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Abstract. In this paper, an electronic stetho-
scope for detection of heart defects in neonates
is presented. The stethoscope filters the infants
heart beat signal and then slows this signal
down while maintaining the frequency informa-
tion. The design consists of a signal processing
algorithm running on an embedded processor
while receiving a signal from a microphone. It
costs $500 and is able to perform 60 examina-
tions before it requires recharging.
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1 Introduction

The heart rate of a neonates may be three times faster
than that of an adult. The prevalence of congenital heart
defects in newborns and the risks associated with delayed
detection, demand the development of enhanced detection
methods. This paper presents an electronic stethoscope to
aid clinicians in detection and diagnosis of heart defects
in neonates.

The design was to be portable, easy to use, and ap-
propriate for use in a hospital setting. The amount of
training needed to use this device should be kept to a
minimum. The amount of time to perform an analysis
using the device should be no longer than that of a con-
ventional stethoscope.

The most common tool used to detect heart defects in
newborns is the conventional pediatric stethoscope. This
design filters excess noise and presents a slowed down
audio file of the heartbeat while maintaining the original
signals frequency information.

A domain analysis was preformed to gain knowledge
of heart defects and the current state of heart defect de-
tection. An algorithm was then selected to process the
signal such that it would make the presence of heart de-
fects more obvious. The processor used to perform this
signal processing was selected. The data acquisition sys-
tem was then developed. Other components that were
needed to interface the input, the processor, and output
were found. The system was then prototyped and simu-
lated using LabVIEW and MATLAB.

2 Conceptual Design and Methodology

2.1 Overall design

The design was composed of three main subsystems: data
acquisition, digital signal processing (DSP) and signal re-

construction. The data acquisition system encompassed,
signal acquisition, signal conditioning and analog to digi-
tal conversion. The digitized signal was then passed to the
DSP subsystem. The DSP subsystem, time stretched the
incoming signal, which extended playback time while pre-
serving frequency information. Post processed data then
underwent signal reconstruction and output to a speaker.
Please refer to Figure 1 for visualization

Fig. 1. Conceptual Block Diagram

2.2 Major components

The design is constructed of seven components: the bell,
microphone, filter, analog to digital converter, processing
board, digital to analog converter and the speakers. The
bell and microphone work in tandem to capture the sound
energy and convert it into an electrical signal. The signal
is passed through a filter to condition the signal. The
conditioned signal is then sampled by the analog to digital
converter and passed to the processing board. The board
buffers the signal and performs a time stretch algorithm
on it. The post processed signal is then reconstructed as
an analog signal by the digital to analog converter and
output by the speaker.

3 Detailed Design

A mockup of the overall system design can be seen in
Figure 2.

3.1 Input Low Pass Filter

A third order low pass Butterworth filter with a cutoff fre-
quency of 5000Hz was chosen to cutoff unnecessary high
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Fig. 2. Overall System

frequency noise that do not contribute to the heart sig-
nal. A passive LC latter implementation was ideal due to
its operation not requiring any power source. A sampling
rate of 10,000Hz was used for analog to digital conversion,
following the Nyquist theorem.

3.2 Phase Vocoder

Phase Vocoding was chosen as the algorithm to slow down
and pitch correct the heart signal. It involves taking a
Fourier transform of windowed sections of the incoming
signal and shifting the frequencies of the resulting sine
and cosine waves appropriately. The manipulated signal
is then converted back to the time domain and combined
and overlapped with the previous manipulated samples to
form the new signal. A reference implementation in MAT-
LAB code was observed and used for testing final values.
Through experimentation and calculation, an ideal win-
dow size of 2500 samples per window was obtained and a
time stretch ratio of 1.75 was found to work best.

3.3 MCF5282 Cold Fire MCU

In order to run the program that would execute the Phase
Vocoder algorithm, embedded hardware was used. This
ensured that the device is portable and it would consume
very little. The boards were evaluated using a number of
performance vectors including cost, power consumption
and computing power. After researching several options,
it was decided that the processor that would be used
in the design would be the MCF5282 LITE evaluation
board. It is a full development kit that will cost $229.00.
It has a 66Mhz processor and 16 MB of RAM. Its average
power consumption is 3.6W but this may be lower based
on the amount of usage of the board.

3.4 Sennheiser Microphone

In order to gather the signal and process it, a microphone
must be used to record it. Many factors were considered
when selecting a microphone including but not limited to
directionality, sensitivity and frequency response. This re-
search concluded that the Sennheiser ME104 ECM micro-
phone was the most appropriate for recording the heart
signal.

3.5 Other Components

A Texas Instruments PCM1774 will be used as the digital
to analog converter as well as the output amplifier. It costs
$3.71 and uses 0.243W.

A pair of in ear headphones were selected primarily on
cost. The cheapest pair in available retail channels were
found to be the Centrios in-ear plug earbuds from The
Source for $9.99.

A conventional pediatric stethoscope from Amazon.com
was selected which retails for $7.36. It is from GF Health
Products and offers reasonable quality. The bell and tub-
ing components are used from this product.

Two 9V 1200mAh Li-ion batteries were selected to
run the system for a maximum of 5 hours on high power.
Assuming an exam time of 5 minutes, this would allow
up to 60 exams before a recharge must take place.

The board and battery housing was selectred from
New Age Enclosures. It costs approximately $5.00 and
is manufactured from PCB. It is light, durable, and is
reasonably small.

4 Implementation and Testing

The final design ran off of two 9V, 1200mAh Li-ion bat-
teries for five hours on high power mode. At an assumed
examination time of five minutes, this allowed for sixty
exams between recharge cycles.

The cost of the system was approximately $500.00:
83% of this cost being distributed across the microphone
and development board. This is on par with the retail
cost of designs by 3M. Costs could be reduced by mov-
ing from a development board to a custom architected
microcontroller system.

For future work, distortion could be further reduced
by tuning the code for faster hardware implementations
when they come down in cost. This would drastically im-
prove sound quality with minimal change to the algo-
rithm. A wavelet approach may also be explored to im-
prove sound quality.
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