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Goal

❑ The goal of the project is to building a cheap, practical sound 
tracking device to be implemented in presentation 
broadcasting to locate the speaker and broadcast a live feed 
from the camera closest to them. This concept can also be 
implemented in surveillance systems, where image resolution 
may be poor.
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Sound Sensing Camera Network

Research Challenges

❑ Ensuring the device’s ability to register sound input effectively 
(i.e. eliminating background noise)

❑ Lack of onboard memory of the Arduino Uno stock 
microprocessor (Atmel ATmega 328P chip)

❑ Problems with integration of various hardware and software 
components to achieve desired results

Motivations and Objectives

❑ Motivations

▪ Current presentation broadcasting relies on operators to 
manually switch between camera angles or wireless 
tracking devices that are more prone to interference. This 
concept can also be expanded security systems where 
sound data is more reliable than visual input (e.g. low light)  

❑ Objectives

▪ Create a device that can track the location of a sound 
source and rotate the camera in its direction. 

▪ Set up a network of cameras that can automatically switch 
video feed based on the proximity of the sound source to 
the device
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Three microphone sensors receive sound signals 
and triggered in order of time of arrival  and 
stored as vectors in the system.Then, time delays 
of each sensors are being compared to 
determine a 0 to 180 degree angle. 

❑ Step 3  Signals Processing with Microcontrollers
The ATmega1284p MCU is used to proceed the 
input signals from three microphones. The interrupts 
are set to trigger on any logic level change where 
the logic low represents a microphone triggered and 
these three logics consist of the state machine 
based on three external interrupt ISR’s. 

❑ Step 1 Background Math
Approximate speed of sound in dry air, in meters 
per second:           Vs = 331.3 + 0.606*T
where T is the temperature in degrees Celsius 
and 340 m/s is used in our calculation.
Angle calculation in degrees:
      θ = (180/π) * arcsin((delay*Vs) / mic distance)
where Vs is 340 m/s & microphone distance is 
0.2m. Assuming zero degree to be the central line 
of two microphones, the calculated theta is within 
90 degrees in either direction.
Servo motor control:
   Pulse width = servo_min + θ*(servo_max - 
servo_min)/360;
Where servo_min & servo_max are the minimum 
and maximum values corresponding the the pulse 
width , respectively. 
❑ Step 2 Microphone Circuit

Left: Device Right Top: Device camera control (Two 
Raspberry Pi 3 connected over network) Right 
Bottom: Device Circuit

Right: Output of Atmega 1284p is a pulse wave, 
which rotates servo system in direction of sound 
source Left: Duty Cycle of servo motor to control 
rotation angle


