INTRODUCTION:
                                   SCADA stands for supervisory control and data acquisition. It generally refers to industrial control systems: computer systems that monitor and control industrial, infrastructure, or facility-based processes, as described below:
· Industrial processes include those of manufacturing, production, power generation, fabrication, and refining, and may run in continuous, batch, repetitive, or discrete modes. 
· Infrastructure processes may be public or private, and include water treatment and distribution, wastewater collection and treatment, oil and gas pipelines, electrical power transmission and distribution, Wind farms, civil defense siren systems, and large communication systems. 
· Facility processes occur both in public facilities and private ones, including buildings, airports, ships, and space stations. They monitor and control HVAC, access, and energy consumption. 
A SCADA System usually consists of the following subsystems:
· A Human-Machine Interface or HMI is the apparatus which presents process data to a human operator, and through this, the human operator monitors and controls the process. 
· A supervisory (computer) system, gathering (acquiring) data on the process and sending commands (control) to the process. 
· Remote Terminal Units (RTUs) connecting to sensors in the process, converting sensor signals to digital data and sending digital data to the supervisory system. 
· Programmable Logic Controller (PLCs) used as field devices because they are more economical, versatile, flexible, and configurable than special-purpose RTUs. 
· Communication infrastructure connecting the supervisory system to the Remote Terminal Units. 
 Industrial Use of SCADA System
              This article describes the function of SCADA, its application in oil and gas flowing, waste water management, power and electricity surges. 
WHAT DOES SCADA DO?
From a central reading location a SCADA system can track a number of remote sites equipped with Remote Terminal Units (RTUs) or Programmable Logic Controllers (PLCs). The RTUs can measure an array of conditions and a wider variety of parameters, including temperature, current, voltage flow, and tank levels.. The following types of sensors can be included in RTUs:
-Temperature
-Flow
-Level
-Pressure
-Proximity
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                                                            Fig 1 :: Basic Block Diagram Of SCADA



DESCRIPTION ::
            The components we are using in PC based SCADA ie Sensors, Analog to Digital convertors, MAX 232, Desktop,crystal oscillator, ULN driver, relays.
         In this PC based SCADA we are controlling temperature automatically of respective machine and monitoring voltage and current of that machine by using temperature,voltage and current sensors which are connected to respective machines.The temperature sensor we are using is LM35 whose specifications is -55ºc to 135ºc.where as thermistor can withstand low temperature and monitoring the readings of voltage and current for that we are using variable resistance pots.and the output of voltage,current and temperature sensors are analog but the micro controller supports only digital data.so this analog data is converted to digital data using ADC.and in this project we are using AD0809 IC,in which the technique involved is successive approximation to convert analog to digital.and sensors are communicated to micro controller in this we are using is AT89S52 micro controller which is advanced version of 8051 which has xtra feature i.e.,it supports serial communication UART.and it has watch dog timer which is used to set when the program is stuck.and this micro controller send the data serially from ADC to desktop through MAX232.here max 232 is used to provide communication between micro controller and th pc,because directly micro controller and pc cannot communicate each other,the reason behind this is the language used in micro controller is TTL.
                      The specification of TTL is for logic’1’=5.v and for logic’0’=0.v.where as RS232 language is used in desktop,the specification of reserved standarad 232 logic is for logic’1’= -3 to -25.v and for logic’0’ = -3 to 25.v. so to convert TTL logic RS232 logic or from  RS232 logic to TTL logic.,we have to use MAX232 which consists of inverting amplifiers.The clock frequency given to the micro controller is through crystal oscillator in that we are using quartz oscillator to provide very constant frequency,the clock frequency given ADC is from IC555 TIMER is astable multi-vibrator
                       To drive the loads we are using ULN drivers,which amplifies the current to 500m,amp and the supply given to this ULN drive is +12.v and the IC we are using is ULN2003A , which consists of darlington pair arrays acts as inverters.and this ULN driver has 7 i/p pins of that we are using only 1 pin to drive only one relay.
                   The power supply provided to all sections are given through circuit which includes step down transformer,rectifier,filter and regulator.The available power supply is 230.v AC.But the required voltage is 5.v and 12.v Dc.To step the voltage we use step down transformer.and it is 12v AC.This 12vAc is given to bridge rectifier which gives 11v pulsated DC and this is given to capacitive filter circuits.To get 11v Dc which is given to ULN driver and also to regulator 7805 to get 5.v DC with 500m amp current. 

MICRO CONTROLLER ::
FEATURES:
· 8k bytes of in-system reprogrammable flash memory
· endurance: 1,000 write/erase cycles
· fully static operation: 0 hz to 24 mhz
· 256 x 8-bit internal ram
· 32 programmable i/o lines
· three 16-bit timer/counters
· eight interrupt sources
· programmable serial channel
· low-power idle and power-down modes

DESCRIPTION:
	The AT89C52 is a low-power, high-performance CMOS 8-bit microcomputer with 8Kbytes of Flash programmable and erasable read only memory (PEROM). The on-chip Flash allows the program memory to be reprogrammed in-system or by a conventional nonvolatile memory programmer.By combining a versatile 8-bit CPU with Flash on a monolithic chip, the Atmel AT89C52 is a powerful microcomputer, which provides a highly flexible and cost-effective solution to many embedded control applications.








PIN DIAGRAM - AT89S52


                          Fig 2 ::  Pin diagram of AT89S

PIN DESCRIPTION:
VCC - Supply voltage.
GND - Ground.
Port 0:
	Port 0 is an 8-bit open drain bi-directional I/O port. As an output port, each pin can sink eight TTL inputs. When 1s are written to port 0 pins, the pins can be used as high-impedance inputs. Port 0 can also be configured to be the multiplexed low-order address/data bus during accesses to external program and data memory. In this mode, P0 has internal pull-ups. Port 0 also
receives the code bytes during Flash programming and outputs the code bytes during program verification. External pull-ups are required during program verification.

Port 1:
	Port 1 is an 8-bit bi-directional I/O port with internal pull-ups. The Port 1 output buffers can sink/source four TTL inputs. When 1s are written to Port 1 pins, they are pulled high by the internal pull-ups and can be used as inputs. As inputs, Port 1 pins that are externally being pulled low will source current (IIL) because of the internal pull-ups. In addition, P1.0 and P1.1 can be configured to be the timer/counter 2 external count input (P1.0/T2) and the timer/counter 2 trigger input (P1.1/T2EX), respectively.
PORT PIN ALTERNATE FUNCTIONS:
P1.0 T2 (external count input to Timer/Counter 2), clock-out
P1.1 T2EX (Timer/Counter 2 capture/reload trigger and direction control
Port 2:
		Port 2 is an 8-bit bi-directional I/O port with internal pull-ups. The Port 2 output buffers can sink/source four TTL inputs. When 1s are written to Port 2 pins, they are pulled high by the internal pull-ups and can be used as inputs. As inputs, Port 2 pins that are externally being pulled low will source current (I IL) because of the internal pull-ups. Port 2 emits the high-order address byte during fetches from external program memory and during accesses to external data memory that uses 16-bit addresses (MOVX @ DPTR). In this application, Port 2 uses strong internal pullups when emitting 1s. During accesses to external data memory that uses 8-bit addresses (MOVX @ RI), Port 2 emits the contents of the P2 Special Function Register. Port 2 also receives the high-order address bits and some control signals during Flash programming and verification.
Port 3:
		Port 3 is an 8-bit bi-directional I/O port with internal pullups. The Port 3 output buffers can sink/source four TTL inputs. When 1s are written to Port 3 pins, they are pulled high by the internal pullups and can be used as inputs. As inputs, Port 3 pins that are externally being pulled low will source current (I IL) because of the pullups. Port 3 also serves the functions of various special features of the AT89C51. Port 3 also receives some control signals for Flash programming and verification.

PORT PIN ALTERNATE FUNCTIONS:
P3.0 RXD (serial input port)
P3.1 TXD (serial output port)
P3.2 INT0 (external interrupt 0)
P3.3 INT1 (external interrupt 1)
P3.4 T0 (timer 0 external input)
P3.5 T1 (timer 1 external input)
P3.6 WR (external data memory write strobe)
P3.7 RD (external data memory read strobe).
RST:
Reset input. A high on this pin for two machine cycles while the oscillator is running resets the device.
ALE/PROG:
[bookmark: _GoBack]		Address Latch Enable is an output pulse for latching the low byte of the address during accesses to external memory. This pin is also the program pulse input (PROG) during flash programming. In normal operation, ALE is emitted at a constant rate of 1/6 the oscillator frequency and may be used for external timing or clocking purposes. However, that one ALE pulse is skipped during each access to external data memory. If desired, ALE operation can be disabled by setting bit 0 of SFR location 8EH. With the bit set, ALE is active only during a MOVX or MOVC instruction. Otherwise, the pin is weakly pulled high. Setting the ALE-disable bit has no effect if the microcontroller is in external execution mode. 
PSEN:
		Program Store Enable is the read strobe to external program memory. When the AT89C52 is executing code from external program memory, PSEN is activated twice each machine cycle, except that two PSEN activations are skipped during each access to external data memory. 
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Fig 3:: Block Diagram of AT89S52





	ADC 0809:


          An analog-to-digital converter (abbreviated ADC, A/D or A to D) is a device which converts a continuous quantity to a discrete timedigital representation. An ADC may also provide an isolated measurement. The reverse operation is performed by a digital-to-analog converter (DAC).
Typically, an ADC is an electronic device that converts an input analog voltage or current to a digital number proportional to the magnitude of the voltage or current. However, some non-electronic or only partially electronic devices, such as rotary encoders, can also be considered ADCs.
The digital output may use different coding schemes. Typically the digital output will be a two's complement binary number that is proportional to the input, but there are other possibilities. An encoder, for example, might output a Gray code.
[image: L:\projectttttt\Analog-to-digital_converter_files\250px-ADC_voltage_resolution.png]
                         Fig 4::  Resolution
An 8-level ADC coding scheme.
The resolution of the converter indicates the number of discrete values it can produce over the range of analog values. The values are usually stored electronically in binary form, so the resolution is usually expressed in bits. In consequence, the number of discrete values available, or "levels", is a power of two. For example, an ADC with a resolution of 8 bits can encode an analog input to one in 256 different levels, since 28 = 256. The values can represent the ranges from 0 to 255 (i.e. unsigned integer) or from −128 to 127 (i.e. signed integer), depending on the application.
Resolution can also be defined electrically, and expressed in volts. The minimum change in voltage required to guarantee a change in the output code level is called the least significant bit (LSB) voltage. The resolution Q of the ADC is equal to the LSB voltage. The voltage resolution of an ADC is equal to its overall voltage measurement range divided by the number of discrete voltage intervals:
[image: Q = \dfrac{E_ \mathrm {FSR}}{N},]
whereN is the number of voltage intervals and EFSR is the full scale voltage range. EFSR is given by
[image: E_ \mathrm {FSR} = V_ \mathrm {RefHi} - V_ 
\mathrm {RefLow}, \,]
whereVRefHi and VRefLow are the upper and lower extremes, respectively, of the voltages that can be coded.
Normally, the number of voltage intervals is given by
[image: N = 2^M, \,]whereM is the ADC's resolution in bits.That is, one voltage interval is assigned per code level.
Example:
· Coding scheme as in figure 1
· Full scale measurement range = 0 to 10 volts
· ADC resolution is 12 bits: 212 = 4096 quantization levels (codes)
· ADC voltage resolution, Q = (10 V − 0 V) / 4096 = 10 V / 4096 ≈ 0.00244 V ≈ 2.44 mV.
In practice, the useful resolution of a converter is limited by the best signal-to-noise ratio (SNR) that can be achieved for a digitized signal. An ADC can resolve a signal to only a certain number of bits of resolution, called the effective number of bits (ENOB). One effective bit of resolution changes the signal-to-noise ratio of the digitized signal by 6 dB, if the resolution is limited by the ADC. If a preamplifier has been used prior to A/D conversion, the noise introduced by the amplifier can be an important contributing factor towards the overall SNR.Response type
Most ADCs are of a type known as linear. The term linear implies here the range of the input values that map to each output value has a linear relationship with the output value.
Some early converters had a logarithmic response to directly implement A-law or μ-law coding. These encodings are now achieved by using a higher-resolution linear ADC (e.g. 12 or 16 bits) 
Accuracy
An ADC has several sources of errors. Quantization error and (assuming the ADC is intended to be linear) non-linearity are intrinsic to any analog-to-digital conversion. There is also a so-called aperture error which is due to a clock jitter and is revealed when digitizing a time-variant signal (not a constant value).
These errors are measured in a unit called the LSB, which is an abbreviation for least significant bit. In the above example of an eight-bit ADC, an error of one LSB is 1/256 of the full signal range, or about 0.4%.
Quantization error
Main article: Quantization error
Quantization error (or quantization noise) is the difference between the original signal and the digitized signal. Hence, Themagnitude of the quantization error at the sampling instant is between zero and half of one LSB. Quantization error is due to the finite resolution of the digital representation of the signal, and is an unavoidable imperfection in all types of ADCs.
Non-linearity
All ADCs suffer from non-linearity errors caused by their physical imperfections, causing their output to deviate from a linear function (or some other function, in the case of a deliberately non-linear ADC) of their input. These errors can sometimes be mitigated by calibration, or prevented by testing.
+Important parameters for linearity are integral non-linearity (INL) and differential non-linearity (DNL). These non-linearities reduce the dynamic range of the signals that can be digitized by the ADC, also reducing the effective resolution of the ADC.
Aperture error
Imagine that we are digitizing a sine wave x(t) = Asin(2πf0t). Provided that the actual sampling time uncertainty due to the clock jitter is Δt, the error caused by this phenomenon can be estimated as [image: E_{ap} \le |x'(t) 
\Delta t| \le 2A \pi f_0 \Delta t].
The error is zero for DC, small at low frequencies, but significant when high frequencies have high amplitudes. This effect can be ignored if it is drowned out by the quantizing error. Jitter requirements can be calculated using the following formula: [image: \Delta t < \frac{1}{2^q \pi f_0}], where q is a number of ADC bits.
	ADC
resolution
in bit
	input frequency

	
	1 Hz
	44.1 kHz
	192 kHz
	1 MHz
	10 MHz
	100 MHz
	1 GHz

	8
	1243 µs
	28.2 ns
	6.48 ns
	1.24 ns
	124 ps
	12.4 ps
	1.24 ps

	10
	311 µs
	7.05 ns
	1.62 ns
	311 ps
	31.1 ps
	3.11 ps
	0.31 ps

	12
	77.7 µs
	1.76 ns
	405 ps
	77.7 ps
	7.77 ps
	0.78 ps
	0.08 ps

	14
	19.4 µs
	441 ps
	101 ps
	19.4 ps
	1.94 ps
	0.19 ps
	0.02 ps

	16
	4.86 µs
	110 ps
	25.3 ps
	4.86 ps
	0.49 ps
	0.05 ps
	–

	18
	1.21 µs
	27.5 ps
	6.32 ps
	1.21 ps
	0.12 ps
	–
	–

	20
	304 ns
	6.88 ps
	1.58 ps
	0.16 ps
	–
	–
	–

	24
	19.0 ns
	0.43 ps
	0.10 ps
	–
	–
	–
	–

	
	
	
	
	
	
	
	


This table shows, for example, that it is not worth using a precise 24-bit ADC for sound recording if there is not an ultra low jitter clock. One should consider taking this phenomenon into account before choosing an ADC.
Clock jitter is caused by phase noise.[1][2] The resolution of ADCs with a digitization bandwidth between 1 MHz and 1 GHz is limited by jitter.[3]
When sampling audio signals at 44.1 kHz, the anti-aliasing filter should have eliminated all frequencies above 22 kHz. The input frequency (in this case, 22 kHz), not the ADC clock frequency, is the determining factor with respect to jitter performance.[4]
Sampling rate
The analog signal is continuous in time and it is necessary to convert this to a flow of digital values. It is therefore required to define the rate at which new digital values are sampled from the analog signal. The rate of new values is called the sampling rate or sampling frequency of the converter.
A continuously varying bandlimited signal can be sampled (that is, the signal values at intervals of time T, the sampling time, are measured and stored) and then the original signal can be exactly reproduced from the discrete-time values by an interpolation formula. The accuracy is limited by quantization error. However, this faithful reproduction is only possible if the sampling rate is higher than twice the highest frequency of the signal. This is essentially what is embodied in the Shannon-Nyquist sampling theorem.
Since a practical ADC cannot make an instantaneous conversion, the input value must necessarily be held constant during the time that the converter performs a conversion (called the conversion time). An input circuit called a sample and hold performs this task—in most cases by using a capacitor to store the analog voltage at the input, and using an electronic switch or gate to disconnect the capacitor from the input. Many ADC integrated circuits include the sample and hold subsystem internally.



Aliasing
Main article: Aliasing
All ADCs work by sampling their input at discrete intervals of time. Their output is therefore an incomplete picture of the behaviour of the input. There is no way of knowing, by looking at the output, what the input was doing between one sampling instant and the next. If the input is known to be changing slowly compared to the sampling rate, then it can be assumed that the value of the signal between two sample instants was somewhere between the two sampled values. If, however, the input signal is changing rapidly compared to the sample rate, then this assumption is not valid.
If the digital values produced by the ADC are, at some later stage in the system, converted back to analog values by a digital to analog converter or DAC, it is desirable that the output of the DAC be a faithful representation of the original signal. If the input signal is changing much faster than the sample rate, then this will not be the case, and spurious signals called aliases will be produced at the output of the DAC. The frequency of the aliased signal is the difference between the signal frequency and the sampling rate. For example, a 2 kHz sine wave being sampled at 1.5 kHz would be reconstructed as a 500 Hz sine wave. This problem is called aliasing.
Dither
In A-to-D converters, performance can usually be improved using dither. This is a very small amount of random noise (white noise) which is added to the input before conversion. Its effect is to cause the state of the LSB to randomly oscillate between 0 and 1 in the presence of very low levels of input, rather than sticking at a fixed value. Rather than the signal simply getting cut off altogether at this low level (which is only being quantized to a resolution of 1 bit), it extends the effective range of signals that the A-to-D converter can convert, at the expense of a slight increase in noise - effectively the quantization error is diffused across a series of noise values which is far less objectionable than a hard cutoff. The result is an accurate representation of the signal over time. A suitable filter at the output of the system can thus recover this small signal variation.


Oversampling
Main article: Oversampling
Usually, signals are sampled at the minimum rate required, for economy, with the result that the quantization noise introduced is white noise spread over the whole pass band of the converter. If a signal is sampled at a rate much higher than the Nyquist frequency and then digitally filtered to limit it to the signal bandwidth there are the following advantages:
· digital filters can have better properties (sharper rolloff, phase) than analogue filters, so a sharper anti-aliasing filter can be realised and then the signal can be downsampled giving a better result
· a 20-bit ADC can be made to act as a 24-bit ADC with 256× oversampling
· thesignal-to-noise ratio due to quantization noise will be higher than if the whole available band had been used. With this technique, it is possible to obtain an effective resolution larger than that provided by the converter alone
· The improvement in SNR is 3 dB (equivalent to 0.5 bits) per octave of oversampling which is not sufficient for many applications. Therefore, oversampling is usually coupled with noise shaping (see sigma-delta modulators). With noise shaping, the improvement is 6L+3 dB per octave where L is the order of loop filter used for noise shaping. e.g. - a 2nd order loop filter will provide an improvement of 15 dB/octave.
Relative speed and precision
The speed of an ADC varies by type. The Wilkinson ADC is limited by the clock rate which is processable by current digital circuits. Currently, frequencies up to 300 MHz are possible. The conversion time is directly proportional to the number of channels. For a successive approximation ADC, the conversion time scales with the logarithm of the number of channels. Thus for a large number of channels, it is possible that the successive approximation ADC is faster than the Wilkinson. However, the time consuming steps in the Wilkinson are digital, while those in the successive approximation are analog. Since analog is inherently slower than digital, as the number of channels increases, the time required also increases. Thus there are competing processes at work. Flash ADCs are certainly the fastest type of the three. The conversion is basically performed in a single parallel step. For an 8-bit unit, conversion takes place in a few tens of nanoseconds.
There is, as expected, somewhat of a trade off between speed and precision. Flash ADCs have drifts and uncertainties associated with the comparator levels, which lead to poor uniformity in channel width. Flash ADCs have a resulting poor linearity. For successive approximation ADCs, poor linearity is also apparent, but less so than for flash ADCs. Here, non-linearity arises from accumulating errors from the subtraction processes. Wilkinson ADCs are the best of the three. These have the best differential non-linearity. The other types require channel smoothing in order to achieve the level of the Wilkinson.[5][6]
The sliding scale principle
The sliding scale or randomizing method can be employed to greatly improve the channel width uniformity and differential linearity of any type of ADC, but especially flash and successive approximation ADCs. Under normal conditions, a pulse of a particular amplitude is always converted to a certain channel number. The problem lies in that channels are not always of uniform width, and the differential linearity decreases proportionally with the divergence from the average width. The sliding scale principle uses an averaging effect to overcome this phenomenon. A random, but known analog voltage is added to the input pulse. It is then converted to digital form, and the equivalent digital version is subtracted, thus restoring it to its original value. The advantage is that the conversion has taken place at a random point. The statistical distribution of the final channel numbers is decided by a weighted average over a region of the range of the ADC. This in turn desensitizes it to the width of any given channel.[7][8]
ADC structures
These are the most common ways of implementing an electronic ADC:
· A direct conversion ADC or flash ADC has a bank of comparators sampling the input signal in parallel, each firing for their decoded voltage range. The comparator bank feeds a logic circuit that generates a code for each voltage range. Direct conversion is very fast, capable of gigahertz sampling rates, but usually has only 8 bits of resolution or fewer, since the number of comparators needed, 2N - 1, doubles with each additional bit, requiring a large expensive circuit. ADCs of this type have a large die size, a high input capacitance, high power dissipation, and are prone to produce glitches on the output (by outputting an out-of-sequence code). Scaling to newer submicrometre technologies does not help as the device mismatch is the dominant design limitation. They are often used for video, wideband communications or other fast signals in optical storage.
· A successive-approximation ADC uses a comparator to reject ranges of voltages, eventually settling on a final voltage range. Successive approximation works by constantly comparing the input voltage to the output of an internal digital to analog converter (DAC, fed by the current value of the approximation) until the best approximation is achieved. At each step in this process, a binary value of the approximation is stored in a successive approximation register (SAR). The SAR uses a reference voltage (which is the largest signal the ADC is to convert) for comparisons. For example if the input voltage is 60 V and the reference voltage is 100 V, in the 1st clock cycle, 60 V is compared to 50 V (the reference, divided by two. This is the voltage at the output of the internal DAC when the input is a '1' followed by zeros), and the voltage from the comparator is positive (or '1') (because 60 V is greater than 50 V). At this point the first binary digit (MSB) is set to a '1'. In the 2nd clock cycle the input voltage is compared to 75 V (being halfway between 100 and 50 V: This is the output of the internal DAC when its input is '11' followed by zeros) because 60 V is less than 75 V, the comparator output is now negative (or '0'). The second binary digit is therefore set to a '0'. In the 3rd clock cycle, the input voltage is compared with 62.5 V (halfway between 50 V and 75 V: This is the output of the internal DAC when its input is '101' followed by zeros). The output of the comparator is negative or '0' (because 60 V is less than 62.5 V) so the third binary digit is set to a 0. A Sigma-Delta ADC (also known as a Delta-Sigma ADC) oversamples the desired signal by a large factor and filters the desired signal band. Generally, a smaller number of bits than required are converted using a Flash ADC after the filter. The resulting signal, along with the error generated by the discrete levels of the Flash, is fed back and subtracted from the input to the filter. This negative feedback has the effect of noise shaping the error due to the Flash so that it does not appear in the desired signal frequencies. A digital filter (decimation filter) follows the ADC which reduces the sampling rate, filters off unwanted noise signal and increases the resolution of the output (sigma-delta modulation, also called delta-sigma modulation).
· A Time-interleaved ADC uses M parallel ADCs where each ADC sample data every M:th cycle of the effective sample clock. The result is that the sample rate is increased M times compared to what each individual ADC can manage. In practice, the individual differences between the M ADCs degrade the overall performance reducing the SFDR. However, technologies exist to correct for these time-interleaving mismatch errors.
· An ADC with intermediate FM stage first uses a voltage-to-frequency converter to converts the desired signal into an oscillating signal with a frequency proportional to the voltage of the desired signal, and then uses a frequency counter to convert that frequency into a digital count proportional to the desired signal voltage. Longer integration times allow for higher resolutions. Likewise, the speed of the converter can be improved by sacrificing resolution. The two parts of the ADC may be widely separated, with the frequency signal passed through aopto-isolator or transmitted wirelessly. Some such ADCs use sine wave or square wave frequency modulation; others use pulse-frequency modulation. Such ADCs were once the most popular way to show a digital display of the status of a remote analog sensor.[12][13][14][15][16]
           There can be other ADCs that use a combination of electronics and other technologies:
· A delta-encoded ADC or Counter-ramp has an up-down counter that feeds a digital to analog converter (DAC). The input signal and the DAC both go to a comparator. The comparator controls the counter. The circuit uses negative feedback from the comparator to adjust the counter until the DAC's output is close enough to the input signal. The number is read from the counter. Delta converters have very wide ranges, and high resolution, but the conversion time is dependent on the input signal level, though it will always have a guaranteed worst-case. Delta converters are often very good choices to read real-world signals. Most signals from physical systems do not change abruptly. Some converters combine the delta and successive approximation approaches; this works especially well when high frequencies are known to be small in magnitude.
· A Time-stretch analog-to-digital converter (TS-ADC) digitizes a very wide bandwidth analog signal, that cannot be digitized by a conventional electronic ADC, by time-stretching the signal prior to digitization. It commonly uses a photonicpreprocessorfrontend to time-stretch the signal, which effectively slows the signal down in time and compresses its bandwidth. As a result, an electronic backend ADC, that would have been too slow to capture the original signal, can now capture this slowed down signal. For continuous capture of the signal, the frontend also divides the signal into multiple segments in addition to time-stretching. Each segment is individually digitized by a separate electronic ADC. Finally, a digital signal processor rearranges the samples and removes any distortions added by the frontend to yield the binary data that is the digital representation of the original analog signal

· PIN DESCRIPTION OF ADC0809
[image: PINDIAG-ADC0809-Pic1(84)]                                                          Fig 5:: Pin diagram of ADC 0809








Block diagram and working of ADC0809
The various functional blocks of ADC are 8-channel multiplexer, comparator, 256R resistor ladder, switch tree, successive approximation register, output buffer, address latch and decoder.
The 8-channel multiplexer can accept eight analog inputs in the range of 0 to 5V and allow one by one for conversion,[image: ADC0809-BD-Pic4(86)]
                                        Fig 6 :: Block diagram and working of ADC0809

· The successive approximation register (SAR) performs eight iterations to determine the digital code for input value. The SAR is reset on the positive edge of START pulse and start the conversion process on the falling edge of START pulse. 


MAX232
The MAX232 is a dual driver/receiver that includes a capacitive voltage generator to supply TIA/EIA-232-F voltage levels from a single 5-V supply. Each receiver converts TIA/EIA-232-F inputs to 5-V TTL/CMOS levels. These receivers have a typical threshold of 1.3 V, a typical hysteresis of 0.5 V, and can accept ±30-V inputs.
[image: ]
                                                                     Fig 7 :: MAX 232






ULN2003A
SEVEN DARLINGTONS PER PACKAGE 
OUTPUT   CURRENT   500mA  PER  DRIVER 
(600mA PEAK) 
OUTPUT VOLTAGE50V 
INTEGRAL SUPPRESSION DIODES FOR IN- 
DUCTIVE LOADS 
OUTPUTS    CAN    BE    PARALLELED    
FOR 
HIGHER CURRENT 
TTL/CMOS/PMOS/DTLCOMPATIBLE INPUTS 
INPUTS  PINNED  OPPOSITE  OUTPUTS  TO 
[image: ]
                      Fig 8 :: Pin Diagram Of ULN2003A


DESCRIPTION
               The ULN2001A,ULN2002A,ULN2003 and ULN2004Aare high voltage,high current darlingtonarrays each containing seven open collector darlingtonpairswithcommonemitters.Eachchannelisrated at 500mA and can withstand peak currents of 600mA.Suppression diodes are included for inductive load driving and the inputs are pinned opposite theoutputsto simplify board layout. Thefourversionsinterfacetoall common logicfami- lies :

 ULN2001A             General  Purpose, DTL, TTL, PMOS, 
   CMOS 
ULN2002A                     14-25V  PMOS
 ULN2003A                    5V  TTL, CMOS 
 ULN2004A                    6-15V  CMOS, PMOS 

These versatile devicesare useful for driving a wide 
range of loads including solenoids, relays DC mo- 
tors, LED  displays filament lamps,  thermal print- 
heads and high power buffers. 







RELAY:
A relay is an electrically operated switch. Many relays use an electromagnet to operate a switching mechanism mechanically, but other operating principles are also used. Relays are used where it is necessary to control a circuit by a low-power signal (with complete electrical isolation between control and controlled circuits), or where several circuits must be controlled by one signal. The first relays were used in long distance telegraph circuits, repeating the signal coming in from one circuit and re-transmitting it to another. Relays were used extensively in telephone exchanges and early computers to perform logical operations.
A type of relay that can handle the high power required to directly control an electric motor is called a contactor. Solid-state relays control power circuits with no moving parts, instead using a semiconductor device to perform switching. Relays with calibrated operating characteristics and sometimes multiple operating coils are used to protect electrical circuits from overload or faults; in modern electric power systems these functions are performed by digital instruments still called 
                     [image: ]             
                                                 Fig 9:: Relay          
                                            

555 TIMER
	

	

	


The 8-pin 555 timer must be one of the most useful ICs ever made and it is used in many projects. With just a few external components it can be used to build many circuits, not all of them involve timing! 
A popular version is the NE555 and this is suitable in most cases where a '555 timer' is specified. The 556 is a dual version of the 555 housed in a 14-pin package, the two timers (A and B) share the same power supply pins. The circuit diagrams on this page show a 555, but they could all be adapted to use one half of a 556. 
              
[image: 555 and 556 pins] 
                                     Fig 10 :: pin Diagram 555 TIMER

Low power versions of the 555 are made, such as the ICM7555, but these should only be used when specified (to increase battery life) because their maximum output current of about 20mA (with a 9V supply) is too low for many standard 555 circuits. The ICM7555 has the same pin arrangement as a standard 555. 
The circuit symbol for a 555 (and 556) is a box with the pins arranged to suit the circuit diagram: for example 555 pin 8 at the top for the +Vs supply, 555 pin 3 output on the right. Usually just the pin numbers are used and they are not labelled with their function. 
The 555 and 556 can be used with a supply voltage (Vs) in the range 4.5 to 15V (18V absolute maximum). 
Standard 555 and 556 ICs create a significant 'glitch' on the supply when their output changes state. This is rarely a problem in simple circuits with no other ICs, but in more complex circuits a smoothing capacitor (eg 100µF) should be connected across the +Vs and 0V supply near the 555 or 556. 
The input and output pin functions are described briefly below and there are fuller explanations covering the various circuits: 
· Astable- producing a square wave 
· Monostable- producing a single pulse when triggered 
· Bistable - a simple memory which can be set and reset 
· Buffer - an inverting buffer (Schmitt trigger) 
Datasheets are available from: 
· DatasheetArchive.com
· Datasheets.org.uk
· DatasheetCatalog.com

[bookmark: inputs]

Inputs of 555/556
Trigger input: when < 1/3 Vs ('active low') this makes the output high (+Vs). It monitors the discharging of the timing capacitor in an astable circuit. It has a high input impedance > 2M[image: ohm]. 
Threshold input: when > 2/3 Vs ('active high') this makes the output low (0V)*. It monitors the charging of the timing capacitor in astable and monostable circuits. It has a high input impedance > 10M[image: ohm]. 
* providing the trigger input is > 1/3 Vs, otherwise the trigger input will override the threshold input and hold the output high (+Vs).
Reset input: when less than about 0.7V ('active low') this makes the output low (0V), overriding other inputs. When not required it should be connected to +Vs. It has an input impedance of about 10k[image: ohm]. 
Control input: this can be used to adjust the threshold voltage which is set internally to be 2/3 Vs. Usually this function is not required and the control input is connected to 0V with a 0.01µF capacitor to eliminate electrical noise. It can be left unconnected if noise is not a problem. 
The discharge pin is not an input, but it is listed here for convenience. It is connected to 0V when the timer output is low and is used to discharge the timing capacitor in astable and monostable circuits.
	[bookmark: output]

	

	[image: 555 and 556 output protection]


Output of 555/556
The output of a standard 555 or 556 can sink and source up to 200mA. This is more than most ICs and it is sufficient to supply many output transducers directly, including LEDs (with a resistor in series), low current lamps, piezo transducers, loudspeakers (with a capacitor in series), relay coils (with diode protection) and some motors (with diode protection). The output voltage does not quite reach 0V and +Vs, especially if a large current is flowing. 
To switch larger currents you can connect a transistor. 
The ability to both sink and source current means that two devices can be connected to the output so that one is on when the output is low and the other is on when the output is high. The top diagram shows two LEDs connected in this way. This arrangement is used in the Level Crossing project to make the red LEDs flash alternately. 
Loudspeakers
         A loudspeaker (minimum resistance 64[image: ohm]) may be connected to the output of a 555 or 556 astable circuit but a capacitor (about 100µF) must be connected in series. The output is equivalent to a steady DC of about ½Vs combined with a square wave AC (audio) signal. The capacitor blocks the DC, but allows the AC to pass as explained in capacitor coupling.. 
Relay coils and other inductive loads
Like all ICs, the 555 and 556 must be protected from the brief high voltage 'spike' produced when an inductive load such as a relay coil is switched off. The standard protection diode must be connected 'backwards' across the the relay coil as shown in the diagram. 

[bookmark: astable]
555/556 Astable
An astable circuit produces a 'square wave', this is a digital waveform with sharp transitions between low (0V) and high (+Vs). Note that the durations of the low and high states may be different. The circuit is called an astable because it is not stable in any state: the output is continually changing between 'low' and 'high'. 
                 [image: 555 astable output]
                                  
                                 Fig 11 ::  555 Astable output, a square wave
                                              (Tm and Ts may be different)









REGULATED POWER SUPPLY:
 [image: 5vpowersupply]
                                                              FIG 12  :: REGULATED POWER SUPPLY
[image: 7805]

             Fig 13:: Regulator

· The transformer, we used is step down transformer. The capacity of this transformer is 750mA,0-12V. four diodes are connected so that they act as a full wave rectifier.  
· The output of this rectifier is connected to a capacitor (470uf,25V) in order to filter the pulsating DC voltage.   And this voltage is passed through a voltage regulator7805. which gives the exact +5V DC power supply.
· This supply is given to LED through a resister to glow the LED , to indicate that +5V DC supply is available to the circuit

TRANSFORMER:
	
[image: transformer symbol]                                        

	
     Fig 14:: The Circuit Symbol                                                 FIG 15 :: The Transformer



Transformers convert AC electricity from one voltage to another with little loss of power. Transformers work only with AC and this is one of the reasons why mains electricity is AC. Step-up transformers increase voltage, step-down transformers reduce voltage. Most power supplies use a step-down transformer to reduce the dangerously high mains voltage (230V in UK) to a safer low voltage. 

The input coil is called the primary and the output coil is called the secondary. There is no electrical connection between the two coils, instead they are linked by an alternating magnetic field created in the soft-iron core of the transformer. The two lines in the middle of the circuit symbol represent the core. 
Transformers waste very little power so the power out is (almost) equal to the power in. Note that as voltage is stepped down current is stepped up. 

The ratio of the number of turns on each coil, called the turns ratio, determines the ratio of the voltages. A step-down transformer has a large number of turns on its primary (input) coil which is connected to the high voltage mains supply, and a small number of turns on its secondary (output) coil to give a low output voltage. 

VOLTAGE REGULATOR
Description:
The KA78XX/KA78XXA series of three-terminal positive regulator are available in the TO-220/D-PAK package and with several fixed output voltages, making them useful in a wide range of applications. Each type employs internal current limiting, thermal shut down and safe operating area protection, making it essentially indestructible. If adequate heat sinking is provided, they can deliver over 1A output current. Although designed primarily as fixed voltage regulators, these devices can be used with external components to obtain adjustable voltages and currents.

                      [image: ]
                                               Fig 16 :: Different types of voltage regulator
Internal Block Diagram:[image: ]
Fig 17 ::Internal Block Diagram of voltage regulator

SWITCH
In electronics, a switch is an electrical component that can break an electrical circuit, interrupting the current or diverting it from one conductor to another.[1][2] The most familiar form of switch is a manually operated electromechanical device with one or more sets of electrical contacts. Each set of contacts can be in one of two states: either 'closed' meaning the contacts are touching and electricity can flow between them, or 'open', meaning the contacts are separated and no conducting.

RECTIFIER:
A circuit which is used to convert a.c to d.c is known as RECTIFIER. The process 
of conversion from a.c to d.c is called “rectification”

TYPES OF RECTIFIERS:
· Half wave Rectifier
· Full wave rectifier
-1. Centre tap full wave rectifier.
-2. Bridge type full bridge rectifier.
Comparison of rectifier circuits:
	
Parameter
	                      Type of Rectifier

	
	   Half wave                                Full wave             Bridge

	Number of   diodes

	
        1
	
      2
	
     3

	PIV of diodes

	
Vm
	
     2Vm 
	
Vm

	
D.C output voltage
	

Vm/
	

  2Vm/
	

    2Vm/

	
Vdc, at 
no-load                  
	
    0.318Vm
	
  0.636Vm
	
0.636Vm

	
Ripple factor
	
      1.21
	
    0.482
	
     0.482

	    Ripple      
   frequency
	
        f 
	
      2f
	
       2f

	  Rectification
   efficiency
	
      0.406
	
    0.812
	
   0.812

	  Transformer 
   Utilization
   Factor(TUF)   
	
     0.287
	
   0.693
	
   0.812

	RMS voltage Vrms
	Vm/2    
	Vm/√2
	Vm/√2



Full-wave Rectifier:
From the above comparison we came to know that full wave bridge rectifier as more advantageous than the other two rectifiers. So, in our project we are using full wave bridge rectifier circuit.

Bridge Rectifier::
A bridge rectifier makes use of four diodes in a bridge arrangement to achieve full-wave rectification. This is a widely used configuration, both with individual diodes wired as shown and with single component bridges where the diode bridge is wired internally.
   A bridge rectifier makes use of four diodes in a bridge arrangement as shown in fig(a) to achieve full-wave rectification. This is a widely used configuration, both with individual diodes wired as shown and with single component bridges where the diode bridge is wired internally.

Capacitor Filter:
      We have seen that the ripple content in the rectified output of half wave rectifier is 121% or that of full-wave or bridge rectifier or bridge rectifier is 48% such high percentages of ripples is not acceptable for most of the applications. Ripples can be removed by one of the following methods of filtering:
(a)  A capacitor, in parallel to the load, provides an easier by –pass for the ripples voltage though it due to low impedance. At ripple frequency and leave the d.c to appears the load.
(b) An inductor, in series with the load, prevents the passage of the ripple current (due to high impedance at ripple frequency) while allowing the d.c (due to low resistance to d.c)
(c) Various combinations of capacitor and inductor, such  as L-section  filter  [image: ] section filter, multiple section filter etc. which make use of  both the properties mentioned in (a) and (b) above. Two cases of capacitor filter, one applied on half wave rectifier and another with full wave rectifier.
Filtering is performed by a large value electrolytic capacitor connected across the DC supply to act as a reservoir, supplying current to the output when the varying DC voltage from the rectifier is falling. The capacitor charges quickly near the peak of the varying DC, and then discharges as it supplies current to the output. 
Filtering significantly increases the average DC voltage to almost the peak value 
(1.4 × RMS value).
To calculate the value of capacitor(C),
                                   C = ¼*√3*f*r*Rl
              Where,
                              f = supply frequency,
                              r = ripple factor,
Rl = load resistance
Note: In our circuit we are using 1000microfarads. 




CRYSTAL OSCILLATOR:
A crystal oscillator is an electronic oscillator circuit that uses the mechanical resonance of a vibrating crystal of piezoelectric material to create an electrical signal with a very precise frequency. This frequency is commonly used to keep track of time (as in quartz wristwatches), to provide a stable clock signal for digitalintegrated circuits, and to stabilize frequencies for radio transmitters and receivers. The most common type of piezoelectric resonator used is the quartz crystal, so oscillator circuits designed around them became known as "crystal oscillators."
Quartz crystals are manufactured for frequencies from a few tens of kilohertz to tens of megahertz. More than two billion (2×109) crystals are manufactured annually. Most are used for consumer devices such as wristwatches, clocks, radios, computers, and cellphones. Quartz crystals are also found inside test and measurement equipment, such as counters, signal generators, and oscilloscopes.
A crystal is a solid in which the constituent atoms, molecules, or ions are packed in a regularly ordered, repeating pattern extending in all three spatial dimensions.
Almost any object made of an elastic material could be used like a crystal, with appropriate transducers, since all objects have natural resonant frequencies of vibration. For example, steel is very elastic and has a high speed of sound. It was often used in mechanical filters before quartz. The resonant frequency depends on size, shape, elasticity, and the speed of sound in the material. High-frequency crystals are typically cut in the shape of a simple, rectangular plate. Low-frequency crystals, such as those used in digital watches, are typically cut in the shape of a tuning fork. For applications not needing very precise timing, a low-cost ceramic resonator is often used in place of a quartz crystal.



Modeling
Electrical model
[image: L:\projectttttt\Crystal oscillator_files\150px-Crystal-oscillator-IEC-Symbol.svg.png]
[image: L:\projectttttt\Crystal oscillator_files\magnify-clip.png]
Electronic symbol for a piezoelectric crystal resonator
[image: L:\projectttttt\Crystal oscillator_files\220px-Crystal_oscillator.svg.png]

Schematic symbol and equivalent circuit for a quartz crystal in an oscillator
A quartz crystal can be modeled as an electrical network with a low impedance (series) and a high impedance (parallel) resonance point spaced closely together. Mathematically (using the Laplace transform) the impedance of this network can be written as:
[image: Z(s) = \left( {\frac{1}{s\cdot C_1}+s\cdot L_1+R_1} \right) || \left( {\frac{1}{s\cdot C_0}} \right) ]
or,
[image: Z(s) = \frac{s^2 + s\frac{R_1}{L_1} + {\omega_s}^2}{(s\cdot C_0)[s^2 + s\frac{R_1}{L_1} + {\omega_p}^2]} ]

where s is [image: \Rightarrow \omega_s = \frac{1}{\sqrt{L_1 \cdot C_1}}, \quad \omega_p = \sqrt{\frac{C_1+C_0}{L_1 \cdot C_1 \cdot C_0}} = \omega_s \sqrt{1+\frac{C_1}{C_0}} \approx \omega_s \left(1 + \frac{C_1}{2 C_0}\right) \quad (C_0 \gg C_1) ]
the complex frequency (s = jω), ωs is the series resonant frequency in radians per second and ωp is the parallel resonant frequency in radians per second.
Adding additional capacitance across a crystal will cause the parallel resonance to shift downward. This can be used to adjust the frequency at which a crystal oscillates. Crystal manufacturers normally cut and trim their crystals to have a specified resonance frequency with a known 'load' capacitance added to the crystal. For example, a crystal intended for a  6 pF load has its specified parallel resonance frequency when a 6.0 pF capacitor is placed across it. Without this capacitance, the resonance frequency is higher.
Resonance modes
A quartz crystal provides both series and parallel resonance. The series resonance is a few kilohertz lower than the parallel one. Crystals below 300 MHz are generally operated between series and parallel resonance, which means that the crystal appears as an inductive reactance in operation. Any additional circuit capacitance will thus pull the frequency down. For a parallel resonance crystal to operate at its specified frequency, the electronic circuit has to provide a total parallel capacitance as specified by the crystal manufacturer.
Crystals above 30 MHz (up to >200 MHz) are generally operated at series resonance where the impedance appears at its minimum and equal to the series resistance. For these crystals the series resistance is specified (<100 Ω) instead of the parallel capacitance. To reach higher frequencies, a crystal can be made to vibrate at one of its overtone modes, which occur at multiples of the fundamental resonant frequency. Only odd numbered overtones are used. Such a crystal is referred to as a 3rd, 5th, or even 7th overtone crystal. To accomplish this, the oscillator circuit usually includes additional LC circuits to select the desired overtone.
Temperature effects
A crystal's frequency characteristic depends on the shape or 'cut' of the crystal. A tuning fork crystal is usually cut such that its frequency over temperature is a parabolic curve centered around 25 °C. This means that a tuning fork crystal oscillator will resonate close to its target frequency at room temperature, but will slow down when the temperature either increases or decreases from room temperature. A common parabolic coefficient for a 32 kHz tuning fork crystal is −0.04 ppm/°C².
[image: f = f_0[1-0.04 \ \mbox{ppm}(T-T_0)^2]]
In a real application, this means that a clock built using a regular 32 kHz tuning fork crystal will keep good time at room temperature, lose 2 minutes per year at 10 degrees Celsius above (or below) room temperature and lose 8 minutes per year at 20 degrees Celsius above (or below) room temperature due to the quartz crystal.
Electrical oscillators
                                 [image: L:\projectttttt\Crystal oscillator_files\220px-RC_radio_crystal.jpg]
                                     Fig 18 :: Electrical Oscillator
A crystal used in hobby radio control equipment to select frequency.
The crystal oscillator circuit sustains oscillation by taking a voltage signal from the quartz resonator, amplifying it, and feeding it back to the resonator. The rate of expansion and contraction of the quartz is the resonant frequency, and is determined by the cut and size of the crystal. When the energy of the generated output frequencies matches the losses in the circuit, an oscillation can be sustained.
An oscillator crystal has two electrically conductive plates, with a slice or tuning fork of quartz crystal sandwiched between them. During startup, the circuit around the crystal applies a random noiseAC signal to it, and purely by chance, a tiny fraction of the noise will be at the resonant frequency of the crystal. The crystal will therefore start oscillating in synchrony with that signal. As the oscillator amplifies the signals coming out of the crystal, the signals in the crystal's frequency band will become stronger, eventually dominating the output of the oscillator. The narrow resonance band of the quartz crystal filters out all the unwanted frequencies.
          Adding additional capacitance across a crystal will cause the parallel resonance to shift downward. This can be used to adjust the frequency at which a crystal oscillates. Crystal manufacturers normally cut and trim their crystals to have a specified resonance frequency with a known 'load' capacitance added to the crystal. For example, a crystal intended for a  6 pF load has its specified parallel resonance frequency when a 6.0 pF capacitor is placed across it. Without this capacitance, the resonance










HARDWARE COMPONENTS:
Sensors:
©Temperature sensor:
         Thermistors are inexpensive, easily-obtainable temperature sensors.  They are easy to use and adaptable.  Circuits with thermistors can have reasonable outout voltages - not the millivolt outputs thermocouples have.  Because of these qualities, thermistors are widely used for simple temperature measurements.  They're not used for high temperatures, but in the temperature ranges where they work they are widely used. 
                                                               [image: LM35 Temperature Sensor pin diagram]
                                    Fig 19 :: Temperature Sensor - The LM35  

	Pin No
	Function
	Name

	1
	Supply voltage; 5V (+35V to -2V)
	Vcc

	2
	Output voltage (+6V to -1V)
	Output

	3
	Ground (0V)
	Ground


General Description
                          The LM35 series are precision integrated-circuit temperature sensors, whose output voltage is linearly proportional to theCelsius (Centigrade) temperature. The LM35 thus has an advantage over linear temperature sensors calibrated in °Kelvin, as the user is not required to subtract a largeconstant voltage from its output to obtain convenient Centigrade scaling. The LM35 does not require any externalcalibration or trimming to provide typical accuracies of ±1⁄4°C at room temperature and ±3⁄4°C over a full −55 to +150°Ctemperature range. Low cost is assured by trimming andcalibration at the wafer level. The LM35’s low output impedance, linear output, and precise inherent calibration makeinterfacing to readout or control circuitry especially easy. Itcan be used with single power supplies, or with plus andminus supplies. As it draws only 60 μA from its supply, it hasvery low self-heating, less than 0.1°C in still air. The LM35 is rated to operate over a −55° to +150°C temperature range,while the LM35C is rated for a −40° to +110°C range (−10°with improved accuracy). The LM35 series is available packagedin hermetic TO-46 transistor packages, while theLM35C, LM35CA, and LM35D are also available in theplastic TO-92 transistor package. The LM35D is also available in an 8-lead surface mount small outline package and aplastic TO-220 package.

Features ::
· NCalibrated directly in ° Celsius (Centigrade)
· NON Linear + 10.0 mV/°C scale factor
· N 0.5°C accuracy guaranteeable (at +25°C)
· N Rated for full −55° to +150°C range
· N Suitable for remote applications
· N Low cost due to wafer-level trimming
· N Operates from 4 to 30 volts
· N Less than 60 μA current drain
· N Low self-heating, 0.08°C in still air
· N Nonlinearity only ±1⁄4°C typical
· N Low impedance output, 0.1 for 1 mA loa

©Voltage sensor:
General Voltage Sensor  (PC-3160) ::
Range: ± 20 V 
Resolution: 10mV 
Protected to a maximum voltage: ± 27 V 
Impedance: 1M ohm 
Voltage Sensor  (PC-3161)  ::
Range: 0 to 10 V  
Resolution: 10mV 
Protected to a maximum voltage: ± 27 V 
Impedance: 1M ohm 
High Precision Voltage Sensor  (PC-3162) ::
Range: ± 1 V 
Resolution: 1mV 
Protected to a maximum voltage: ± 10  V
Impedance: 1M ohm 
Current sensor ::
           A current sensor is a device that detects electrical current (AC or DC) in a wire, and generates a signal proportional to it.The generated signal could be analog voltage or current or even digital output.It can be then utilized to display the measured current in an ammeter or can be stored for further analysis in a data acquisition system or can be utilized for control purpose.
The sensed current and the output signal can be:
· AC current input, 
· analog output, which duplicates the wave shape of the sensed current 
· bipolar output, which duplicates the wave shape of the sensed current 
· unipolar output, which is proportional to the average or RMS value of the sensed current 
· DC current input, 
· unipolar, with a unipolar output, which duplicates the wave shape of the sensed current 
· digital output, which switches when the sensed current exceeds a certain threshold 
	Resistors

	 Component 
	 Circuit Symbol 
	Function of Component

	Resistor
	[image: resistor symbol]
	A resistor restricts the flow of current, for example to limit the current passing through an LED. A resistor is used with a capacitor in a timing circuit. 
Some publications still use the old resistor symbol: [image: old zig-zag resistor symbol]

	Variable Resistor
(Rheostat)
	[image: rheostat symbol]
	This type of variable resistor with 2 contacts (a rheostat) is usually used to control current. Examples include: adjusting lamp brightness, adjusting motor speed, and adjusting the rate of flow of charge into a capacitor in a timing circuit.



SCHEMATIC DIAGRAM ::



[image: ]

	                  Fig 20 :: Schematic diagram




SOFTWARE COMPONENTS
KIEL SOFTWARE
Many companies provide the 8051 assembler, some of them provide shareware version of their product on the Web, Kiel is one of them. We can download them from their Websites. However, the size of code for these shareware versions is limited and we have to consider which assembler is suitable for our application.

BUILDING AN APPLICATION IN UVISION2:
To build (compile, assemble, and link) an application in uVision2, you must:
· Select Project–Open Project
	(For example, \C166\EXAMPLES\HELLO\HELLO.UV2)
· Select Project - Rebuild all target files or Build target. UVision2 compiles, assembles, and links the files in your project.

CREATING YOUR OWN APPLICATION IN UVISION2:
	To create a new project in uVision2, you must:
· Select Project - New Project.
· Select a directory and enter the name of the project file.
· Create source files to add to the project.
· Select Project - Targets, Groups, and Files. Add/Files, select Source Group1, and add the source files to the project.
· Select Project - Options and set the tool options. Note when you select the target device from the Device Database all-special options are set automatically. You only need to configure the memory map of your target hardware. Default memory model settings are optimal for most.


DEBUGGING AN APPLICATION IN UVISION2:
To debug an application created using uVision2, you must:
· Select Debug - Start/Stop Debug Session.
· Use the Step toolbar buttons to single-step through your program. You may enter G, main in the Output Window to execute to the main C function.

LIMITATIONS OF EVALUATION SOFTWARE:
	The following limitations apply to the evaluation versions of the C51, C251, or C166 tool chains. C51 Evaluation Software Limitations:
· The compiler, assembler, linker, and debugger are limited to 2 Kbytes of object code but source Code may be any size. Programs that generate more than 2 Kbytes of object code will not compile, assemble, or link the startup code generated includes LJMP's and cannot be 
used in single-chip devices supporting Less than 2 Kbytes of program space like the Philips
750/751/752.
· The debugger supports files that are 2 Kbytes and smaller.
· Programs begin at offset 0x0800 and cannot be programmed into single-chip
devices.
· No hardware support is available for multiple DPTR registers.
· No support is available for user libraries or floating-point arithmetic.

EVALUATION SOFTWARE:
· Code-Banking Linker/Locator 
· Library Manager.




PERIPHERAL SIMULATION:
The u vision2 debugger provides complete simulation for the CPU and on chip peripherals of most embedded devices. To discover which peripherals of a device are supported, in u vision2. Select the Simulated Peripherals item from the Help menu. 
You may also use the web-based device database. We are constantly adding new devices and simulation support for on-chip peripherals so be sure to check Device Database often.

WORKING PRINCIPLE
                Pc based SCADA consists of sensors which are connected to ADC which is input. In this project we use three sensors,one is temperature sensor i.e., is LM 35 and voltage, current sensors using variable resistors which has three pins, First pin is connected to Vcc and third pin is connected to Gnd and second pin is connected to ADC. And this three sensors are connected to IN0,IN2.And the output pins of ADC is connected to micro controller which has digital input. And the technique to convert digital to analog is is successive approximation, the principle involved in it fiding the average of +Vref & -Vref and the result is compared which input analog signal if the value is greater than result then it is logic ‘1’and if less it is logic’0’.in this the –Vref is set to 0.V i.e.,grounded and +Vref is connected to 5.V i.e., Vcc. Therefore we get result is 2.5V and this value is used as reference if the signal amplitude is greater than 2.5V it is logic ‘1’else it is logic ‘0’.The communication involved in micro controller is serial communication. The bits D0-D7 are inputs to micro-controller which is digital data connected to port. And ports is used for serial communication. This micro-controller is connected to pc through MAX 232.This max 232 & 12 pins are connected to port 3 pins .
                            And this max 232 is used to convert TTL logic to RS-232 logic where as TTL logic has logic’1’as 5.V and logic’0’ as0.V & RS-232 logic has logic ‘0’ as 3 to +25.V and logic ‘1’ as -3 to -25.V.ULN drivers are used for amplification .crystal oscillator is used to provide clock frequency to micro-controller and where as the clock pulse for ADC is given to ADC through 555 timer with astable multivibrator circuit. And the working involved is the voltage, tempertature & current readings of any devices are displayed in p.c.by converting the signals into digital using ADC because micro-controller support for digital data and through this micro-controller the readings are displayed in p.c.Therefore it can control the readings of the device automatically by stopping the device until if normal readings are obtained.
SUMMARY :
                       SCADA systems have been used in the utilities industry in the united states(U.S.) Since the 1960’s.
    This technical information bulletin (TIB) FOCUSES on :
Introducing the concepts of SCADA systems.
 Identifying what components make up a typical SCADA system.
plotting the evolution of SCADA systems through its monolithic,distributed and networked   evolution.
Looking at the ways in which a SCADA system can be developed.

APPLICATIONS :
1) Water distribution
2) Waste water treatment
3) Real time delay
4) Window base applications
5) Communication on serial or Ethernet

REFERENCES :
   Basic SCADA Animations
   Donald Wallace (2003-09-01)."How to put SCADA on the Internet".ControlEngineering.http://www.controleng.com/article/CA321065.html. Retrieved 2008-05-30. [dead link] (Note: Donald Wallace is COO of M2M Data Corporation, a SCADA vendor.) 
  D. Maynor and R. Graham. "SCADA Security and Terrorism: We're Not Crying Wolf". http://www.blackhat.com/presentations/bh-federal-06/BH-Fed-06-Maynor-Graham-up.pdf. 
  RobertLemos (2006-07-26). "SCADA system makers pushed toward security". SecurityFocus.http://www.securityfocus.com/news/11402. Retrieved 2007-05-09. 
  J. Slay, M. Miller, Lessons learned from the Maroochy water breach, Critical Infrastructure Protection,, vol. 253/2007, Springer, Boston, 2007, pp. 73-82 
 External SCADA Monitoring
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