 

of the equalisation is min
𝑟

E{𝜀2}: 

min
𝑟

𝐸 {(𝑠𝑛
𝑝(𝑡 − 𝜏) − 𝑠𝑛

𝑝(𝑡 − 𝜏) ∗ 𝐻𝑛
𝑝(𝑛)

∗ 𝑟𝑛
𝑝(𝑛))} , 

     (9) 

where 𝑟𝑛
𝑝(𝑛) is the equalisation filter for channel 𝑛 and 

source 𝑝 . The inverse function (i.e., equalisation function) 

is 

𝑅𝑛
𝑝(𝜔) = 𝐺−1(𝜔) =

𝐺∗(𝜔)

|𝐺(𝜔)|2 + 𝑎
, (10) 

where 𝐺∗ stands for the complex conjugate. Schmidt et al. 

[14] propose the following scheme for estimating the chest 

acoustic response: 

𝐻𝑐ℎ𝑒𝑠𝑡(𝑓) =
|𝑋(𝑓)| − |𝑆(𝑓)|

|𝑃𝑝(𝑓)|
− |𝐻𝑠𝑡𝑒𝑡ℎ𝑜𝑠𝑐𝑜𝑝𝑒(𝑓)|, (11) 

where 𝑋(𝑓)  and 𝑆(𝑓)  are the frequency domain 

representations of 𝑥(𝑛) and 𝑠(𝑛), respectively, from (1) and 

𝑃𝑝(𝑓) is the played pink noise or the chirp signal. 

V. BEAMFORMING METHODS 

Beamforming is used to detect the presence of a signal, 

estimate the direction of arrival (DOA), and enhance a 

desired signal whose measurements are corrupted by noise, 

interference sources, and reverberation [24]. In this paper, 

beamformers are formulated as spatial filters that operate on 

the outputs of a sensor array to form a desired beam (i.e., 

directivity) pattern.  

The far-field beamforming criterion still holds and the 

distance between the source (i.e., each heart valve) and 

stethoscope ( 𝑑 ) exceeds 
2𝐿2

𝜆
 [25], where 𝐿  is the array 

dimension and 𝜆 the operating wavelength (TABLE 1). 

A. Baseline delay and sum beamformer 

The delay and sum beamformer (DSB) is a basic signal 

enhancement technique that time-shifts each sensor’s signal 

by a value corresponding to the time difference of arrival 

(TDOA) between each sensor and the reference signal 

(chosen arbitrarily), averaged across the sensors (i.e., piezo 

sensors). DSB is a fixed beamformer targeting a certain angle 

of arrival applicable to scenarios in which the DOA is known. 

For the stethoscope, if the array is located exactly above the 

target valve, the angle of arrival is around zero (Fig. 4). 

 
Fig. 4: DSB beam pattern 

 
Fig. 5: MVDR beam pattern 
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𝑦(𝑛) =
1

𝑀
∑ 𝑥𝑚(𝑛 − 𝜏𝑚).

𝑀

𝑚=1

 (12) 

This beamformer suppresses the ambient noise but does 

not significantly attenuate the lung noise interference. 

𝑆𝑁𝑅 =
𝐸[(ℎ𝑚

𝑠 𝑠(𝑛) + ℎ𝑚
𝑙 𝑙(𝑛))2]

𝐸[𝑣(𝑛)2]
. 

(13) 

 

 Fig. 6 illustrates the effect of beamforming on multi-

channel recording. Through beamforming, the noise and 

 
Fig. 6: One-second heart sound beamforming results 

 

Fig. 7: Output signal to interference and noise ratios (SINRs) for 

different input signal to noise ratios (SNRs)  

 

 interference are suppressed to levels below those of the 

single-channel recording.  

B. Adaptive beamforming with MVDR  

The underlying idea is to choose the coefficients of the 

filter, 𝐠, that minimise the output power, with the constraint 

that the desired signal, s(n), is unaffected (Fig. 5-6). 

min
𝐠

𝐠𝑇 𝐑𝑥𝑥𝐠.       (14) 

where 𝐑𝑥𝑥 is the autocorrelation matrix of the signal. The 

Lagrange multiplier method can be used to solve      (14): 

𝐠 =∝1

𝐑𝑥𝑚𝑥𝑚
−1 ∝

∝𝑻 𝐑𝑥𝑚𝑥𝑚
−1 ∝

, 
(15) 

 

where ∝ is the attenuation factors due to propagation 

effects. The output of the beamformer is 

�̂� = 𝐠𝑇𝐱.      (16) 

VI.  RESULTS AND DISCUSSION 

In this section, the multi-channel stethoscope and the 

beamformers are tested and compared with a single-channel 

sensor (i.e., Thinklabs One digital stethoscope; Thinklabs, 

Centennial, CO, USA). The evaluation process investigates 

the ability of the stethoscope to suppress the lung interference 

at different elevation and azimuth angles. 

Using (1), the signal to interference and noise ratio 

(SINR) is defined as  

oSINR =
|𝐬|

|𝐡𝑙 ∗ 𝐥 + 𝐯|
 

(17) 

 

The input signal includes interference and noise (1), but 

white noise is added to 𝐱𝑚 at arbitrary levels (iSNR) (18) to 

allow examination of the beamformer performance at 

different noise levels (Fig. 7). It is concluded that DSB 

applied to the linear array improves the output signal quality 

by just under 20 dB, whereas it improves the oSINR by only 

5 dB when applied to the rectangular array. 

Fig. 8 represents the SINR (17) results for the DSB(12) 

and MVDR beamforming (15) applied to the proposed linear 

and rectangular arrays at different azimuth and elevation 

angles relative to the array origin when the stethoscope is 

located above the aortic valve (i.e., at the top of the sternum). 

iSNR =
𝜙𝐱𝑚

𝜙𝐥 + 𝜙𝐯

 (18) 

where 𝜙(. ) represents the variance of the signal. 

                        
Fig. 8: SINR results at different angles 
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Although Fig. 4 and Fig. 5 show the superior performance of 

the MVDR beamformer compared with the DSB 

beamformer, the experimental studies show that that the DSB 

beamformer performs effectively when applied to the linear 

array (improving the SINR by minimum 12dB). The DSB 

performance is poor when applied to the rectangular array. 

The MVDR beamformer supresses the interference and noise 

more effectively when applied to the rectangular array (Fig. 

8). 

VII. CONCLUSION 

A multi-channel electronic stethoscope was designed and 

tested for high-accuracy heart sound auscultation by 

removing the interfering noise. The proposed stethoscope 

benefits from multi-channel signal processing techniques for 

channel equalisation and interference suppression. It 

effectively targets the heart sound and suppresses the lung 

sound by 16 dB. This experimental study also investigated 

the optimal beamforming angle to achieve the cleanest heart 

sound when the stethoscope is located above the aortic valve. 

This study could be expanded on by designing and testing 

other microphone array geometries and transducers. Future 

work will focus on multi-channel source separation 

techniques and investigate the inter-channel spacing of the 

proposed stethoscope.  
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