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[bookmark: _Toc513202248]Abstract
Musical instrument produce sounds which have certain pitch which is comprised of different frequencies. Digital Tuners can be used to analyse these frequencies and compare them to the desired frequency often using a microphone and display the to the users. This report includes wide range of research and a literature review based on tuners with a variety of design techniques for frequency transmission. The development of picking up the frequency through microphone, identifying frequency by microcontroller and utilizing analogue to digital convertor function of the microcontroller and comparing it to the source range of frequency using time pulse module in a microcontroller is the prototype proposed in this project. Using an LCD to display information as well as LEDs to represent the differentiation of sharp and flat notes.
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1. [bookmark: _Toc513202249]Introduction to the Project

Musical instruments from different types of family are made in various models and shapes which need to be accurately tuned. Successful tuning is required for instruments to produce a pleasant sound to hear. Tuning is a process in which the highest (sharp) and lowest (flat) notes that are produced are adjusted in such a way that the intervals between the notes are in accordance with a specific system.
The purpose of this assignment is to make the Santoor tuner at least complex as possible. Because the author of this assignment is one of the Santoor players, therefore gaining the knowledge in this field and hobby use are also count as goals for this assignment.  
1.1. [bookmark: _Toc513202250]Project Background

Santoor (also known as santur, santūr, santour) is a stringed instrument of Persian/Iranic origins. It is trapezoidal in shape with 72 strings. Santoor is an Iranian musical instrument which was recorded for the first time by Mohammad Sadeq Khan from before the Qājār period in 669 B.S. Santoor was named “dulcimer” in English literature since 1400 A.D[1]. and nowadays it distributes as far as China, Korea, Thailand, Vietnam, Iraq, Egypt, India, Turkey and Europe and United States in the West[2].

[image: 151]
[bookmark: _Toc513199024]Figure 1: Santoor Dimensions



The santoor is a trapezoid-shaped box whose longest side (the side which is in front of the player) in the regular ones is 90 cm. The shortest side (the side which is on the opposite side of the longest side) is 35 cm. The other two sides which are diagonal are 38 cm and the height of this instrument is from 6 to10 cm.[3]
The santoor has seventy-two strings. These strings are made of two different materials and are in two different colours. The yellow strings (the low-pitched strings) are made of brass and the white strings (high-pitched strings) are made of steel. The strings, grouped in units of 4 and seat on top of small, movable, wooden bridge. Wooden bridges arranged in two rows that roughly parallel the right and left sides of the instrument, divides the santoor into three positions to providing a range of approximately three octaves. Stretched metal strings horizontally across over bridges and snapped to the left side by metal hooks or pins and right side by tuning pegs (adjustable part for tuning) of instrument[3]. Two small rosettes on the top panel helps to amplify the sound[4].
Rosettes

[image: ]
[bookmark: _Toc513199025]Figure 2: Santoor Labelled Diagram


The santoor is played by two hammer shape plectrums (special-shaped picks) called “Mezrab” which are held between the thumb, index and middle fingers[3]. 
  
[image: Image result for persian mezrab]



                                                                                           
                                                                                                                                                                                                                     
[bookmark: _Toc513049290][bookmark: _Toc513199026]Figure 3: Master Azar one of the famous Mezrab


1.2. [bookmark: _Toc513202251]Aim

The aim of this project is to investigate electronic musical tuning technologies and in turn implement and develop a prototype which can electronically tune a santoor.

1.3. [bookmark: _Toc513202252]Objectives

1. Research technologies on musical tuning devices.
2. Test various components which have been identified through research.
3. Analysis of various methods for tuning musical instruments.
4. Opting one method based on the analysis performed and other design considerations.
5. Design and implementation of a tuner with selected components.
6. Prototype various design methods and build final device based on preferred prototype.
7. Testing of the solution.
8. Evaluate finished device against the initial design.















2. [bookmark: _Toc513202253]Research Methodology
This section refers to the step-by-step research method selection process. The selection of identifying the most effective and efficient way to collect, analyse and present the data is important to the project’s success. The research methodology has been used to underpin the work and methods that have been utilized in order to collect data for this project. The methods and theories must be analysed in terms of reliability, validity and generalisability that could have been applied to this project.
Undertaking research in order to find things out in a systematic way and thereby increasing the knowledge about specific topic is one the main purposes of research. Research philosophy depends on the way of thinking about developing this knowledge. 
Phenomenology is one the main research philosophies where knowledge is a social phenomenon that can only be understood subjectively. Subjective data is collected and examined in order to understand thoughts, feelings and ideas.
[image: ][bookmark: _Toc513199117]Table 1: Methodology layout table





 

 
A phenomenological philosophy normally leads to an inductive approach. This involves collecting data, analysing it, then developing theory.
Inductive approach is reliant on induction emphasises such as:
· Gaining an understanding of the meanings humans attach to events
· A close understanding of the research context
· The collection of qualitative data
· A more flexible structure to permit changes of research emphasis as the research progresses
· A realisation that the researcher is part of the research process 
· Less concern with the need to generalise
[image: Image result]





Figure 4: Research philosophy in the research onion


Research strategies is the strategy to achieving the research goals.
For this project specifically, researches have been done through experimentation which can be done during the investigation of several components and testing of the system. Software development and document review are also involved on developing some software and testing them in terms of efficiently. The study of recorded human communication e.g. books has been considered throughout the research, testing and implementation of the project[5].



3. [bookmark: _Toc513202254]Research
This is important to tune all musical instruments. The santoor is no exception. It requires tuning for it to produce optimal sounds and tones. Tuning means setting the wires based on the frequency of each wire. For example, an athlete cannot go back to his initial physical preparation quickly, when he does not exercise for a long time, and he needs to start a light workout for a short time, to ultimately return to the initial condition. The same scenario applies to musical instruments and more specifically string instruments. Always strings must be physically under a certain amount of tension so as a result, instrument with this characteristic called “In Tune”. This tension can be decrease (change) depending on several conditions. Time, damage, the variety of the weather, the quality of the instrument component such as wood, string or wire etc. and even non-touched (lake of play) instrument for a while can cause variety to the tension. The instrument with this characteristic called “Out of Tune”.
Out of tune instruments are required to accurately tune in order to produce exiting sound to listen.  Musical instrument tuning is the process of adjusting the pitch of one or many tones to setting up typical intervals between these tones. Now, it is obvious that how much tuning the musical instrument is important for musicians, music lovers and listeners[6]. 
3.1. [bookmark: _Toc513202255]Principle of Tuning

“Learn how to tune your musical instrument from the beginning of learning how to play it”. This is what the most of professional musician recommend to the beginners. It clarifies the emphasis of tuning the musical instrument simultaneously with gaining the skills of playing them.
   
There are various factors affect the sound of an instrument and hence causes instrument lead to be out of tune[7].
· Brand new instruments
· Untouched or unplayed instruments for certain amount of time
· Transportation from place to place
· Play with inexperienced or beginners
· Sudden heat or/and cold air
· Temperature or/and humidity
· Damp
· The quality of metal or/and wood
This is the reason that makes leaning how to tune instrument seriously important for the beginning.
The Santoor can be tuned be tightening or loosening the specific wire to reach the correct frequency. Tweaking the tuning pegs performed by T shape key or hammer[8].
[image: http://santoorpedia.com/images/Lessons/4/image043.jpg]
Figure 5: Tuning key









3.2. [bookmark: _Toc513202256]Tuning Requirements

Although many instruments are benefits of commonly tunes that are used in most cases (for example, the usual tunes for the Santoor in middle section are “E4 semi-flat”, "F4", “G4”, “A4 semi-flat”, “Bb4”, “C5”, “D5”, “Eb5”, “F5”), but sometimes different tunes with common-less are used for these instruments.
There are several different techniques to tune music instruments. Each tone’s system specifies that the notes produced by the instrument should exactly produce how much of frequency. Because there is a psychoacoustic connection between the pitch of instrument’s sound and the colour of that instrument’s sound, some pitch compositions find somewhat "more natural" for some sound colours. 
Many of these compounds for physical perspective have proportional relationship between their frequencies; for example:
If the frequency of a sound is twice the frequency of another sound, the simultaneous play of the two results in an octave's natural sound;
If the frequency of a sound is proportion of 2 to 3 relative to the other sound, the simultaneous play of the two creates the correct one-fifth sound.
In conclusion for applying different techniques to the process of tuning musical instrument, it requires the basic musical knowledge such as:
· Familiarity with the notes
· Understanding the intervals between the notes
· Basic knowledge to the name of the wires in free form.
· Familiarity tuners structure and principles, which is of course very simple











3.3. [bookmark: _Toc513202257]Types of Tuning

There are varies types of tuning available depending on the types of musical instruments and the ways that musicians are practically used to tune their instruments. This section is pays attention to the very early type of tuning such as ear training, tuning fork and diapasons until the most recent version of doing it such as electronic tuners, PC’s software and mobile application.  
3.3.1. [bookmark: _Toc513202258]Ear Training

The tuning of the instrument is one the of great importance because playing and practicing the out of tune instrument will not only produce good results but also eliminate the sensitivity of the ear as the main factor of playing music for musicians. In the past (and yet the best method), the students after gaining the experience of many years playing musical instrument from teacher, they were able to learn how to tune the instruments slowly. These methods were often based on hearing sensitivity and reliance on students' hearing skills.
[image: ]
Figure 6: Schematic for ear training

Therefore, ear training is skills to identifying musical elements by earing and it is typically a component of formal musical training.
The application of ear training is using listening skills developed to tune an instrument and in the min time it’s a very simple and pure way to train one of the most fundamental skills of musicality which is sense of pitch[9].











3.3.2. [bookmark: _Toc513202259]Tuning Fork

A tuning fork is an acoustic resonator, made from a U-shaped metal of elastic metal (usually steel) that its tail-end is mounted to the resonance box. If one of the tentacles, the air is compressed between the two rods and, since the bottom of the tuning fork is closed, the entire of tuning fork will vibrates.

[image: ]
Figure 7: Tuning fork on resonance box, by Max Kohl, Chemnitz, Germany

The tuning fork produces a very pure tone at the various fundamental frequencies depending on the material of metal, the strength and the amount of striking that it receives. It still currently regarded and used as a standard tuning device. 



3.3.3. [bookmark: _Toc513202260]Diapason

The production of sound in these types of instruments is the result of a vibration of a metal tab in which only one head is connected to the body of instrument and the other end can move freely. Therefore, the standard sounds of musical notes will produce by the vibration of these tabs caused by the passage of the air.

[image: ]
Figure 8: Circular Diapason


Diapasons have circular or rectangular mouth-organ harmonica structures and by breathing to different note sections, they produce different notes within semitone apart of each other. They also useful for finding the right note quickly by moving the mouth-organ to the notes selection which makes this tuner accurate and easy to use. 





3.3.4. [bookmark: _Toc513202261]Electronical or Digital Tuners

The Electronical tuners has a wide range of frequency detection that covers the most of frequency range within the musical instrument notes scales. 
Using this wide range made the electronical tuners able to tune the different musical instruments such as wind instruments, strings and clowns. These tuners will recognize the frequency as well as associated notes with that frequency in high precision of accuracy. So, they are electronic devices that detects and displays the pitch of musical notes.

[image: ]
Figure 9: Digital Tuner with LCD, LEDs and needle marker



[image: ]Some of these tuners come with internal or external (audio input jack) microphone which can be used for tuning the acoustic instrument without the need of any additional equipment. An LCD displays are equipped to the tuners in order to display some information that are required to tune the musical instruments. Figure 10: Digital Tuner with LCD display






A needle-shaped marker[10], green and red LEDs [11]are also indicating the accuracy or deviation of the notes to make the tuning of the instrument very smooth and easy. 
[image: ]
Figure 11: Digital Tuner with analogue needle-dial
[image: ]
Figure 12: Digital Tuner with LEDs
Another important feature of these tuners is the “Sound Out” ability, which distributes a reference sound for each selected note through the internal speaker and allows the user to tune the instrument through the Hearing. Calibrating option allows the user to change the reference frequency tones in the range of desired frequency at stages of 1 Hz to match the different concert standards.
Backup Memory can be additional option for some of these tuners that it basically remembers the calibrate and sound out settings even when the device is turned off. 

3.3.5. [bookmark: _Toc513202262]Software Application
Smartphones and personal computers have reduced the impression of many old electronic gadgets.
The tuning of the musical instrument is one of the things that the mobiles phone and PCs are having conversance on them. These types of tuners have ability to tune the variety of instruments such as guitar, violin, flute, clarinet, trumpet etc and in general any musical instruments that can be tuned through a tuner.
These applications can be sensitive to detecting notes through a three-degree microphone: low, medium, and high, which can be interchangeable depending on the quiet or crowding around.
All the notes can the examined, after determining the standard tuning frequency in the application setting.
	PC
	Mobile Phones

	Software name
	Picture
	Cost 
	App name
	Picture
	Cost

	PitchPerfect[12]
	[image: ]
	Free
	Cleartune[13]
	[image: Cleartune - top five tuner apps]
	£3.49

	APTuner[14]
	[image: ]
	Free 
	TonalEnergy[13]
	[image: TonalEnergy - top five tuner apps]
	£3.69

	Instrument-Tuner[15]
	[image: ]
	Free 
	iStroboSoft[13]
	[image: iStroboSoft - top five tuner apps]
	£8.49

	FMIT[16]
	[image: ]
	Free 
	Tunable[13]
	[image: tunable - top five tuner apps]
	£3.49

	In-Tune[17]
	[image: http://i.i.cbsi.com/cnwk.1d/i/tim/2009/09/17/fmimg5135966222979473949.png]
	£13
	InsTuner[13]
	[image: insTuner - top five tuner apps]
	Free


[bookmark: _Toc513199118]Table 2: Software Application example table

Musical instrument software and applications may also can read individual notes separately. Some of them also equipped the option where the app is dedicated the separate menu to various chords to improve the user hear to recognize the various notes.
But one of the cool features of these methods is keeping the record of tuning. Each time after every tuning, the app or software record the information in database.
In the market, but, these applications for mobile phones or the software for PCs are available either for free or monetary.

3.3.6. [bookmark: _Toc513202263]Types of tuning Summary
There are many different types of tuning methods and products available. Due to project constraints there is a limit to the selection of tuner investigated. Due to lack of software knowledge a software application cannot be developed. This therefore limits the projects scope to electronic and digital tuners. Further research into electronic tuning products is outlined in the next section.

3.4. [bookmark: _Toc513202264]Existing Products

Digital tuners are categorized depending on the functionality, quality and user-friendly operation. So, it is safe to say that nowadays, every musician has one of digital tuners in their instrument box just because they are very handy and beneficial. Accuracy, cheap on price, small size and easy carry (as some of them called pocket tuner) made them an inseparable part of musical world. 
3.4.1. [bookmark: _Toc513202265]Electronic Tuners
In this section some the parameters of five different types of electronic tuners are illustrating with their features.
3.4.1.1. CA-50 Chromatic Tuner
· Readable display with a larger note
name indication
· wide range of detection sounds supports tuning for any instrument.
· Calibration function is added
· Marks provided to indicate pure major and minor third intervals
· Sound Out mode improves for ear training
· Memory backup
· power-off function[18][image: ][image: http://cdn.korg.com/uk/products/upload/76ad79a40cfb3a98fe88b1400336676b_pc.png]
3.4.1.2. Pitch Black Custom Pedal Tuner
· 3D visual meter option makes a revolutionary visual effect
· Very high tuning accuracy of +/- 0.1 cents
· Four types of meter display modes are provided
· There is no effect of true bypass on the sound
· DC output able parallel connection
· Approximately the battery life is improved three times[19]

3.4.1.3. Beatlab Mini Rhythm Trainer

· Metronome operation with a large selection
 of patterns
· Training options that check and improve the
sense of rhythm
· Sound out option that is very good for tuning drums
· [image: http://cdn.korg.com/uk/products/upload/acbdb5b1c5a3ef2cf64bcb9e9d1a3d22_pc.png]Time/Stop watch option that can be utilized in different of ways
· High volume speaker has built in and headphone output
· Good contrast backlight LCD display
· Two way of clipping that sticks with different use cases
· Consist of a microphone for tones detection[20]



3.4.1.4. AW-OT Series Tuners

· Cutting-edge OLED display technology provides an astounding degree of visibility.
· [image: ]Clip type polyphonic tuner designed for guitar and bass.
· The guitar-specific AW-OTG-POLY features intuitive chord finder function
· Bass-specific AW-OTB-POLY has been optimized to tune lower notes with more speed & accuracy and includes a tempo finder function
· Ultra-high precision tuning with accuracy as great at ±0.1 cents. Optional STROBE feature further improves accuracy.
· Alternative tuning animations included to make tuning fun!
· Astoundingly long battery life using only one AAA battery.
· Firm and adjustable clip for maximum stability.
· Calibration, memory backup and auto-power-off functions[21]



3.4.1.5. [image: http://cdn.korg.com/uk/products/upload/8c620c7dd37001b659b739a9d2c1661f_pc.png]CA-2 Guitar/Bass Tuner

· A needle-style meter with large high-visibility note name and string name
· A compact body that's slim and lightweight
· Tuning function suitable for guitar/bass
· Approximately 200 hours of continuous use[22]




3.5. [bookmark: _Toc513202266]Different methods 
The electronics tuners use a variety of techniques to detect and measure the frequencies. A selection of methods showing below:
· Fast Fourier Transform (FFT)
· Autocorrelation
· Frequency to voltage convertor
· LM555 Timer
· LM2907
· Frequency counter using LM393

[bookmark: _Toc513202267]3.5.1. Fast Fourier Transform (FFT)
Based on the information of Fourier series, this theory can be proven that each periodic signal can be expressed as a sum of sine and cosine signals. Each of these sinusoidal signals is called a component. Each component has a frequency and amplitude. So, if calculation of the Fourier series is considered for a signal or wave in the time domain, its components can be represented in another diagram whose horizontal axis is the frequency component and its vertical axis is the domain of the components. This representation known as the frequency domain of the signal[23][24].
The "Fast Fourier Transform" (FFT) samples a signal over period of the time (or space) and divides it into its frequency components. It is an important algorithm in the science of audio and acoustics measurement. Through converting a signal into individual spectral components, it provides frequency information about the signal. They generally used for fault analysis, quality control, and condition monitoring of machines or systems[24][25].
[bookmark: _Hlk511890535][image: Image result]Figure 13: signal in the time and frequency domain



Musical instruments notes are not made up of a single frequency. They consist of a number of harmonics as well. The difference in the harmonics is what makes some musical instruments sound different even while playing the same note. 
In this case in term of tuning santoor the first phase of the process deals with finding the frequency of a played Santoor note. In order to do this, the string has to play once and then the sound is sampled into an array variable. Filters maybe used to eliminate noise as well as unwanted frequencies above/below the expected range. Then Fast Fourier Transform will utilize to convert the signal to its frequency domain. Therefore, the signal that is converted to frequency domain is plotted at equally spaced discrete positions.
These equally spaced positions are known as bins. The smaller the distance between the bins, the more accurate the signal will be.
The frequency resolution (i.e. the distance between the bins) is calculated using the following formula:
Resolution = Sampling Rate / No of Samples
However, this resolution is not good enough as a trained human ear can distinguish differences as small as 0.5 Hz. Therefore, resolution need to increase. A simpler solution to increase frequency resolution of the Fast Fourier transform would be to increase the duration of sampling. Once a sample note is played on the Santoor, its fundamental frequency has to be calculated. The fundamental frequency of the string need to be taken as the frequency bin corresponding to the maximum magnitude in the Fast Fourier Transform(FFT).
This would have some drawback in terms of increasing data acquisition time. Another limiting factor is that the sampling time cannot be increased by a large amount as it can only get a maximum of 2 to 3 sec of real data from a single Santoor string[26].
There are more disadvantages of using this method that are listed in below and causes that this method not to be used for this project.
· Complexity of software implementation.
· Time constraint.
· Amount of memory needed would increase.
· May need to run at higher clock frequency[24].





[bookmark: _Toc513202268]3.5.2.  Autocorrelation

In Fourier Transform, consecutive signals need to be broken down into finite segments. Choice of window length, shape and overlap depends on the application.
The autocorrelation is simply the cross correlation of a signal with itself. An easy way to compute it is to do a convolution between the original signal and a time flipped version of the signal. For a signal that is 1000 samples long, then its auto correlation has 1999 (2*N-1) non-zero samples. Only 1000 of those samples are unique because the auto correlation (for a real signal) is always symmetric in time, i.e. ac[n] = ac[-n].
The idea of autocorrelation is to provide a measure of similarity between a signal and itself at a given lag. There are several ways to approach it, but for the purposes of pitch detection, this can be considered as a search procedure. In other words, signal has to be step through sample-by-sample (which can be very expensive at high sample rates) and perform a correlation between reference window and the lagged window. By stepping forward, the correlation will necessarily decrease, but in the case of a periodic signal, at some point it will begin to increase again, then reach a local maximum. The distance between "lag 0" and that first peak gives an estimate of pitch.
Taking the FFT of the segment of interest, multiplying it by its complex conjugate, then taking the inverse FFT will give the cyclic autocorrelation.
The effect will be to decrease the amount of noise in the signal (which is uncorrelated with itself) relative to the periodic components (which are similar to themselves by definition). Repeating the autocorrelation (i.e. conjugate multiplication) before taking the inverse transform will reduce the noise even more. 
[image: Autocorrelation]
Figure 14: Sinewave mixed with white noise
Figure 14 illustrates the example of a sine wave mixed with white noise. The plot shows a 440Hz sine wave, the same sine wave "corrupted" by noise, the cyclic autocorrelation of the noisy wave, and the double cyclic autocorrelation.
The autocorrelation method is based on the short-time autocorrelation function, which is the inverse discrete Fourier transform of the magnitude-squared of the Short Time Fourier Transform (STFT) of the windowed speech signal.
One of the simplest, yet most effective approaches to pitch detection, operates directly on the time waveform by locating corresponding peaks and valleys in the waveform, and measuring the times between the peaks[27].
In pitch detection applications of the short-time autocorrelation, it is common to pre-process the speech by a spectrum flattening operation such as centre clipping[28] or inverse filtering[29]. This pre-processing tends to enhance the peak at the pitch period for voiced speech while suppressing the local correlation due to formant resonances.

There are some drawbacks of using autocorrelation method.
“Emile van de Logt” the author of “Stage Tuner for Guitar” believes that autocorrelation method provides less memory allocation and decreased program size[30].
Autocorrelation is not very sensitive to small values, when the values being tested are on the low side. For example, if all the values were equal to zero, then the resulting value would be -1.95, which is not enough to reject the hypothesis.
Many sequences can be formed in a set of date (the sequence of all numbers, the sequence from the first, fifth, ..., numbers and so forth. If the alpha is equal to 0.05, then there is a possibility of rejecting a true hypothesis. For example, if these are 10 independent events, the possibility of finding of finding no autocorrelation alone is (0.95)10 or 0.60. Thus, 40% of the time significant autocorrelation would be detected when it does not exist[31].
3.5.3. [bookmark: _Toc513202269]Frequency to Voltage Convertor

[image: ]Generally, it converts input frequency to proportional voltage and basic frequency to voltage convertor is includes an amplifier for signal processing and a RC network for removing the frequency dependent ripples. Figure 15: indicates the increment of voltage proportional to the frequency

 In most cases ICs are utilized for converting the frequency to voltage or voltage to frequency. Frequency-to-voltage converter are electronic circuits that transform the inputs of the current signal into suitable outputs voltage.
These circuits utilize op amps to process linear signals and RC networks to eliminate frequency ripples.
These ICs gather frequencies and pulses from devices such as encoders, timers, relays, and switches and generate the appropriate voltages.
These circuits are used in specific applications such as:
· Vehicle monitoring
· Air Conditioning Compressors
· Anti-lock Brake Systems
· Monitoring and engine speed controlling
· Analyse and controlling the accelerometers
LM555 timer and LM2709 are two of many frequencies to voltage comparators IC. From research perspective, in below, these two convertor IC are going to be compare more in detail.

3.5.3.1. LM555 Timer IC
Almost all electrical circuits, which are used in different electronic devices, have an oscillator. This oscillator can be made with different electronics component such as transistors. Generators of integrated circuits or ICs have been produced Different types of these ICs and it is safe to say that the IC 555 is the most famous of them.
The 555 Timer IC is the one component that is used in a variety of applications including monostable and stable multi vibrators, voltage regulators, dc-dc converters, waveform generators, analogue frequency meters and tachometers, temperature measurement and control devices, digital logic probes etc.
3.5.3.2. LM555 Operation Guidance
The IC 555 comes from three internal 5kΩ resistors that have created a voltage-splitting network between the power pin and ground.
[image: ]
Figure 16: Top view of LM555 and pins



The two comparators in the 555Timer circuit generate the output voltage dependent on the voltage difference between the two input terminals. This difference in input voltage is controlled by charging or discharging the RC circuit that externally connected to the chip. 
The outputs of both comparators are connected to two flip-flop inputs that causes this part in its output (Q) produces either low (zero) or high (one)[32]. The output of the flip-flop is connected to a switching stage of output, which shows the output voltage in its whatever form and at the same time can flow significant amount of current through itself[33].
The most common use of the LM555 IC is to configure it in the form of a stable oscillator by connecting two resistors and a capacitor to the pins to produce an infinite pulse with a time specified. This can be set up by RC network circuit. 
As well as stable mode, LM 555 also has the ability to work in mono-stubble mode, and biostable multi vibrator etc[33].




















3.5.3.3. LM555 Pin Configuration

Figure 10 illustrates the block diagram of internal structure of LM555 IC.
This section is going to discuss about relation between pins and different block of internal connectivity of the chip.
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Figure 17: LM555 internal structure


Pin 1 is grounded.
Pin 2 is negative input to comparator1, the negative pulse on this pin, configures the internal flip-flop to "SET" mood.  A negative pulse means a voltage lower than one third of the IC supply voltage, or VCC. This will turn the output of the chip from low logic mode (0) to high logic mode (1).
Pin 3 is the output pin which has the ability to work with logic circuits with the TTL standard and can take 200 mA of current into the chip or driving it out. The output voltage of this chip is about 1.5 volts. For this reason, small speakers, LEDs and even small electric motors can be directly connected to it.





Reset pin is pin 4 and is used to reset the internal flip-flop, which is responsible for controlling the output pin. This pin is a type of active input, in low voltage mode. That means it is on, when is logically connected to zero. So, if this pin is not necessary needed, to prevent unwanted resets, it must connect to the logical voltage 1 in the circuit design. 
The voltage control pin is pin 5. this pin controls the timing setup of the IC 555 timer with preferring the two third of power supply over the voltage distribution of the resistance circuit. By applying different voltages to this pin, the width of the pulse output signal can be change independently of the RC timing circuit that is around the IC. When this pin is unused, it is connected to a ground with a 10nf capacitor to neutralize the noise effect.
Pin 6 is the threshold and is actually a positive voltage on the internal comparator2. This pin is used to reset the internal flip-flop at a time when its voltage exceeds tow third of the supply voltage. This will change the output voltage of the IC 555 from "up" to "low". This pin is directly connected to the RC circuit.
Discharge pin is pin7. This pin is actually connected directly to the collector pin of an NPN transistor within the 555 timers and it used to "drain" the capacitor load in the timing circuit.
Pin 8 provides supply voltage (VCC) for the chip and it can tolerate from 4.5 to 15 volts. Obviously, a voltage lower than 4.5 volts may cause the IC to turn off, and voltage more than 15 volts will damage its internal circuits[32].












3.5.3.4. LM2907 IC
The LM2907 is a frequency to voltage converter with a high gain op amp capable of setting up a relay, lamp, etc when the input frequency reaches or exceeds a selected rate. Also, this chip can be used to build a speed meter or a frequency meter, without using the microcontroller. 
The tachometer uses a charge pump technique and offers frequency doubling for low ripple, full-input protection and its output swings to ground for a zero-frequency input. The op amp is fully compatible with the tachometer and has a floating transistor as its output. This feature allows either a ground or supply referred load of up to 50 mA. The collector may be taken above VCC up to a maximum VCE of 28 V. The two basic configurations offered include an 8-pin device with a ground-referenced tachometer input and an internal connection between the tachometer output and the op amp noninverting input. This version is well suited for single speed or frequency switching or fully buffered frequency-to-voltage conversion applications. In this chip, if the input frequency reaches to its configurable limit, the output will activate[34].




3.5.3.5. LM2907 Operation Guidance

The LM2907 frequency to voltage converter features two separate inputs to monitor the signal. In this device, one of these inputs is internally grounded and therefore it monitors the remaining input for zero crossings. Therefore, the input comparator outputs a square wave of equal frequency to the input. A charge pump system is used to translate the frequency of this square wave to a voltage[34].
[image: ]
Figure 18: Top view of LM2907 and pins

At the start of every positive half cycle of the input signal a 180-µA constant current charges C1 until its voltage has increased by VCC/2. The capacitor is held at that voltage until the input signal begins a negative half cycle. Then the 180-µA constant current discharges capacitor C1 until its voltage has dropped by VCC/2. This voltage is held until the next positive half cycle and the process repeats. This generates pulses of current flowing into and out of capacitor C1 at the same frequency as the input signal. For every full cycle, the charge pump mirrors both current pulses as positive current pulses into the parallel combination of resistor R1 and capacitor C2. Therefore, every full cycle, the amount of charge leaving pin 3 is equal to the sum of the charge entering C1 and leaving C1.
C2 acts as a filter to smooth the pulses of current and does not affect the output voltage. However, the size of C2 determines both the output response time for changes in frequency and the amount of output voltage ripple. The voltage generated is then fed in a high gain op amp. This op amp drives a bipolar transistor whose collector and emitter are each broken out to a pin. The LM2907 has the flexibility to be configured a variety of ways to meet system requirements including voltage output, driving loads, operating a relay, and more[34].

















3.5.3.6. LM2907 Pin Configuration

Figure 8 illustrates the block diagram of internal structure of LM2907 IC.
This section is going to discuss about relation between pins and different block of internal connectivity of the chip.
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Figure 19: Zener Regulated Frequency to Voltage Converter

Pin 1 is an input pin and the positive terminal for the input signal that leads to the noninverting terminal of the internal Schmitt Trigger comparator.
A capacitor placed on pin 2 and it will be charged up to VCC/2 by a constant current source of 180 µA typical at the start of every positive half cycle. At the beginning of negative half cycles this capacitor is discharged the same amount at the same rate. This pin config as an output pin.
Pin 3 is an input/output pin for CP1 and IN+ functions. On 8-pin devices (8-pin LM2907 and LM2917) these two nodes share a pin and are internally connected. IN+ is the noninverting input to the high gain op amp.
The emitter of the bipolar junction transistor is on pin 4 which is an output pin.
The collector of the bipolar junction transistor is on pin 5. this pin is figured as input pin.
Pin 6 provides supply voltage (VCC) for the chip and it can exceed up to 28 volts.
The noninverting input to the high gain op amp is on pin 7. 
Pin 8 is the negative terminal for the input signal that leads to the noninverting terminal of the internal Schmitt Trigger comparator. (NOTE: On 8-pin devices, LM2907 and LM2917, this pin is internally connected to ground and must be tied to ground externally to provide the reference voltage of the device)[34].
3.5.4. [bookmark: _Toc513202270]Frequency Counter

As the name indicates frequency counter is an electronic device, that measures the number of oscillations or pulses per unit of time (customarily, 1 second) of a complete signal waveform. Various types of frequency counter are used. Most frequency counters work by utilizing a counter which gathers and stacks the quantity of occasions happening inside a particular period of time. Many are instruments of the deflection type, ordinarily used for measuring low frequencies but capable of being used for frequencies as high as 900 Hz. Generally, frequency counters circuits in main purpose will consist of amplifier, filtering and shaping circuitry at the input and can be easily implemented using registry circuits such as flip-flops, and a wide range of circuits that are present.
These operate by balancing two opposing forces. Changes in the frequency to be measured cause a change in this balance that can be measured by the deflection of a pointer on a scale.
Another type of frequency counter, not of the deflection type, is the resonant-reed type, ordinarily used in ranges from 10 to 1,000 Hz, although special designs can operate at lower or higher frequencies. These work by means of specially tuned steel reeds that vibrate under the effect of electric current; only those reeds that are in resonance vibrate visibly, however.


3.5.4.1. Frequency Counter Different Methods

There are several methods to perform frequency measurements or frequency counters. How can it be determined which counter frequency measurement methods exist, which method should be use for a given input frequency and what is the accuracy of a given measurement are going to be discuss in this section.
Based on the design, the best method depends on several factors including the expected frequency of the signal to measure, the desired accuracy, how many counters are available, how long the measurement can take and even, whether the device supports a specific measurement method.
In general, there are five methods to perform frequency or period measurements:
· Low Frequency with 1 Counter
· High Frequency with 2 Counters
· Large Frequency Range with 2 Counters
· Sample Clocked
· Dynamic Averaging[35]


3.5.4.2. Direct Frequency Counting

In most of the cases, counting the input edges of the signal that is considered to measure and time a precise delay is the first method that is probably thinking of.
The obvious method is to feed the measurement signal into a counter chip which is turned on for a set period e.g. 1 second[36].
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Figure 20: Basic block diagram of frequency counter

The counter value is actually the frequency measurement since:
f = events/time = counter value/1 second = counter value in Hz.
The problem with this method is that the resolution of the counter is 1Hz and the number of digits displayed is dependent on the input frequency:
A 1Hz input gives 1 digit 
A 100Hz input gives 3 digits etc.

The resolution is in Hz dependent on the gate time which must be a multiple or sub-multiple of a second. This is why the reciprocal counting method is better as it gives a resolution in terms of the master clock frequency inside the unit that is not dependent on gate time and the number of digits is also not dependent on the input frequency.



3.5.4.3. Reciprocal Frequency Counting

The second method is reciprocal counting where instead of counting the input signal, counting periods of a master clock is considered and instead of counting the input signal edges, it lets the input signal start and stop the counter.
For instance, the counter is started at the rising edge of the input signal and stopped at the next rising edge. Now the counter reading is the period of the input signal in multiples of the master clock.
It is called reciprocal counting since the equation below it must worked out for calculating the frequency:
f= 1.0 / period
Reciprocal counting is more difficult as it has to use floating point routines to work out the frequency but because the counter counts edges of a master clock the resolution is fixed in multiples of that master clock and not dependent on the input signal.
The resolution of the measurement is better since in a normal counter the count will be out by ±1 Hz count whereas the reciprocal counter will be out by ±1 master clock cycle. This does not mean that it is more accurate - accuracy depends on the clock stability of the unit[37].

3.5.4.4. Frequency Counters using Voltage Comparators

The voltage comparators are made up of two independent IC voltage comparators powered by a single power supply and supporting a wide range of voltage. A comparator is responsible to the comparison between two electrical voltages (which are two inputs, non-inverting (+), and inverting (-)) and specifies which one is larger. The result of this comparison is indicated by a pin called output.
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Figure 21: Voltage Comparator Schematic
They suggested because they occupy a small amount of the circuit and also a small amount of the laboratory space!
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Figure 22: Voltage Comparator internal
If the output of the OP-AMP circuit tending to the positive voltage (the voltage applied to the VCC pin), this means that the (+) voltage pin (non-inverting), is higher than (-) voltage pin (inverting). All of voltage comparisons and attributions are relative to the ground.
3.5.4.5. LM393 Voltage Comparison
 The LM393 was designed specifically for the voltage comparator purposes. It usually operates much faster than the multipurpose operating amplifiers that are used as comparator. The offset voltage for two internal independent voltage comparators is 2 mV maximum and it support the wide range of supply voltage which can go up to 36 volte. Also, a dedicated voltage comparator has other features such as high precision and accuracy for operation, internal reference voltage, adjustable hysteresis and pulse-clocked inputs.
[image: ]
Figure 23: LM393 Top View
A dedicated voltage comparator such as LM339 is designed to directly connect to digital circuits with a reasonable level of transistor (TTL) or (CMOS) logic. Their output has acceptable levels for binary mode, so any sort of analogue signals can be connected to digital circuits through them.


3.5.4.6. LM393 Pin Configuration

[image: ]
Table 3: LM 393 Pin Configuration
3.6. [bookmark: _Toc513202271]Research Summary
Concentrating on the investigation of an electronical tuners for musical instrument specifically for Santoor is the main purpose of this assignment. In this section the stressing of how important is the choosing of right device for tuning instrument and why all players should be able to tune their own instrument are expressed. 
It is true that obtaining the exact pitches in Asian music, because of quarter-tones are not something easy to achieve but it is not fair that leave the students with out of tune instrument for a while, just because some of digital tuners may not produce exact intervals between pitches.
If the beginners or students of Santoor or any other musical instruments, play the out of tune instrument for such a long time, it may not only cause the retardation of their ear training, but it also leads to ear dissonance due to playing out of tune instrument for certain amount of time.
Time constraint is another issue. Maybe in the past student had more time to spend for tuning or taking their instruments to musician masters or teachers for tuning but, nowadays according to time constraint tuners can reduce the time that should be spend for tuning.
3.6.1. [bookmark: _Toc513202272]Why Voltage Comparator instead of Op-Amp?
A simple operational amplifier has two comparable inputs and a very high gain factor. The combination of these two characteristics together, forming a voltage comparator. In theory, an open-loop op-amp (without negative feedback) can be used as a low-level comparator. When the positive input voltage (V+) is increased from the negative (V-), the high amplification factor of the ap-amp causes the output to be increased to the possible highest positive value, and vice versa. When the negative input is greater than the positive, the output is decreased to the lowest possible value.





The disadvantages of using an operating amplifier as a comparator explained below:

1) The operational amplifier is designed for use in linear mode with negative feedback. Op-amps are consisting of a delay in return from saturation, and almost all of them have resonator capacitors, which cause delay and limit the functionality of op-amps at high frequencies. Therefore, op-amps are undesirable comparator which have release delay of up to several microsecond.
2) Because the op-amps have no internal hysteresis mechanism, it always requires an external circuit to generate the hysteresis to slow down the movement of input signals.
3) The variations range of analogue voltage comparators output is designed for easy connection to digital circuits. When op-amps are using in this case, this voltage adjustment is required to be set up separately.















4. [bookmark: _Toc513202273]Design Methods and Testing
The following section discusses about different ways and methods of implementing the digital tuner, highlighting potential difficulties during initial design of the system and its requirements, developing and testing the circuits. 


4.1. [bookmark: _Toc513202274]Initial Prototyping and Testing the LM555 Timer 

The 555 Timer has been used for a frequency to voltage (F to V) converter circuit. Such a circuit can be found in some applications like digital frequency meters, tachometers etc.
[image: ]

Figure 24: Frequency to Voltage convertor using LM555


The circuit is mainly based on a LM555 timer IC. The IC is wired in mono stable mode to convert the input frequency into a fixed pulse width, variable frequency PWM signal. Resistor R5 and capacitor C3 provide the necessary timing for the circuit. The transistor Q1 forms a discharge path parallel to C3 which is necessary for retriggering the IC. Capacitor C1 acts as an input DC decoupling.
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The result of testing the LM555 timer IC on its monostable mode is that the output voltage if PWM (next section is going to briefly describe what is PWM) proportional to the input frequency. Which indicates that output voltage increases up to 11.27 volte max and it decrease by 0 volte.
The problem was where that an additional circuit required to convert PWM to pure DC which will make the converter bigger and more complicated.
In term of component accuracy this circuit was not good enough whereas by disconnecting some components of circuit (e.g. capacitor C3 that provides timing) circuit still work without any changes in the result.
[bookmark: _Toc513202275]4.1.1. Pulse Width Modulation
Pulse Width Modulation in a simple word is a square wave that sometimes is 0, sometimes is 1 and sometimes is in between the 0 and 1. For instance microcontrollers can produce two different logic levels of high=5V and low=0V.
In opposite, PWM can produce any voltage between 0V to 5V. This can be repeated with regular frequency and are used in different applications such as encrypting telecommunication messages, power control of electrical devices, battery charging and more sophisticated control circuitry.
[image: ]
Figure 25: PWM Wave Form
As figure 1 indicates PWM like other waves has an Amplitude, Period and Frequency. Another term used in PWM is the Duty Cycle.
[bookmark: _Toc513202276]4.1.2. What is a Duty Cycle?
The duration of the cycle is 1 for the duration of the entire period in each wave cycle, which is usually expressed in percentage (%).
[image: ]
Figure 26: Duty Cycle Wave form

4.2. [bookmark: _Toc513202277]Initial Prototyping and Testing the LM2907

Another frequency to voltage convertor circuit has been build which was based on LM2907 IC. 

[image: ]
Figure 27: LM2907 Built in Proteus


The LM2907 is an IC that receives the input pulls and generates a voltage at the output pin, based on its input frequency.
The range of received frequencies as well as the range of output voltage are determined by capacitors and resistors associated with it. 
It's very easy to work with whereas input frequency which produced by signal generator has connected to the input pin of IC (TACHO+) and output was obtained from pin 4 (Emitter pin of internal transistor).
The Output voltage then was pure DC and independent of supply voltage variations.











[image: ][image: ]


The problem was the output range of the circuit. It did not go higher than 10.5 volte which does not satisfies the resolution range in analogue to digital convertor (ADC) of microcontroller. 
The problem was resolved by adjusting the output voltage can be adjusted through minimizing Zener voltage variation which can be done by changing the value of dropping resistor.









4.3. [bookmark: _Toc513202278]Initial Prototyping and Testing LM393
LM393 voltage comparator was utilized to implement the design. The proteus has been used to design and testing some result. But before going further it would be worth to describe briefly about voltage comparators.
[image: ]
Figure 28: Frequency counter using LM393

As figure 28 indicates the input of signal generators connected to non-inverting pin of comparator. Inverting pin is connected to the 10-kilo ohm potentiometer and pull up resistor which produce the threshold voltage reference by connecting to 5-volt VCC in order to compare with input voltage.
The output from pin 1 then feeds to the microcontroller and time base oscillator will calculate pulses per second and sends the information to the LCD display. 
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5. [bookmark: _Toc513202279]Methods Comparison
This section clarifies the outcome of comparison solution for different methods and justification the reason of choosing the appropriate method which is suitable for this project.

5.1. [bookmark: _Toc513202280]Method Comparison Table

	Methods
	FFT
	Autocorrelation
	F to V LM555
	F to V LM2709
	Frequency Counter

	Accuracy
	Medium
	High
	Low
	Medium
	High

	Implement
	Hard
	Hard
	Hard
	Hard
	Easy

	Size of circuit
	Medium
	Large
	Medium
	Medium
	Small

	Price
	Average
	Average
	Cheap
	Cheap
	Average


[bookmark: _Toc513199119]Table 4: Method Comparison Table
As table 3 indicates, the frequency counter method is much suitable method for this project. Certainly, there are many advantages of using frequency counter over other methods. But in this case regarding time constrain one of the obvious reason for implementing frequency counter is programming code which would be very simple. It's because every microcontroller runs with a clock frequency which would add an advantage to the process of the project in terms of speed and faster operations. Frequency counters require less component and they ae more stable. 
6. [bookmark: _Toc513202281]Development and Design

The method of this development is like delivering in periods of time, while output is consisting tangible results and efficient. Feature-driven development (FDD) is an approach based on model, with short periods of time but with the valuable output and profits for user. It is an iterative and incremental software development process. The axes of this method are based on the customer, architecture and pragmatism. Therefore, the goal of the software development process is to software frequent receive with the values of tangible and applicable for customer.
Knowledge of music industry requirement to satisfying musician needed and researching in music markets in order to be up-to-date of new technologies. 

Santoor Tuning project follows five main process to develop.
· Developing and creating an overall model 
· listing 
· planning 
· design
· construction features

The first process efficacy by modelling objects and the second process influenced by the idea of making a features list for managing operational requirements and development. Other processes and combination of them can be achievable by experiences that results of the ongoing project.

This product like all activities on projects performance relied on two main values:
1. Project description using features
2. Tracking project process steps using features

And it consists five administrative steps and main functionality

· Develop an overall model
In this phase of the project, being familiar with the scope and activity fields will starts. Then it will focus on details of each model domain (section). After this section, the different domains of model integrate and creates the general model. At this stage of activity, the list of features does not form, and this will be done in separate steps of work.

· Build a feature list
Data from previous step to used identify and develop the List of features. This is achievable by practical analysis of Subjectable areas. Each of the features are items operations that are valuable in user opinion.

· Plan by feature
After completing the list of features, design and development planning and performance development order will be implements. Business activities implementation order says the complex activities with high-level of risk most be postponed.

· Design by feature
Design packages are built in this step for any feature. It is most likely to say in two weeks small set of features for development chosen. Then prepares the sequence diagram details for each feature and improve the overall model.

· Build by feature
After complete design, for each feature, one offered valuable will be create for the customer. Class owner will generate the necessary codes for each class. Then test unit and the revised code will be placed[45].



6.1. [bookmark: _Toc513202282]Development Stages

After the initial software testing, deployment and delivery of the final system will be done in the workplace. The focus of this phase is to the software ensures end users to use the software. At this point in the software life cycle, focusing on the feedback user fine-tune the product, software configuration, installation and tips can be used. With the completion of this phase, the goal of fully been met and the project is in a position that it can be ended.
For this project to be implement and developed completely, microphones were the first device that have been tested in order to receive frequencies. Although the result wasn’t good enough to move forward in case of development, but issues was resolved through research component and evaluation the problems. 
Than incoming frequency pulses was amplified by two stage amplifier and output was sufficient to send to voltage comparator. Voltage comparator then prepared the input pulse for microcontroller to be able to calculate the frequency. This frequency was compared with desire frequency and as a result if both were matched green LED was turn on. Otherwise if the frequency was upper or lower desire frequency, red LEDs will turn on.

6.2. [bookmark: _Toc513202283]Design 

Build a model for a custom software to implement similar to the design drawings for the construction of a building. The design results in the formation of the pillars of the architecture of the software will correctly see. Therefore, this project was designed using proteus software and programmed using CCS compiler.
[image: ]
Figure 29: Counter Flowchart
[image: ]
Figure 30: LED Indicators Flowchart

6.3. [bookmark: _Toc513202284]Microphone
Microphone (MIC) is a device that converts received audio energy into electrical energy. The microphone has a very simple but innovative structure. The way the microphone works is the opposite of speakers. This means instead of converting electrical energy into sound, it converts the audio energy into an electrical current.
The microphones have a variety of types that this section covers the two most commonly used ones and the way they work.
[bookmark: _Toc513202285]6.3.1. Electret Microphones
These are the most usable microphones in the world. Often, they are small and cheap, and because of high sensitivity, it is a great option for use in electrical circuits[38]. 
[image: Electret Microphone - 52dBi [4.5x2.2mm] - Small]
[bookmark: _Toc513199027]Figure 31: Front and back view of Electret Microphones
The basis operation of these microphones is the existence of two plates (one fixed and one movable) that act alongside each other like a capacitor. This type of microphone can be found on a mobile phone, a hands-free device and a headset, laptop and much more[38].
 [image: http://www.openmusiclabs.com/wp/wp-content/uploads/2011/03/mic_section_small.jpg]
[bookmark: _Toc513199028]Figure 32: Cross-sectional view of electret microphone module
As shown in the figure 32, the whole set of microphone is located in an aluminium case and there is only one way to enter sound that is covered with a layer for dust filtering. 
[image: http://www.openmusiclabs.com/wp/wp-content/uploads/2011/03/mic_dust_small.jpg]
Figure 33: Capsule with dust cover removed
The entry of sound waves from the inside of the cavity causes the “Electret Material” plate moves up and down according to the strength of the wave (Diaphragms). This plate is, a pre-charged material with a specified load. The charge of this plate can be remained for hundreds of years.
Note: The diaphragm is called to a plate or an object that produces sound with its vibration or vibrates with sound collision[38].
[image: http://www.openmusiclabs.com/wp/wp-content/uploads/2011/03/mic_electret_small.jpg]
Figure 34: Close up of plastic spacer and electret diaphragm
The vibrating plate with load, the iron plate and the space between them creates a capacitor with constant load but different capacity (due to close and recede the vibrated plate compares to the fixed plate), which ultimately produces alternative voltage (AC) of the capacity ratio (which is also alternates with the intensity of the sound).
[image: http://www.openmusiclabs.com/wp/wp-content/uploads/2011/03/mic_explode2_small.jpg]
[bookmark: _Toc513199029]Figure 35: Exploded view of the amplifier module
The next important part is the FET transistor (especially the JFET), which acts like an amplifier. This transistor has three pins:
· The source is connected to ground (-)
· Drain is the input current to the transistor (+) and the output of the sound
· And the gate that is connected to the variable voltage of electret and like a water hose pipe controls the input and output current which is the output sound that is required. 
Notice that, both the power supply as an input and the audio as an output are applied to the drain pin (+), but because the input direct current is (DC) and output alternative current is (AC), therefore, they do not interfere with each other[38].
6.3.2. [bookmark: _Toc513202286]Dynamic Microphones
Dynamic Microphones are less sensitive than electrostatic or electro condenser microphones. They are more responsible in a difficult environmental manner because of their structure. The cost of making only the microphone part of these types is lower than electrostatic ones but given the fact that these microphones are often provided in full format may cause them to be slightly expensive, however, they still have a reasonable price[39].
[image: http://www.samsontech.com/site_media/cms/images/product/samson/microphones/dynamic-microphones/q7/q7-display.jpg]
Figure 36: Dynamic Microphone
The way these microphones work is exactly the opposite of speakers. Figure indicates the internal parts of this microphone if the upper case of the microphone will remove. This part consists of a diaphragm that only sides of it is sticks to the case, and with the strike of sound waves, the middle part of it moves up and down. A pipe wire is attached to this diaphragm that moves along with it. There is a magnet inside the pipe wire that is sticks to the case[40].
[image: Dynamic Microphone]
Figure 37: Dynamic Microphone internal structure

The two ends of the pipe wire are the outputs of the sounds same as AC, and if it does not move, there will be no flow of current. By moving the diaphragm, the pipe wire inside the block will also move up and down relative to the magnet. Because the magnet is in the middle of wires, the current will flow to the pipe wire due to magnetic field of the magnet. At higher sound levels, the pipe wire will move faster, and the flow of current will be higher. This is how, acoustic energy is converted into electrical energy[40].

6.3.3. [bookmark: _Toc513202287]Microphone testing 
Electret microphones and Dynamic microphones are both utilized in order to receive the frequency produced by playing a single string of Santoor.

6.4. [bookmark: _Toc513202288]Amplifier Selection 
Pre-amplifier and two stage amplifiers were selected, designed and tested for microphones to be able to receive the frequency from Santoor and amplify it enough to feed to the next stage.
In below these two amplifiers are describing more in detail.
6.4.1. Pre-Amp for Electret Microphone
At the very first stage of testing an electret microphone, A pre-amplifier circuit was designed.
A pre-amplifier is the first step of amplifying an audio system that amplifies the microphone level signal to reach to the line-level. In simple words, it amplifies the very weak current that produced from a microphone to the standard current.
[image: ]
Figure 38: Pre-Amp circuit
An oscilloscope was connected to the output of amplifier and it displays the outcome as a poor small spike resulting from tapping the microphone.
[image: ]
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The problem was occurred due to the poorly biasing designed for this common emitter amplifier. The transistor will operate with only small amount more than the B-E drop on the collector. This results that the output has little room to swing low.
Supply voltage can be increased up to 9 volts. But the issue has not been resolved even by increasing the amount of supply voltage. Even by increasing the voltage and testing the result for during sometimes, the temperature of amplifier raised. Because amplifier is on self-stabilizing bias mode any changes on temperature including ambient temperature will affects on the result of the circuit.

6.4.2. [bookmark: _Toc513202289]Two Stage Amplifiers for a Dynamic Microphone
The information on how building a two stages amplifier was gained on year two of studying analogue subject specially amplifiers concepts.
Dynamic microphones are requiring two stage amplifiers in order to produce enough output voltage to process with. One can boost the voltage, and another can gain the current. They also known as a power amplifier and IC LM741 op amp are normally utilized for these types of design.
6.4.2.1. LM741 Op-Amp IC
LM741 is one of the most popular op-amps that is available in the form of an integrated circuit (IC).
LM741 has embedded an op-amp within its internal structure and the layout of its pins are indicated as follows:
· Pin 4 grounded
· Pin 7 is positive
· [image: ]Pins 2 and 3 are the inverting and non-inverting pins.Figure 39: LM741 Top View

· Pin 6 is output.
· Pins 1 and 5 are output DC-level modifiers. thay can be used to change the output DC-level. This can be done by placing a potentiometer between these two legs.
· Pin 8 is non-connected pin and it used to connect two elements as nodes[41].




6.4.2.2. LM741 Internal Structure 
[image: https://www.researchgate.net/profile/Cyril_Mechkov/post/Can_we_reveal_the_brilliant_ideas_behind_the_741_op-amp_circuit_solution_of_genius/attachment/59d624566cda7b8083a1f98f/AS%3A380495524319238%401467728610885/image/741+op-amp+internal+structure.png]
Figure 40: LM741 Internal structure
Blue part: This section is a differential floor. The Q1 to Q4 transistors are forming the intersubjective pair. Q5, Q6, and Q7, along with three resistors, provide active load.
Red parts: transistors in the red floors are forming current supplies and they are biasing the transistor amplifiers.
Purple Part: This floor is an intermediate amplifier floor. Q15 as Buffer and Q19 with a 50-ohm resister in Emitter, forms a common emitter floor.
Light Blue Part: is the amplifier output floor or a class AB power amplifier. The reason for using the AB class amplifier on the output is to provide a current of different loads on the output.
Green part: This floor is called the Basis-Emitter voltage multiplier and is used to prevent interference distortion. This floor holds the power amplifier transistors on the threshold of start. To achieve the desired thermal stability, an NTC can be used instead of 4.5 kilo ohm resistor.
The 25 and 50-ohm resistors in the amplifier output are used to prevent the thermal drift of Q14 and Q20 transistors.
The 30Pf capacitor is a Miller compensator and it creates a polar circuit that is used to prevent volatility and oscillation of the amplifier at high frequencies (the space occupied by a capacitor in an integrated circuit is bigger than the space occupied by a Transistor. Therefore, in the integrated circuit design, the minimum capacitor and resistor should be utilized[42].)


6.4.2.3. Testing Two Stage Amplifier using LM741

Two stages amplifier was designed using proteus software and physical circuit has been built up.
[image: ]
Figure 41: Two Stages Amplifier using LM741
As figure 41 indicates, a microphone is connected to decoupling capacitor C3. DC signal is then connected to non-inverting pin of op-amp. Feedback resistors (R9 and R10) are feeding the output voltage to the inverting pin. There are two RC network are also connecting to negative pin in order to reduce the noises[43].
[image: ]
The output voltage from pin 6 of second amplifier then feeds to the input of voltage comparator (the purple wire).
As pictures below indicates a dynamic microphone was connected to the power amplifier and by supplying approximately 15 volt to the circuit and producing some sound result as some sort of frequency appears on the display of oscilloscope .

[image: ][image: ]

6.5. [bookmark: _Toc513202290]Microcontroller 

Microcontrollers are from PIC family and they use Hardwood architecture. This means that the total memory is divided into two parts which are data memory and program memory. The advantage of this architecture is that both of memory sections are accessible with one instruction.
Microcontroller cannot be selected until a number of parameters are verified. These parameters are:
· 	How many analogue input
· 	How many digital input
· 	How many output
· 	Amount of memory
· 	How to store data
· 	What to do with information been stored
This clarification will assist to not picking up the largest microcontroller possible when a smaller version of it can offer everything that is needed for the purpose. It can affect the land size of a PCB that employers have to pay for. It’s good to leave headroom but it doesn’t mean that choose the biggest one to insure plenty of scope.

	Parameters 
	Pin Count 

	Analogue + Digital inputs
	6

	Digital output
	16

	Power 
	4

	Clock
	2

	Total 
	28


[bookmark: _Toc513199120]Table 5: Microcontroller pin count table
6.5.1. [bookmark: _Toc513202291]Important Parameter of Microcontroller

Approximation of calculation are taking a place in this section in order to approaching to the best choice of microcontroller.

6.5.2. [bookmark: _Toc513202292]Program Memory and lines calculation

Program memory is a program or code written by the user and it will load to the microcontroller pin in order to send or receive the data. For example, the PIC16F877 has a 13-bit channel program for addressing a flash program memory to a (8k * 14bit) volume.
Reading Digital Buttons ≈ 30 lines
Reading Comparator ≈ 15 lines
LCD Menu ≈ 50 lines
LED output ≈ 90 lines
Timers ≈ 10 lines
Initialization ≈ 20 lines
Header files and others ≈ 50 lines
Total = 265 lines
Hence: 1KB ≈ 40 lines

6.5.3. [bookmark: _Toc513202293]Program memory Size and RAM

By assuming 40 lines of code is equal to 1 kilo byte of memory size therefore,



The consumption of RAM space for this project also is 128 bytes.

6.5.4. [bookmark: _Toc513202294]Microchip Selection

After comparing microcontrollers in term of specified parameters from microcontroller website[44] PIC16f877 was selected because it covers all the parameters that considered for this design such as:
Number of Pins = 28
Program Memory Size = 7K Bytes
Amount of RAM = 128 Bytes
[image: ]
Figure 42: Microchip selection parameters
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7. [bookmark: _Toc513202295]Prototyping and Experimentation

[image: ]
Figure 43: Final circuit design using Proteus

[image: ]
[image: ]
[image: ]










8. [bookmark: _Toc513202296]Final Build

[image: ]
9. [bookmark: _Toc513202297]Testing the Design

Testing or software testing is one of the most important parts in the process of implementation of software projects should be considered. In all methodologies of software called a cycle of software development (such as RUP, waterfalls, springs, etc.) to the ultimate test software written procedures and comprehensive form. Accuracy of application testing activities directly affect the quality of project results. The planning and proper implementation of software test can be a determining role in the success or failure of software projects play.
[image: ][image: ]
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10. [bookmark: _Toc513202298]Analysis and Result

The first and one of the widespread of data collection theory is analysing data. By answering questions bellow this is obvious that how important data analysing could be and what are the reason to know them.
· What data relating to are collecting?
· Why is the data collected?
· How is the data collected?
· When data is collected?
· Who collects the data?
· What materials and tools needed for data collection?
· How to describe and analyse the data?
· How much it cost to collect and analyzation the data?
· How data are reported?
· Who is the source or sources of funding?

The circuit was reading and displaying the input frequency from signal generator or any source of non-stop frequency producer like frequency generator from mobile application and LEDs were able to indicates the tune or out of tune states regarding comparison of produced frequency with desired frequency.
Problem was appeared during displaying the frequency was produced by biting the Santoor strings where LCD just displays the numbers for a very short amount of time and it disappears quickly.
This can be resolved by adding a delay function to the program which can illustrate the number of frequency at least for 3 or 4 seconds. 
11. [bookmark: _Toc513202299]Evaluation
The results from testing show that the system functions accordingly by reading the frequency and displaying it. However due to no display delay the refresh of the display is too fast for it to be visually read. All objectives were met.
1. Research technologies on musical tuning devices.
2. Test various components which have been identified through research.
3. Analysis of various methods for tuning musical instruments.
4. Opting one method based on the analysis performed and other design considerations.
5. Prototype various design tuner methods and build final device based on preferred prototype.
6. Testing of the solution.
7. Evaluate finished device.
12. [bookmark: _Toc513202300]Conclusion

In this report, firstly, the determination about one the old Iranian musical instrument in details and what is it, how looks like is it, how to play that, how to tune and variety of different notes that consist have been mentioned in background section. Then, in tuning section, the explanation of what is tuning and different methods of tuning santoor (specifically device called chromatic as an example) and why is it important to tune the instruments have been discussed. Following was about the aims, goals and objective of santoor tuning project and many reason that why santoor or any other musical instrument could be untuned under different and possible situation and retuned is required roughly every month.
[bookmark: _GoBack]Different types of tuning musical instrument specifically electronic or digital tuner and their functionality was discussed. Then it flows to different methods of tuning which was covered by researching to the field of tuning methods. Frequency counter using voltage comparator option of LM393 which was suitable for this project was design and tested. Related amplifiers for two type of microphones were examined. Microcontrollers compared in order to select the appropriate for this project which could cover all requirements. Final circuit was prototype using Proteus software and program was written in CCS. The result have been gathered from different mode of testing the circuit such as amplifying signal generators or microphones etc.

13. [bookmark: _Toc513202301]Future work and Recommendation
Due to time constrain selected buttons were not able to add to the final circuit. It can also add the features like producing the sounds of each notes like sound out function for ear training purposes.
A memory backup also can assist for recording of tuning.
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1 #include <mainh>
2
3 unsigned long it counter_exi=0;  // counter to count the extemal signals
4 unsignedint counter_1=0, //counter to count 10 pulses at 25ms to give 250ms
5 unsigned long int counter_period=0; / transfer variable for period(250ms)
6 unsigned int flags=0; 1/ operations flags
7 unsigned long int counter_period_a=0; //long variable for display
8
9 HNT_EXT
10 void EXT_ist(void)
ji=
12 counter_ext++;  //got signal so count it
13 )
14
15 #NT_TIMER2
16 _ void TIMER2_isr(void)
178
18 counter_t++  /increment counter vale
19 iffcounter_t==t) 1/ period = counter reset value "25ms 4= 100ms 10=250ms
208 {
21 counter_t 1 reset counter
Counter_period=counter_ext,  //copy the counter to the transer variable
Counter_ext=0; 1/ lear extemal int Gounter
flags=1. 1 set flag count available

}

#define LCD_RS_PIN PIN_CO
#define LCD_RW_PIN PIN_C1
#define LCD_ENABLE_PIN PIN_C2
#define LCD_DATA4 PIN_C4
#define LCD_DATAS PIN_C5
#define LCD_DATAG PIN_C5
#define LCD_DATAT PIN_C7

BEURRLBLLUEBENERRBN

#include <lcd.c>
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39 #include <led.c>

40

41 void main)

28(

int notes[] = {330, 349, 392, 440, 466, 523, 567, 622, 698};
inti t

setup_timer_0(RTCC_INTERNALIRTCC_DIV_1IRTCC_8_bit): /128 us overflow
setup_timer_2(T2_DIV_BY_16.195.16): 7/1.5 ms overfiow, 25.0 ms interupt
enable_interrupts(INT_EXT).

enable_intermupts(INT_TIMER2);
enable_intermupts(GLOBAL);
ed_init();
while(TRUE)
B {
ifflags)
B
Tlags=0; 1/ clear the count avalable flag
counter_perod_s= long in) counter_period{0; _/calcuste 1 seconds worth of counts 101 oaputur= 100ms and 4 f capture = 250ms
printilcd_putc, Tcounter_period_a), // display results
prntf{ fequenc . counter_period_a). // display results.

if (counter_period_a >= 500)

=] {
output_high(PIN_B7):
output_high(PIN_BS):
output_high(PIN_B6):
output_low(PIN_B1):
output_low(PIN_B2).
output_low(PIN_B3):
output_low(PIN_B4):

FENIIB3 R R AR 2B BENRRRLRLSEEREEES





image81.png
if (counter_period_a <= 400)

{
output_high(PIN_B1):
output_high(PIN_B2):
output_high(PIN_B3):
output_low(PIN_B4):
output_low(PIN_BS):
output_low(PIN_BE).
output_low(PIN_B7):

i}

}

//Switahing on green 440
if ((counter_period_a <444) &8 (counter_period_a >436))

i}

output_high(PIN_B4):
output_low(PIN_BS):
output_low(PIN_B3):
output_low(PIN_B1):
output_low(PIN_B2).
output_low(PIN_BE).
output_low(PIN_B7):

}

i (counter_period_a <420) & (counter_period_a >400))
08 |

BEYRRRE8LSBINIRRBBRBIAY

output_high(PIN_B2):
output_low(PIN_B1):
output_high(PIN_B3):
output_low(PIN_B4):
output_low(PIN_BS):
output_low(PIN_BE).
output_low(PIN_B7):
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