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Abstract 

This report covers the usage silence detection technology in today’s radio 

broadcasting industry and investigates whether it is possible to use consumer-level 

microcontrollers in order to perform the act of silence detection. 

This report begins by looking in the necessities behind the technology and will go 

on to talk about the development of an alternative technology for entry level radio 

stations with smaller budgets using consumer-level microcontrollers as an 

alternative to traditional off-the-shelf commercial solutions. 

During this project an audio signal was fed into an Arduino Uno, and the signals 

analysed, at which point it was determined that Arduino was not a suitable 

microcontroller for the application of Silence Detection 
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Introduction 
In the radio broadcasting industry, every second on air counts, as music and 

adverts are scheduled for maximum impact. One of the worst things a broadcaster 

can do is to broadcast dead-air (Eastman, 2012) – particularly in radio. Dead-air 

can be caused by a number of reasons.  

Dead-air can result in impatient listeners switching to competing stations to 

continue listening to scheduled content, as well as legal considerations with a 

station’s broadcasting licence.  

The presence of dead-air can lead to radio stations losing listenership, which can 

be harmful to a station’s income, as commercial partners may lose financial 

interest within a station or network – a loss of which will be ultimately be 

economically bad for the broadcaster. 

Some of the reasons dead-air can be caused, can be due to a number of different 

factors such as technological, administrative or human failures. 

Some of the technological reasons that can result in dead-air can include the 

failure of playout systems, studios and routing equipment. Administrative errors 

can also cause problems, such as scheduling errors, as well as other human errors 

such as presenters not turning up on time. 

Because of the chance of software or equipment failure, a separate system is 

required to be able to compensate for these failures. The purpose of this project 

was to determine if it would be possible to design and build a broadcast-ready 

silence detection unit using readily available consumer-level microcontrollers such 

as Arduino or Raspberry Pi.  

The main reason for producing a system using consumer-level equipment is being 

to be able to provide a low cost technical solution for not-for-profit broadcasters 

such as student, hospital and community radio stations with similar functionality to 

more expensive equipment available commercially. While there are software 

solutions available, they may still require investment in additional equipment, so 

may not be as cost-effective as they seem at first glance. This project will go on to 

investigate the processes behind silence detection, and the development of a 

system using consumer-level microcontrollers. 
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Aims and Objectives 
The aim of the project is to create a device using consumer-level microcontrollers, 

which would be capable of monitoring one or more analogue audio inputs, to carry 

out analysis of the audio signal, to look out for audio transmission errors such as 

silence, distortion, clipping, and noise. 

The device designed during the product would be able to interpret the results from 

analysing the audio signal, to carry out a defined action, which could include: 

communicating with a web monitoring service, switching audio sources, playing out 

localised audio, or triggering general purpose inputs/outputs. 

This project has been designed at aiming to make silence detection more 

intelligent, stepping past the boundaries of traditional systems which could just 

determine silence, but also other audio transmission problems that could occur, 

such as clipping or distortion. 

As part of this project it is also to be considered to work to integrate the system to 

be able to be controlled and or monitored from a web interface or the cloud, and 

follow ‘policy’ driven triggers, such as on detecting clipping, sending a push 

notification to the studio to remind the operator to double check their levels, or 

on detecting silence to send a SMS message to a contact. 

The level of success of this project will be determined on whether a system can be 

set up that can accept multiple inputs, and detect when a signal drops below a 

defined threshold. 

The device will be deemed functional if it will be able to detect the amplitude of 

an input audio signal drop below a configurable threshold, as opposed to just the 

sole presence of an audio signal – this will require, at minimum, the analysis of 

speech based frequency bands.  
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Background 

What is Silence Detection? 

Community and Commercial radio stations use silence detection as part of their 

everyday transmission chain. Silence detection systems are commonly used to 

monitor the state of the transmission feeds on transmission sites, acting as a last 

line of defence to aid in preventing a radio station from transmitting dead-air for 

an extended period of time. (Walters, 2006)  

Why Do Radio Stations Use Silence Detection? 

It is in the best interest of radio stations that they monitor their transmission feeds 

for number of different reasons. The main reason a broadcaster would want to do 

ensure they prevent silence, is from a commercial standpoint.  

Commercial Protection from Silence Detection 

If a radio station broadcasts silence, listeners are likely to quickly lose interest in 

the station, and tune in to a competitor. The result of losing listeners could mean 

that advertisers would be less willing to invest money into the station, which could 

have a devastating impact.  

ofCom, the law and licences 

Other than the loss of listenership and commercial revenue silence can cost a radio 

station, broadcasters could be seen to be in breach of their broadcasting licence, 

and as a result lose their licence through being revoked, or to a competitor when 

the licence is re-advertised at the end of its term.  

Rules regarding the requirements for broadcasters are laid out in the Broadcasting 

Act (1996) and Wireless Telegraphy Act (2006). Under guidance given by ofCom the 

Site Engineering Code for Analogue Radio Broadcast Transmission Systems, stations 

are responsible for their distribution systems, and should be able to switch to a 

standby source, or switch off their transmitter in the event of failure. (ofCom, 

2013) 
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What Silence Detection Systems are Available? 

A number of systems do exist to monitor for silence, with solutions available in the 

form of both hardware and software. 

Hardware 
One of the current popular choices and low cost hardware solutions is the Sonifex 

Redbox SD-1, currently available on the market for around £400 (prices checked 

May 2016). The Sonifex Redbox SD-1 is capable of monitoring one stereo input, and 

switching to a standby source, which can triggered via GPIO. One of the downsides 

to the Sonifex Redbox SD-1 is that out of the box is unable to provide a way to 

remotely monitor the state of a transmission feed. 

Software 

Aside from hardware based options, there are solutions which exist in the form of 

computer software, an example of which is PiraCZ Silence Detection, which works 

by taking the input from a soundcard, and monitoring it. 

PiraCZ is capable of performing a variety of defined actions in the event of silence 

being detected, such as triggering GPIO (similar to hardware solutions available), 

opening software, and sending HTTP requests. However, because PiraCZ is a 

software solution within an operating system (Microsoft Windows), there is a higher 

chance of failure of the device due to software on the device crashing.  

In addition to the risks of software failure, is the requirement of additional 

hardware, such as a split from a distribution amplifier, or to switch the audio.  

While audio could in theory be fed directly through the device itself through means 

of a loopback which could present new problems. Loopback is where the device 

decodes the audio input, before processing it, and re-encoding it. 
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Figure 1 Delay caused by Loopback 

 The process of looping back the audio through the device could result in 

unnecessary delay to the audio which might be undesirable in a live environment.  

 In addition to delay, a failure of the computer running the software, would halt 

the loopback of sound, ultimately taking the station off air. Another consideration 

of working with loopback audio is the quality of the audio interface used with the 

device, as it could result in a transmission of poor quality without a broadcast 

quality audio interface. 

One problem faced by many entry level silence detection units, is that they do not 

come with the ability to offer remote site monitoring out of the box.  

Since most radio stations studios are not located on the same sites they transmit 

from, this can make difficulties when monitoring a remote transmitter site, or 

multiple sites which are often unattended.  

Monitoring of remote sites is highly important to broadcasters, as they need to be 

made aware of any problems that are occurring in their transmission chains. 

Without the presence of the ability to monitor remote sites, this can add 

unnecessary delay in allowing station technical staff to respond appropriately to 

the situation. 
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What Causes Dead-Air? 
 

Dead-air can be caused by a number of different reasons, and it is important that 

the station can be informed as soon as possible.  

Case Study: Wireless Group PLC. 

Examples of causes of dead-air have included a case in 2008, where a fire broke 

out on the programming floor of talkSPORT during their breakfast show on the 17th 

October. talkSPORT was taken off air for a period of 90 minutes while the show 

was moved to a backup location (Martin, 2008). In this instance where talkSPORT 

went off air, no back-up system had been triggered, as the studio hadn’t been 

signed out (ibid.). In this instance, a silence detection system could have been in 

place which could have prevented an unscheduled silence from happening. 

Case Study: British Broadcasting Cooperation  

At the BBC in 2009, one of their radio broadcasting hubs suffered a catastrophic 

power failure on the 2nd May, which took BBC Radio 1, 1Xtra and BBC Asian 

Network off air for about 45 minutes. However, in the incident involving the BBC, 

their automatic silence detection system successfully activated approximately 30 

seconds after the power failure. (Baddhan, 2009) 

Case Study: Celador Radio 

On 4 February 2015 Sam FM in Southampton suffered a technical failure with one 

of their studio to transmitter links, which resulted in their transmission stream 

cutting in and our every few seconds (Sam FM, 2015), which wasn’t enough to 

trigger one of their silence detection systems. 

Case Study: Bauer Radio 

Aside from technical failures, human error has been shown to take part in 

contributing to unscheduled silence, as presenters failing to turn up. One claimed 

instance of this was from one of Chris Evans’ radio show on Virgin Radio (now 

Absolute Radio) 
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Methodology 

This chapter begins by introducing the development of the project as it progressed 

and then goes on to mention how the aims of the project changed throughout the 

project.  

Outline 

From the outline of the project, the main intention was to base the project of 

silence detection around consumer-level microcontrollers. A number of solutions 

were investigated for this project. 

Amongst the choices found were the Raspberry Pi, Arduino Uno and Intel Galileo. 

Each of these microcontrollers were shortlisted, as they were readily available, 

and are an open source platform, minimising the need for proprietary software or 

development kits. From the shortlisted devices, the Arduino was found to be the 

most cost-effective solution, however concerns were raised as to whether it would 

be capable of maintaining a web interface, while sampling and processing the 

audio inputs.  

Choosing the Microcontroller 

From the initial research into the microcontrollers, the Intel Galileo provided a 

suitable compromise for the capabilities of the Arduino, as it had all the 

capabilities of running the same type of code as Arduino, as well as having built in 

networking capabilities and being able to run an operating system such as Windows 

on Devices or Linux to allow easier integration onto the internet of things.  

Unfortunately for the Intel Galileo, its hardware had quickly become out-dated, 

and Microsoft had ended support for running their Windows on Devices platform on 

the Intel Galileo. From all of the devices, the Intel Galileo was the most expensive, 

and as a result also had the least amount of active users/support. A decision was 

made that would be more cost and time effective to choose an alternative 

platform.  

There are a number of other microcontrollers available as an alternative to the 

Intel Galileo, such as the MinnowBoard Max, and DragonBoard410c (Microsoft, 

2015) however the Minnowboard Max is more expensive than the Intel Galileo 
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costing over £100 (RS Components, 2015) which is less financially feasible for this 

project, and the DragonBoard410c is less readily available in the UK. 

The third option investigated for this project was the Raspberry Pi, which would be 

capable of running the web software, and carry out analysis on the audio signals. 

The disadvantage however of the Raspberry Pi, was the inability to take analogue 

readings from its GPIO pins, however due to open nature of the device, there 

would be analogue-to-digital converters available to use on the platform.  

From the research carried out, it was decided that the Raspberry Pi was chosen as 

the best option for a number of reasons, including cost, networking capabilities, 

and readily available software/development platforms available.  

 

Choice of Audio Format 

In broadcast when transmitting audio, there is usually the choice of using analogue 

audio, or digital audio. For the scope of this project, the primary focus will be on 

analogue audio, as this is the simplest form to monitor.   

If there is further time available in the project, it could be worth developing 

support for digital audio. Digital audio is today commonly encoded in AES3 

(Robjohns, 2007), also known as AES/EBU, an open standard set by the Audio 

Engineering Society (AES) and the European Broadcasting Union (EBU).  

(European Broadcasting Union, 2004)  

In order to be able to process AES3 audio, would require separate circuitry from 

the analogue signal path for a number of reasons.  

This is due to the operational differences between the two technologies, and for 

device protection.  

In order to make the device complaint with the AES/EBU specification set by the 

EBU, the sending or receiving circuit must use a coupling transformer (NTI Audio, 

2012).   

Another consideration for working with AES3 audio is the operational voltages of 

AES3 data.  
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According to the AES3 specifications, the typical voltage range for an AES3 is 

between 2 and 7 volts peak to peak (European Broadcasting Union, 2004). An 

operational voltage of 2 to 7 volts could prove problematic whilst integrating with 

a microcontroller like the Raspberry Pi, which has an operational GPIO voltage of 

3.3v for a digital high (Raspberry Pi Foundation, 2015).  

Though the Raspberry Pi would be capable of taking a digital high reading from a 2 

volt AES3 signal as the minimum threshold for digital high is 1.8 volts (Raspberry Pi 

Foundation, 2015), a high end voltage from an AES3 signal at 7 volts could have the 

potential to cause damage to the microcontroller, and would need to be passed 

through a limiter to prevent damage to the device.  

With time and form factor considerations, integrating support for AES3 audio into 

the project would not be feasible, and the project will only focus on monitoring 

analogue audio. 
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Audio Input Arrangement  

In consideration with the design requirements of the project, decisions need to be 

made to the number of audio inputs the device will be able to support and 

monitor. The device should require a minimum of two audio inputs that it can 

switch between. In order to provide redundancy, additional inputs can be 

incorporated into the design. Examples of inputs can be seen in the table below:  

 

Table 1 - Audio Input Arrangement Option 1 

Input  Name  Description  

A/B  Transmission Feed MAIN (Stereo)  Main transmission feed  

C/D  Transmission Feed HOT Standby 
(Stereo)  

Backup of main transmission  

Y/Z  Output Loopback  Output Monitoring  

 
Table 2 - Audio Input Arrangement Option 2 

Input  Name  Description  

A/B  Transmission Feed MAIN (Stereo)  Main transmission feed  

C/D  Offline WARM SPARE (Stereo)  Local backup system, e.g. a CD Player  

Y/Z  Output Loopback  Output Monitoring  

 

In each of these systems, the output can be looped back and monitored internally 

to check for the audio continuity. This means that the system would be able to 

check itself to ensure that audio is still passing through the device to ensure 

corrective action has worked. In the event of a failure, the device could be 

programmed to play media internally, or as a final resort send a command to shut 

down the transmitter.   
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Choice of Programming Language 

Once the Raspberry Pi had been chosen for the project, research needed to be 

carried out into which would be the best operating system to run the device with. 

The most flexible option was to run a Linux distribution, as this would allow 

flexibility over choice of programming language, allowing the software to be 

developed using a multitude of programming languages including C++, Java and 

Python compared to Windows on Devices, which is limited C++.  

The language chosen for this project was Python, as it was a much simpler 

programming language to use, and would not need compiling, compared to C++ 

which would be able to save time during the project’s development.  

Once the programming language had been chosen, the next important step was to 

find a method of taking analogue inputs from audio sources into the Raspberry Pi. 

Following a small amount of research online into analogue-to-digital converters 

(also known as ADCs) one suitable candidate was found, the ADC Pi Plus from AB 

electronics. This analogue-to-digital converter board was capable of taking 8 

analogue inputs at 17 bits, and came with Python code libraries to help integrate it 

into the project using data transferred to the Raspberry Pi over a protocol called 

I2C (AB Electronics, 2016).  

The ADC Pi Plus is based around the Microchip MCP3424 analogue-to-digital 

converters, from which further research found, only had a sample rate of up to 

250Hz (Microchip, 2009) which seemed concerning.  

Based on the Nyquist-Shannon sampling frequency theorem, to represent a signal, 

it needs to be sampled at twice the maximum frequency that is going to be 

sampled. In the world of radio, the highest frequency usually sampled is around 15 

kHz (Lesurf [no date]), which is based around traditional FM processing. To 

represent the frequency range of FM Radio would have required a sample rate of 

at least 32 kHz. Therefore, it was found that the sample rate of the ADC Pi Plus 

was inadequate for this task. As a compromise in finding an analogue-to-digital 

converter, a decision was made to at least focus on being able to capture the 

human vocal frequency range. The main frequency components of human speech 

are between 250 and 2000 Hz (Wiley, 1993), so to capture speech properly, it 
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would be desirable to have a sampling frequency of at least 4 kHz, which is still 

outside the maximum sampling of the ADC Pi Plus.  

Once device which was found to be able to sample at least 4 kHz turned out to be 

the Arduino, which is capable of reading analogue signals at a rate of 10 kHz, 

based on the analogue read time of 100 microseconds (Arduino, 2016). 

The next challenge is sending data between the Arduino and the Raspberry Pi. One 

way in which this can be done is using serial. The first stage of doing this was to 

determine how much data needs to be sent across the serial connection.  

To determine how much data needed to be sent across the serial connection 

required the knowledge of that information needed to be sent. By default, Arduino 

will sample analogue reads at 10-bits per channel recorded. For the purpose of this 

project, it would be of interest to be able to monitor two stereo inputs, and one 

stereo output, so in total 6 channels.  

For the Raspberry Pi to be able to differentiate between these channels, the 

Arduino will need to send this information over Serial as well. The simplest way to 

do this is in binary form. To do this, this will require at least three bits (as shown 

below in the table), which can represent up to 8 different channels. 

Table 3 Proposed Channel ID Bits 

Data Channel 

000 Input 1 (L) 

001 Input 1 (R) 

010 Input 2 (L) 

011 Input 1 (R) 

100 Output 1 (L) 

101 Output 2 (R) 

110 [Spare] 

111 [Spare] 

 

From this, each channel will require at least 13 bits to identify the channel, and 

the analogue level. To make sure that the receiver (the Raspberry Pi) is able to 

understand the information from the Arduino, and check the data to see if it is 
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correct, it will be necessary to use start and stop bits, and cyclic redundancy 

checking. The way in which the data can easily be checked is to use a parity bit 

following the stop bit. The way in which the parity bit works, is it helps to check 

that all the data is there, by means of parity checking. The principal of parity 

checking is to make sure that the bit message received is either all odd or all even, 

allowing the receiver to be sure it has received a correct message. For the purpose 

of this project, an EVEN parity system is adopted as choice.  

To ensure a more successful data transfer, the messages should be kept as short as 

possible, to prevent data loss. In the case of transferring the analogue values from 

the Arduino to the Raspberry Pi, this means each channel should be sent in its own 

message. 

Table 4 - Proposed Message Structure 

1 1 0 0 0 1 1 0 1 1 0 1 1 0 1 0 1 1 1 0 
Start Bit Channel Bit Analog Read Data Bits Stop Bit CRC 

 

However, there is still a problem, as the Arduino is only capable of measuring 

signals between 0 and 5v, and as such, it will not be possible to directly measure 

an audio input, as the signal being received will be cycling between positive and 

negative voltages, so therefore wouldn’t be able to be measured by the Arduino 

without some means of signal compensation. One solution to this is to use a full 

wave rectifier to correct all voltages to be positive. However, using a full wave 

rectifier is not a suitable application, as this will mean that it would be almost 

impossible to measure peak to peak voltage changes, and the device would not be 

making efficient use of its dynamic range.  

Instead, the correct way to rectify this is to lift the audio signal. Lifting the signal 

can be achieved using a network of resistors. Since the Raspberry Pi and Arduino 

have a 5v power output, this can be used as the power source. The Raspberry or 

Arduino power source combined with two identical resistors can form a potential 

divider, to lift the audio signal by 2.5v, as illustrated below. 
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Figure 2 Lifting the Audio source 

Since the new “zero level” is 2.5v, this will read out on the Arduino’s analogue 

read as a value around 512 or 1000000000 in binary. 

When coming to program the Arduino in reality, it became apparent that it would 

not be possible to sample inputs simultaneously. This can become an issue if each 

pin were to be sampled sequentially, as this would lower the effective sample rate 

for each channel by a factor of 6, equivalent to sampling at 1.6 kHz, which would 

mean an effective frequency range of 0 ~ 800 Hz. Though this could be doubled by 

only monitoring the signals in mono, there would not be sufficient sampling to 

adequately cover the vocal frequency spectrum.  

Some reconsideration to this project was required, so a decision has been made to 

whether accuracy is required to determine the presence of audio compared to no 

audio at all. A short investigation was carried out into the effects of under-

sampling audio, by simulating the frequency response available. Using a variety of 

Musical and vocal audio samples which had been normalised to broadcast levels. 
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Figure 3 - Kate Bush – Wuthering Heights (Piano Intro Sample) 

The first sample was taken from Kate Bush’s song Wuthering Heights, where the 

song starts with a high pitched piano and voice – this has effectively attenuated by 

about 6dB. 

 

Figure 4 Prince - The Most Beautiful Girl in the World 

The second sample was taken from Prince’s song, The Most Beautiful Girl in The 

World. This song does not appear to be adversely effected by low pass filtering. 

 

Figure 5 - Heart Breakfast (London) - Emma Bunton [GLOBAL] 

 

Figure 6 - Heart Breakfast (London) - Jamie Theakston [GLOBAL] 

Figures 5 and 6 show levels taken from both female, and male radio presenters, 

though the female vocal has been attenuated marginally more than the male 

presenter, this does not seem to have significantly reduced the levels of the feed. 

From the tests carried out on the audio samples, it can be concluded that under 

sampling the audio should not have a significant impact on determining whether to 

trigger a silence warning, provided a sensible trigger range is defined. 
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Based on the sample rate of 10 kHz, requiring 20 bits per sample to transfer the 

data over serial, a data rate of 200,000 bits per second is required, where the 

Arduino is only capable of sending 115200 bits per second (11.52 bits per sample). 

Therefore, the Arduino serial is not capable or sending enough information over 

the serial to satisfy the requirements, and therefore, the requirements of the 

project should be reassessed.  

As the Arduino is only theoretically capable of sending 115200 bits per second, it 

would only be realistic to be able to sample one channel of audio as a compromise 

on the original proposals. 

To prototype the sampling capabilities of the Arduino, a breadboard was setup 

with two 220Ω resistors as a potential divider, with a reading being taken between 

the power and top resistor, the setup shown below. 

 

 

 

Figure 7 - Breadboard Power Supply 
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To test the device, an NTI Minerator MR1 would be used. The NTI Minerator MR1 

will be used to generate a sine wave over a number of different frequencies. The 

Minerator MR1 has a balanced XLR input, and in order to input the signal into the 

breadboard, a specially terminated cable would be required. A test cable was 

assembled by removing a male adapter from an XLR cable, and replacing it with 

jumper cables, to produce a female XLR to jumper lead cable, as shown in the 

picture below. 

 

 

Figure 8 Minerator test cable 

 

The HOT and GROUND pins from the XLR testing cable were then inserted into the 

breadboard over the top resistor, in order to “lift” the voltage of the audio signal 

by 2.5 volts, in order to bring the full signal to within the sampling voltage range 

of the Arduino.  
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Figure 9 the bench test setup 

Once the circuitry was complete, it would be necessary to test how well the setup 

would be able to sample the audio, and this would require code to be compiled to 

be written to the Arduino. To keep things simple, the initial software written 

would only need to read the analogue signal input, and feed it back to a computer 

which would be running Arduino serial monitor/plotter. Based on information from 

the Arduino documentation, the command required in order to read an analogue 

signal using Arduino is analogRead();. 

 

 

1 

2 

3 

4 

5 

6 

7 

8 

9 

 

10 

int channel = 0; // Set Channel to Analog Pin 0 

void setup()  

{ 

  Serial.begin(115200); //Setup serial connection 

} 

 

void loop()  

{ 

  Serial.println(analogRead(channel)); //Read CHANNEL and send via serial 

} 
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Results 

The results when received from the Arduino initially began to look promising when 

first analysed in the Arduino Serial Plotter 

 

 
Figure 10 Arduino Serial Plotter (125 Hz) 

 

The results from the plotter show that the zero level of the sine wave appears to 

fall around the 512 level, which is half way between 0 and 1023, where the level 

would be expecting to sit whilst lifted at 2.5v.  

Based on the information previously available, the Arduino should be capable of 

sampling at 10 kHz. To prove that the device is capable of sampling at this rate, it 

would be realistic to be able to sample a sine wave up to the frequency of 5kHz. 

At a test carried out at a frequency of 20 Hz a sine wave was reasonably 

reproduced, however did suffer from clock jitter, which would be perfectly 

acceptable to expect, as there is no sample clock for the Arduino, and the sample 
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rate is being limited by the speed at which the Arduino is able to read an analogue 

input pin. 

  

 

Figure 11 Arduino Sampling & Serial Test (20Hz) 

 

Further tests were carried out at 25 Hz, 30 Hz, 40Hz, 50 Hz, 65 Hz, 80Hz and 100 

Hz and the results seemed to be reasonably stable up to this point, with a sine 

wave being returned. 

 

 

Figure 12 – Arduino Sampling and Serial Test (100 Hz) 
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When the frequencies tested starting getting higher, they began to start showing 

signs of quantisation errors, in the form of a more spikey and non-uniform 

waveform. 

 

 

Figure 13 Arduino Sampling and Serial Test (315 Hz) 

By the time that the frequencies reached 1.25 kHz, some signals had become 

extremely distorted, and were no longer looking like a sinusoidal wave. If this 

waveform were to be measured, it could return pulsating readings, which could 

cause problems when trying to identify samples below a trigger threshold. 

 

 

Figure 14 Arduino Sampling and Serial Test (1.25 kHz) 

 

 



22 
Adam Weeden 

The reasons why the waves are distorted is due to the fact that the signals were 

being under-sampled. Taking a look at each of the waveforms revealed some 

interesting results, where the frequencies at 125 Hz, 250 Hz, and 2.5 kHz appeared 

to look like sine waves, particularly when neighbouring frequencies above 250 Hz 

were looking distorted. The information that the frequencies reveal, point to them 

being harmonics of each-other, linked to the rate at which the audio signals were 

being sampled at. 

Table 5 - Harmonics helping identify sample rate 

 

 

Figure 15 125 Hz Sampling Harmonic 

 

Figure 16 250 Hz Sampling Harmonic 

 

Figure 17 2500 Hz Sampling Harmonic 
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The sample rate predicted from the information obtained by the tests (250 Hz) is 

significantly different to the rate of 10,000 Hz claimed by Arduino. 

Due to the low sample rates from the Arduino, this project does not find the 

Arduino suitable for the task required. 

Though an audio input is possible with frequencies under 250 Hz, and the problem 

with the high frequency distortion/aliasing errors could be rectified using a band 

pass filter, the frequency ranges for speech aren’t adequately covered enough to 

satisfy the scope of the project. 

Speech bands are located at a frequency of 250 Hz to 2000 kHz (Wiley, 1993), so 

only the lowest ends of speech could be picked, up, with most of the voice bands 

almost invisible to the Arduino. 

The results of this project have concluded that it is not feasibly possible to design 

and build a broadcast-ready silence detection system using the consumer-level 

microcontrollers researched for the purpose of this project.  

As it was not possible to satisfy the requirements of the base system, there is no 

way to further develop the other desirable features specified in the aims and 

objectives of this project. 
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Conclusion 

This project looked in to whether a consumer-level microcontroller would be able 

to be used as a silence detection device in a radio broadcasting environment, and 

whether they could be used to improve on currently available silence detection 

units, without an excessive cost to the broadcaster.  

From the development and testing of the Intelligent Silence Detection System 

project, it can be concluded that it is not possible to produce a broadcast-ready 

silence detection system using an Arduino and Raspberry, as they are not powerful 

enough to satisfy the minimum requirements of this project.  Instead this project 

would recommend free software solutions and standard soundcards in order to 

implement a silence detection system on a low budget.  
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Recommendations 

For smaller stations which require silence detection systems, the recommendation 

will be to use a software based system such as PiraCZ silence detection.  

This can be achieved in a cost effective manner, as the hardware requirements are 

not too demanding, an old recycled PC should be sufficient to run the free 

software.  

A basic line level audio card should be sufficient for the task, and for best results, 

should have its own feed from a distribution amplifier.  

Instead of passing the audio through the computer, the computer could instead 

control a magnetically latching relay using a general purpose input/output or 

microcontroller over serial.  

The device should be able to integrate or interact with the cloud, as it has the 

capability to send HTTP requests. The device will also be able to send text 

messages, as SMS messages can be sent by sending emails to a SMS Gateway 

company such as TextLocal. 
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