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ABSTRACT 

This article presents the design and implementation of a noise level monitoring system based on the Internet of 

Things (IoT) technology. MSP32P401R, a high-performance and low-power consumption microcontroller of Texas 

Instruments, is used to execute a dedicated C program that controls the sampling process of the sound stream from a 

MEMS microphone and then computation the corresponding sound pressure level in decibels. The obtained data is 

encapsulated, uploaded, and stored into a Firebase real-time database using a NodeMCU ESP8266 module for the Internet 

connection. The noise level values and also the results of data analysis and statistics are visualized as charts allowing 

people to rapidly observe and evaluate the noise level in the surveyed area. The initial results of this study can be extended 

to set up an automated system for surveillance and alert of noise pollution in smart cities. 
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1. INTRODUCTION 

Recently, noise pollution has become a distinct 

threat to human health and also to the quality of life. Noise 

pollution is the influx of loud and unwanted sound created 

by people, electronic devices, mechanical elements, so on. 

It causes so many negative consequences to human health 

such as hearing loss, stress, blood pressure changes, and 

other serious mental health problems. To reduce the 

negative effect of environmental noise in urban areas, 

many researchers mainly focus on the development of 

both wired and wireless sensor networks for noise level 

monitoring and audio data collection [1-4]. Besides, the 

research direction on digital signal processing and also 

acoustic recognition are rapidly progressing as an 

emerging solution for this issue [5-8]. There still exist 

challenges on exists the challenges such as balancing 

power energy consumption and the computational capacity 

of the system as well as the scalability of network design, 

especially for long-term and large-scale monitoring 

systems. This paper presents the design and 

implementation of a noise level monitoring system based 

on IoT with several advantages compared to existing 

systems, such as allowing monitoring in large areas, 

increasing the longevity of sensing nodes, and providing a 

web portal for data consulting and analyzing. 

To gather high-precision audio data, the first step 

is to choose a proper microphone. There are many types of 

sound sensors available on the market today. The output 

data of microphones are often classified into two main 

kinds: digital format with a potentiometer to adjust the 

sound intensity according to the threshold and analog 

format using electret microphone or MEMS 

(Microelectromechanical systems) microphone supporting 

both SPI and I2S communication standards. The sensor 

with digital output is only suitable for simple applications 

to determine the sound intensity by a threshold, so there is 

no high accuracy that should not be suitable for the 

subject. MEMS microphones with analog outputs are 

chosen to use in this work because of their high sensitivity, 

stable output, and low noise. Besides, the cost of this type 

of microphone is not too high for large-scale expansion 

[9]. Acquiring audio data is also completely different from 

collecting other types of data such as temperature, 

humidity, etc. Samples are fully collected and have 

minimal interference so choosing a high-performance 

processor is critical. Especially, the microcontroller must 

meet the following conditions with a diverse clock splitter, 

ADC sampling rate with many options for programmers, 

stable GPIO output stream, ... suitable for various 

applications. Consequently, MSP432 microcontrollers of 

Texas Instruments are among the top rank of choices [10]. 

The storage of audio data in particular is often stored in 

various types of devices such as tapes, cassettes, CDs, 

DVDs, etc. However, with the development of digital 

recording devices, current recording data is fed directly to 

the large capacity of internal memory. In this work, the 

data will be stored to the SD memory card before 

uploading into Firebase real-time database because the SD 

memory card has fast data read and write speed, which is 

commonly used in modern devices to facilitate sound 

reproduction [9, 11]. It is quite common to bring data to 

the Cloud server in IoT applications, but microcontrollers 

often do not have built-in functionality in 

microcontrollers. The problem is choosing a module or 

communicating with another microcontroller with the right 

function. However, it should be noted that the 

microcontroller has libraries for the selected module. The 

solution for microcontrollers that do not have library 

support is to communicate with another board, with 

consistent communication standards between the two 

boards. For this reason, the Node MCU ESP8266 board 

was used to establish the Internet-connect via a Wi-Fi 

connection. The following section introduces a brief view 

of the electronics component being used in this work [12]. 

Currently, it is obvious that image processing is a growing 

trend, but sound processing is equally important in the 

development of artificial intelligence and data 

digitalization. Thanks to sound, we can recognize objects; 

predict the distance, position of objects in a certain space. 

The first step of building systems of machines, sound 
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equipment similar to humans, is the collection and storage 

for data analysis from audio sensors. Also, the problem of 

noise pollution is an important issue as society develops 

more and more factories, factories, vehicles, machines ... 

making sounds affecting health. Human productivity, daily 

sleep should be supervised and managed. Some loud 

amplifier loudspeakers are abused by people in activities, 

entertainment, coastal tourism, and ecotourism areas, 

causing noise pollution not only in residential areas but 

also in rural areas. Audio data is also one of the highly 

secure data types when being encrypted for use in security 

and defense. So the study of an audio data acquisition 

system is necessary and important. For the above reasons, 

this study proposes the system to perform two main 

functions: (a) monitoring the loudness of the sound (noise) 

in dB and displaying the measured value on the web 

application in real-time (b) audio recording and 

restoration. 

The rest of this paper is organized as follows: 

after stating various causes, effects, and solutions to air 

pollution, summarizing the related works and presenting 

the related theory and the major objectives of this working 

Section 1. The system utilizes innovative microcontroller 

and sensor technologies to design and implement the 

proposed system for automatically collecting sound data 

for noise pollution monitoring as well as reconstruction of 

the original sound as required. Hardware and software 

development are described in detail in Section 2.  In 

Section 3, the significance of the experimental results is 

evaluated. Finally, Section 4 concludes this paper before 

discussing future works. 

 

2. METHODOLOGY AND SYSTEM DESIGN 

Figure-1 shows an overview of the system 

including the main components of our proposed system 

and Cloud database service along with a web portal for 

public access. The MSP432P401R is the central processor 

that transforms the ADC from the microphone, quantifies 

the converted digital signal, and communicates SPI with 

the external SD memory card through the SD card module. 

In this design, the SD card is responsible for storing 

locally quantized digital audio files in the PCM format. 

ESP8266 receives data from MSP432P401R UART 

communication between 2 boards and then uploads it into 

the Firebase Real-time database. Moreover, a web portal 

was developed with a visual chart representing the 

collected values in real-time. Through the web browser on 

computers, tablets, and smartphones, everyone can access 

and view information conveniently. 

 

 
 

Figure-1. Block diagram of the proposed system. 

 

The MSP432P401R belongs to a new generation 

of MCUs with advanced mixed-signal features targeting 

low power applications while providing significant 

performance processing capabilities for moderate signal 

processing tasks thanks to the ARM 32-bit Cortex M4 

RISC engine. Its operating time base can be configured 

with external or internal clock sources enabling a system 

clock rate up to 48 MHz. The analog-digital conversions 

(ADCs) capabilities allow data digitization at a maximum 

conversion rate of 1 Msps with a configurable resolution 

from 8 to 14-bit. Moreover, the A DC modules allow data 

to be digitized with only a positive input range (unipolar 

mode) or by accepting also negative analog signals 

(bipolar mode). The MSP430F5529 model features a 16-

bit RISC architecture equipped with a rich set of internal 

peripherals such as four 16-bit timer units, several serial 

bus interfaces (I2C, SPI, and UART modules), and an 

eight-channel DMA unit [10,13]. 

Because a system clock of 24 MHz is selected for 

ADC operation and the clock signal used to transform 

ADC is SMCLK/64 corresponding to sampling frequency 

fs=23475.5 Hz, audio data was recorded at frequency 

fm=11025 Hz. The eUSCI_A UART of MSP432P401R 

was configured to operate with the SMCLK system clock 

in its asynchronous mode with the following settings: 

9600 baud rate in oversampling mode, LSB first, 1 

stop/start bit, and 8 bytes Rx buffer size. The eUSCI_B 

was set to master mode with configuration as follows: 3-

pin SPI operation with SMCLK clock in 500 kHz, MSB 

first, clock polarity high, and clock phase. 

With a requirement for high precision in sound 

sampling, the microphone is built with MEMS technology 

to fulfill that requirement. The sensitivity, the ratio of the 

analog output voltage, or the digital output value to the 

inlet pressure, is a key specification of any microphone. 

Units that map in the acoustic domain to units in the 

electrical domain determine the strength of the 

microphone output signal, for a known input. The choice 

of output in analog or digital signal format depends on the 

suitable selection application. Microphone sensitivity is 

typically measured in a 1 kHz sine wave at 94 dB (SPL) or 

1-pascal pressure (Pa). The magnitude of the analog or 
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digital output signal from the microphone with that input 

stimulus is a measure of its sensitivity. This reference 

point is just a characteristic of the microphone, not entirely 

about its performance [9]. 

The ADMP401 is a MEMS microphone with 

analog output format with many critical advances such as 

flat frequency response from 100 Hz to 15 kHz, high 

sensitivity (-42 dBV), high SNR (signal to noise ratio) 62 

dBA, and low power consumption (< 250 -

1 specifies the connection between MSP432P401R and 

ADMP401. 

 

Table-1. The connection between MSP432P401R 

and ADMP401. 
 

ADMP401 MSP432P401R 

AUD P5.5 (A0) 

GND GND 

VCC 3.3V 

 

Table-2 describes the connection between 

MSP432P401R and NodeMCU ESP8266 which is 

developed on the ESP8266 SoC Wi-Fi chip [12]. This 

facilitates programming applications on the ESP8266 for 

applications that need to connect, collect data, and control 

over Wi-Fi connection, especially IoT-related applications. 

 

Table-2. The connection between MSP432P401R and 

NodeMCU ESP8266. 
 

NODE MCU ESP8266 MSP432P401R 

Vin 5.0V 

GND GND 

RX P3.3(TX) 

TX P3.2(RX) 

 

In this design, an SD Card module connecting 

with MSP432P401R via SPI interface was used to store 

audio data (see Table-3). The results of sampling the audio 

signal from the ADC output are 14-bit data which is stored 

in a 2-byte memory variable. Then the signal multiplies 8 

times and shifts right 8 bits. These transformation 

coefficients are carefully selected and adjusted through 

many experiments. The memory buffer size for audio data 

recording before saving into each file is set to 524288 

bytes corresponding to a recording period of 

approximately 22 seconds. For example, using an 8 GB 

SD memory card, the system can use to record audio data 

continuously for around 100 hours. 

 

 

 

 

 

 

 

 

Table-3. The connection between MSP432P401R and 

SD card adaptor. 
 

SD Card module MSP432P401R 

MISO P1.7 

MOSI P1.6 

SCLK P1.5 

CS P5.0 

VCC 5.0V 

GND GND 

 

 
 

Figure-2. Flow chart of C program for sound capturing. 

 

Code Composer Studio (CCS) software is an 

integrated development environment (IDE) that supports 

TI's MSP432 microcontrollers. CCS includes tools used to 

develop and debug embedded applications. It includes a 

C/C ++ compiler, source code editor, project build 

environment, debugger, and more. CCS also combines the 

advantages of the Eclipse software framework with 

advanced embedded debugging capabilities from TI to 

create a development environment with many features that 
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appeal to users. In this research, the author uses CCS 

including DriverLib library to program the firmware 

running on the MSP432P401R microcontroller [10, 13]. 

Figure-2 is the flow chart of the C program 

running on MSP432P401R for sound data capturing. First, 

we need to initiate connections such as UART, SPI, 

Timer, and GPIO. Set the necessary configuration for the 

ADC14 and the necessary interrupt functions. Check if the 

connection to the SD card is successful, then create the 

file. The file is named by the variable starting one and 

increasing once the file is full of size. Data passed to the 

file are arrays of ADC values created during interrupt 

controlled by interrupt flags. The UART is passed during 

array writing to the file. In the case of disconnecting the 

SD card and reconnecting it, it will start from file one and 

overwrite the old values in the file. 

Firebase's real-time database (FRD) is a well-

known Google database service. The data is stored in a 

JSON tree and is synchronized in real-time to many 

different clients. FRD is a platform that is very popularly 

used today in the Internet of Things applications because 

of many advantages: JSON string storage is easy to 

interact with is cloud-hosted (all data is stored on Google's 

cloud service), full SDK support for many different 

platforms such as Android, web, etc. In addition to the 

SDKs that support the separate platforms above, a real 

client can use the API to query with the FRD by sending 

HTTP requests from the client side. For queries with FRD 

are divided into 2 main categories: (a) Save data includes 

three query methods to store data into FRD: PUT, 

PATCH, POST and one method to delete data from FRD: 

DELETE; (b) Retrieve data includes a method to read data 

from FRD is GET [15]. 

 

3. EXPERIMENTAL RESULTS 
 

 
 

Figure-3. Proposed system’s hardware. 

 

Figure-3 is a photo of the proposed system in 

experiments. The initial results show the system fits the 

requirements of efficiency and stability. The system can 

capture almost all sounds that humans can hear such as 

voices, cars, musical instruments, music, etc. The captured 

sound was stored on the SD memory card in the form of 

PCM at 11025 Hz and the can playback audio was 

recorded on the computer using common audio, for 

example, Audacity software. Besides, the ESP8266 MCU 

node plays a role to insert the captured sound into the 

Firebase database in real-time for the web presentation (as 

can be seen in Figure-4). 

 

 
 

Figure-4. Snapshot of Firebase database. 

 

Figure-5 illustrates the chart of sound level values 

in dB which were in an experimental measurement for 600 

seconds. The values plotted on the graph are the mean of 

the values being obtained in each second. A video clip 

recorded during an experiment can be accessed at the 

following link https://bit.ly/32swaLI. 

 

 
 

Figure-5. Snapshot of noise level data in an experiment. 

 

MSP432P401R microcontroller is a high-end 

microcontroller that allows multithreading processes by 

using a real-time operating system (RTOS) [16]. For more 

efficient transmission of sound, the storage and 

transmission need to be separate from each other. 

Moreover, depending on the sound impact on the value 

may be greater or less than the background value but the 

loudness is the same. It is critical to pay attention to 

background noise to correct the results. Based on this 

result, we can compare with equipment that has a 

dedicated sound intensity measurement standard for 

calibration based on a linear regression method to monitor 

noise pollution. 

 

4. CONCLUSIONS 

In this article, the design and implementation of 

an IoT-based noise level monitoring system for smart 

cities are presented. The design used a high-performance 

and low-power consumption microcontroller of Texas 

Instruments to control collecting sound data for noise level 

https://bit.ly/32swaLI
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computation. The obtained data is uploaded into a Firebase 

real-time database via a Wi-Fi connection. The noise level 

values as well as the data analysis results from 

experiments are depicted in charts allowing people to 

rapidly observe and evaluate the noise level in the 

deployment area. The initial results of this study can be 

extended to set up a noise pollution surveillance system in 

major cities. Besides, the proposed system can be used to 

capture the sound of insects in orchards, paddy fields, etc. 

to assist in controlling insects using their natural enemies 

in agricultural cultivation towards an environmentally 

friendly agricultural system. 
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