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1.0   Abstract
This project applies the properties surface acoustic waves to create a new form of human interface device. Surface acoustic waves are sound waves which propagate through the surface of a material when that material is disturbed. Possible forms of disturbance include scratching, running, and tapping. A human interface device (HID) is any device which allows a human to interact with a computer; some common examples are the keyboard, mouse, and touchpad.

Prior to this project a microphone accidentally placed face down on a table showed that surface acoustic waves cover a wide range, can be produced with minimal force on the material, and can be detected. The main hypothesis behind this project is that by using three microphones it is possible to triangulate the position on the surface at which the waves emanated. The triangulation takes advantage of the relatively slow rate at which sound waves move through matter by basing the triangulation on the arrival time of sound waves at each of the three microphones.

The end product will be similar in function to a touchpad; however there are a number of important differences. This produce can be applied to transform any surface such as a door, table, window, or floor into a large scale HID.  When combined with a digital projector it will be possible to use common surface in a way similar to a touch screen. The low cost of microphones in comparison to traditional touchpad technologies is also expected to produce a cost effective product.
2.0 Introduction

This report presents an investigation of the application of surface acoustic wave triangulation as a touchpad like human interface device. My objectives during this project are to investigate the properties of surface acoustic waves, develop circuitry capable of detecting them, develop a digital system capable of triangulation the source of the waves . Furthermore I will visualize the resulting triangulation by transmitting the data to a PC where a GUI displays the data.


The significance of this project is that it can produce a human interface device ideal for large scale applications, using minimal hardware, and adaptable to many situations. Using the technology developed in this project, an everyday floor, wall, door, or side of a building can be used as a human interface device with no modification to the surface other than the attachment of three acoustic sensors.

The inspiration of this project came about accidentally. I left a microphone face down on a table, expecting this to muffle any sound. I then noticed that touching any point on the table even several meters away produced high frequency sound waves which were detected by the microphone. I Hypothesized that by using multiple microphones it would be possible to triangulate the position on the table where the acoustic waves originated, and that a technology with this capability would have applications as a human input device for a computer. 


This project was met with a number of constraints. A lack of equipment necessary to analyze time domain signals such as an oscilloscope and function generator made the development of the acoustic wave detection circuitry a difficult task. Analog circuitry developed specifically to detect acoustic waves and reject background noise was made impossible by a lack of the equipment necessary to develop and test it, for this reason the acoustic wave detectors use general purpose pre-amplification circuits and magnitude based triggering.

A further setback was the lack of a microcontroller programmer. The intended microcontroller was a PIC18F4550, because it can be configured to act as a USB Human Interface device, and contains an adequate number of built in ADCs, and timers. A PIC programmer could not be located, so this project uses a P89V51RDS, which has a built in ISP programmer, but lacks ADC ports, USB capability, and does not contain as many internal timers as what would be ideal. 
 This report divides into the following sections: Firstly the analysis of surface acoustic waves, and testing which demonstrated the proposed HID could be created. Secondly an overview of the flow of information from the microphones to the computer followed by an in-depth description of each of the subsystems. The report concludes with an analysis of the functionality of the final product, and a discussion of possible improvements.
2.1 Equipment and Methodology

The equipment used by this project is a short list as access to an electronics lab was not possible. The tools used were a soldering iron, an analog voltmeter, a desktop computer, and a USB 5.1 Channel Audio Adapter. Software includes: SDCC, CrossIDE, and Visual C++ Express. The major supplies used in the final project are summarized in the following table. Note that this table does not cover miscellaneous items such as wire, resistors, and capacitors.

	Part
	Quantity
	Application

	Electret Microphone
	3
	To be connected to a surface for the purpose of detecting sound waves traveling through the surface.

	TL082 Dual Op Amp
	2
	These Op-amps are the core of the amplifier system which increases the power of the electrical signals produced by the microphones

	LM339N Comparator Array
	1
	The Microcontroller does not have an internal ADC, so the the comparators on this chip are used to transform the analog signals produced by the amplifier into binary signals which can be read by the microcontroller.

	P89V51RD2 Microcontroller
	1
	This microcontroller performs time based triangulation by analyzing the signals produced by the microphones interface hardware. This model of microcontroller was selected because it has a built in ISP programmer which was an asset since a microcontroller programmer could not be located, and development of programmer hardware from scratch would have greatly delayed this project.

	Max232 Dual Voltage Driver
	1
	This chip produces the voltage change necessary for RS232 communication to exist between a desktop computer and a microcontroller.

	20 MHz Crystal Oscillator
	1
	Clock source of microcontroller.

	74HC32B OR Array
	1
	The set of OR gates on this chip allow the microcontroller’s external interrupt to be triggered by any of the three microphones.


2.2 Possible approaches

2.2.1 Triangulation

Triangulation is the act of calculating a position once three or more distances from fixed points to the position are known. There are two available methods for determining these distances: Amplitude and time delay. Time delay was the option chosen for this implementation. If this project were to use amplitude based triangulation the volume of the sound waves detected at each microphone would be measured, and distance could be estimated using an equation which expresses volume drop versus distance travelled through the surface. Amplitude was not chosen because it is more complex and less effective than time delay in a number of ways: The drop in volume with respect to distance is not a linear relationship, however time delay with respect to distance is a linear relationship. Linear relationships are far easier to implement. To measure the amplitude of a high frequency sound wave digitally a fast ADC must convert the value so that the microcontroller can analyze it. The drop in volume over distance is very low in some surfaces, which will result in vague calculated positions.
2.2.2 Sound Detection
The hardware which has been implemented to find acoustic waves in the signals coming from the microphones would benefit greatly from a more complex design. As it is each microphone feeds into an amplifier, and the output of the amplifier is digitized by a comparator. The comparator compares the voltage produced by the microphone amplifier to a pre-set voltage which is above the background noise level and below the rise in voltage produced by a surface acoustic wave.

A useful addition to the detection hardware would be a high pass filter. The acoustic signals which the circuit must detect are high frequency, so cutting off the lower frequencies would greatly reduce the background noise. The digitizer would also benefit from a more advanced approach, as a magnitude comparison to a pre-set level will only detect the desired sound waves so long as the magnitude of background noise and magnitude of acoustic wave strength remain fairly constant. A superior approach would be to use an ADC to sample the signal voltage, and dynamically adjust the threshold level based on background noise.
2.2.3 Computer Interface
Certain microcontrollers such as the PIC18F4550 can be configured to act as USB human interface devices. This means that a PIC18F4550 can generate signals which a computer interprets as mouse movements. If a USB HID capable microcontroller was used the resulting product would be capable of moving the computer’s mouse directly. Since a programmer for a HID capable microcontroller was not available, the microcontroller communicates with the computer through RS232 and the calculated positions are displayed graphically, but do not affect the mouse.
3.0 Initial Testing
Before finalizing the decision to peruse this project steps were taken to ensure that time based surface acoustic triangulation was a viable approach. To perform the initial testing it was necessary to analyze the input of at least two microphones which were placed on the surface. The goal of the initial testing was to demonstrate that changing the position of an acoustic event on a surface resulted in a quantifiable sound wave arrival time difference at the two microphones. 

Connecting two electrets microphones to a computer as a somewhat more complex task than it may appear. The first obstacle is that a typical computer does not have a sound card which allows for two simultaneous inputs. This solution was solved with a Vantec USB audio adapter, which is an off the shelf computer accessory which allows for stereo sound recording. 
The second issue is that the Vantec Audio Adapter’s dual input mode requires line level audio. Line level audio has a nominal level of 0.316 VRMS which is significantly stronger than the voltage produced by the electret microphones. A precise measurement of the voltage produced by one of the electret microphones used in this project is not available, as the information is not provided by the manufacturer and access to an oscilloscope was not available.
A preamplifier circuit was required to connect each of the microphones to the Vantec Audio Adapter. This circuit was necessary later on in the project, however it was not desirable to build and design it during the initial trial testing phase of the project. The circuitry of the amplifier circuit is discussed in section 4.4. 

With a pair of microphones readable by a computer the next step was to write a program to capture the sound wave arrival time differences. This program was written in C. The tests carried out using this program showed an arrival time difference of approximately 11 ns when the microphones were placed one meter apart on a wooden surface (meter stick) if and only if the location of the acoustic event was equal to the location of one of the two microphones. As expected the difference in arrival time dropped to zero when the acoustic event was located at equal distances between the two microphones. Tests on glass resulted in a 7ns maximum time difference, aluminum 9ns, and PVC 8 ns.
4.0 Designs and Experiments
4.1 Data flow overview
Figure 1 illustrates the signal processing flow from an acoustic event on the monitored surface to the PC where the information is displayed. The steps are as follows:
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An acoustic event occurs on the surface, and the resulting sound waves propagate through the surface to each of the three microphones. The time delay between the event and each microphone picking up the sound wave is proportional to the distance from the location of the event to the microphone.
2) [image: image9.emf]Each microphone nosh a corrosponding preamplifier circuit which boosts the signal strength.
3)   A set of three comparators convert the analog signals produced by the preamplifiers into a binary true/false value by comparing the analog input voltage to a pre-set voltage. A true indicates that the input voltage is greater than the preset, meaning that a meaningful sound wave is interacting with the microphone. The pre-set voltage is slightly above the background noise voltage so that only the acoustic waves produced by tapping, rubbing or scratching the surface result in a true output. 
4) The detection of an acoustic wave in any of the three comparators triggers an interrupt within the microcontroller. The same external interrupt is triggered by all three microphones because the comparator output signals are combined in an OR gate, and the result of the OR operation are fed to the microcontroller’s external interrupt pin.
5) The microcontroller’s external interrupt service routine samples a set of inputs which indicate which of the three microphones triggered the interrupt. The times at which each microphone has triggered an interrupt is recorded.
6) Once all three microphones have triggered an interrupt, the three recorded time values relayed back to the PC through an RS232 connection. Within the PC these timing values are used to determine the location of the acoustic event.

4.2 Triangulation Algorithm
4.2.1 Conventions
[image: image10.emf]For this triangulation algorithm to work correctly a number of conventions must be observed. Firstly is the position of the microphones. The microphones must be placed at points corresponding to three corners of a rectangle. In other words the line running from microphone A to microphone B must be at a right angle to the line running from microphone B to microphone C.  
Microphone B must be placed in the corner of the rectangle opposite of the corner which will not have a microphone. The Y axis is defined as running parallel to a line from Microphone A to microphone B. The X axis is defined as running parallel to a line running from Microphone B to Microphone C. The x and y axis cross at a point in the center of the rectangle. Events will only be detected properly if they occur within this rectangle.
4.2.2 Timing system
For any acoustic event there are three corresponding distances from the location of each microphone to the location of the acoustic event (dA,dB,dC).  If we use the assumption that the surface is composed of a uniform material,  the time difference between the acoustic event and the arrival of acoustic waves at each microphone is proportional to the distance from each microphone to the event location. 

The precise time at which a sound wave reached each of the three microphones can be easily recorded, however knowing how much time has passed since the event and the microphone action is not so simple, and not necessary.  Rather than recording the change in time from the event to the microphone action, the algorithm is based on the differences in the times at which each microphone detects the sound waves.
The following set of figures express the relationship between the microphone detection times and the position of the acoustic event.

	k = speed of sound through surface (m/s) 

dA,dB,dC = distance from event to micA, micB, micC (m)
tA,tB,tC = time difference from event 

X,Y = position of acoustic event

tA = (1/k)(dA)
tB = (1/k)(dB)

tC = (1/k)(dC)

Y = tB-tA

X = tC-tB
	


For example if the location of an acoustic event is halfway between microphone B, and microphone A, the sound waves would reach each of the two microphones at the exact same time.  The difference in time would be zero, which would place the acoustic event’s position along the y=0 line. If microphone A detects sound waves before microphone B the acoustic event must be closer to microphone A, than microphone B, so the position will be below the y=0 line, and the magnitude of the time difference is proportional to the distance below the y=0 line. It is not until information enters the PC that the position of the microphones and the speed of sound are used to provide a precise location of the acoustic event.
4.2.3 Timing algorithm

The task of recording the times at which each microphone detected an acoustic wave would ideally be handled by the microcontroller’s internal timers. Unfortunately the P89V51RD2 contains only two internal timers, and one of them must be used to generate RS232 signals. This leaves one available timer, and three events which require independent timing. The solution is to implement a set of three counters using the P89V51RD2’s internal memory, and increment these counters using an overflow interrupt initiated periodically by the one available timer. The source code which the microcontroller executes to perfor these calculations is available in Appendix A.
[image: image2.emf]
Figure 3
Timing algorithm state machine
The behavior of the microcontroller’s counter system is modeled by the state machine diagram in figure 3. Each counter contains a two byte number, and a flag to indicate if it is currently running. When a counter’s Run flag is true the value of the counter will incremented with each timer interrupt. A timer interrupt occurs at a constant period of 1.21 pico seconds. Initially each counter contains a value of zero, and is not running. Each of the three counters is associated with one of the three microphones. A counter enters run mode when its microphone detects a sound wave. Once all counters have entered run mode the values of these counters are transmitted to the PC using RS232, and the counters return to their default state. A counter will also return to its default state if its value overflows. A counter overflow will occur if an acoustic event produces waves which are not powerful enough to activate all three counters.
 
At the point where all counters are in run mode, the sound waves from the acoustic event must have reached each of the three microphones. The closest microphone to the acoustic event will be linked to the counter with the highest value, because that counter entered run mode earlier than the other two. The last counter to enter run mode will have a value of zero at the earliest point where all counters are running. 
The following table shows the events which occur within the microcontroller as a result of a typical acoustic event.

	Event
	Counter A
	Counter B
	Counter C
	Description

	none
	Paused

0
	Paused

0
	Paused

0
	Initially all three counters are not active, and are at position zero. The counters will not begin running until their respective microphones detect sound waves.

	Mic B
	Paused

0
	Running

0
	Paused

0
	An external interrupt has been triggered, and sound waves reaching microphone B is the cause. At this point Counter B enters run mode. In run mode Counter B will increment with every timer interrupt, which occurs every two nano-seconds.

	Mic A
	Running

0
	Running

20
	Paused

0
	Microphone A has been triggered by sound waves reaching its location, so Counter A enters run mode. Counter B has been incremented 20 times since it entered run mode in the previous step; this value (20) indicates the difference in sound wave arrival time between microphones A, and B.

	Mic C
	Running

57
	Running

77
	Running

0
	The third and final detection of sound waves has occurred on Microphone C. The bytes which make up the three counters are sent to the PC through RS232. 

	none
	Paused

0
	Paused

0
	Paused

0
	The three counters return to their default state of paused at position zero to prepare for the next set of audio signals.

The counters if their values overflow, this prevents deadlocks.  

	The PC receives the values of the three counters once all three microphones have triggered external interrupts. In this case the values (Counter A, Counter B, Counter C) are: 57,77,0. This indicates that 20 increments (40ns) occurred between the detections at Microphone A, and Microphone B because (77 – 57 = 20), so 20 is the horizontal value. This data also indicates that 77 increments occurred between the detection on microphone B, and the detection on microphone C, so the vertical value is 77.


4.3  Preamplifier

Figure 4 illustrates the microphone Preamplification circuit used to boost the electret microphone’s signal strength to levels suitable for the Vantec Audio adapter and the comparators. Due to the lack of an oscilloscope a precise measurement of its effectiveness cannot be measured, however it is calculated to produce a 2.5 volt offset and a twenty decibel gain relative to the frequency response unit vector covered in the op-amp’s data sheet. The Op-amp used is a TL082 which is a dual general purpose high speed op-amp.


The following figure (figure 5) illustrates the two Tl082 chips used to produce the three preamplifiers. The connection points (A),(B),(C) correspond to the inputs of the comparator section covered in section 4.4
[image: image3.emf]
Figure 5
Preamplifier hardware implementation

4.4 Comparator and interrupt logic

[image: image4.emf]
Figure 6
Comparator interrupt circuit implementation.
Figure 6 illustrates the circuit implementation used to identify acoustic waves through a volume threshold level as well the logic which allows an interrupt to occur when any of the three thresholds are reached. The connection points (A),(B),(C) in this diagram correspond to figure 5. The thresholding hardware is a single LM339 IC which is a high speed quad comparator, and the logical outputs of these comparators are combined in an OR gate which triggers the microcontroller’s interrupt.

4.5  Microcontroller
[image: image5.emf]
Figure 7
The microcontroller RS232 circuit.

Figure 7 shows the microcontroller circuit used in this project, its connection to the comparators and interrupt logic, and the line driver making RS232 communication possible. There are numerous RS232 standards, and the one which was selected was arbitrarily selected as 9600 bits per second, one stop bit, and no flow control.

In the figure connection point (Q), (W), (E), and (R) correspond to the points in figure 6. The connection point labeled (R) is the logical OR of the signals in the other three connection points. When a rising edge enters the P89V51RD2’s pin 3.1 it is triggered to jump to an external interrupt service routine. It is in this routine that the microcontroller reads the values presented to it by the first three bits of P2, to determine which of the microphones triggered the interrupt.
To communicate with the host computer the microcontroller makes use of a max232 IC to convert from it TTL voltage levels to the standard RS232 logical voltage levels. In addition to communication while the program executes, this interface allows the microcontroller to be programmed using the P89V51RD2’s build in I2C programming port.

The microcontroller makes use of a 20MHz crystal clock source, and is operating with its internal clock doubler enabled, making a tick equal to three clock cycles.
4.6  GUI Interface
By opening a com port and tuning it to the RS232 standard covered in sentence two of paragraph one of section 4.5  it is possible for a PC to receive the timing data which is transmitted by the microcontroller. The earliest model of the PC data display was a simple command line which output the relative positions of the acoustic events using the Y=Ta-Tb, X=Tb-Tc relationship. Using this relationship it is entirely possible to place the event locations on a grid; however without knowing the speed of sound in the material it is not possible to display the locations of these points as relative to the locations of the microphones. It is only possible to display the points in a position relative to the center of the rectangle which the microphones define. The relative distance from this point that the events occur can be detected, but these coordinates are always relative in magnitude to an unknown constant. This constant is the distance between the microphones over the speed of the acoustic waves. The GUI interface allows the user to define these unknown values so that the position of the acoustic event can be placed on a grid which is drawn to represent constant measurements of distance (centimeters).
[image: image6.emf]
Figure 8
Surface Acoustic Visualizer interface GUI main window
Figure 8 displays the GUI’s main interface window. The GUI was created using C++. The background of the window displays a grid, and the side bars numerically mark the grid lines. The grid changes in scale dynamically such that the rectangle defined by the microphones fits within the window. The red cross hairs display a history of the detected acoustic event positions. The brightest red crosshair is the most recently detected. Displaying a history of event locations allows for scratching or running of the surface to produce a line of crosshairs in the direction of user’s motion. 


In the upper left corner of the main window is a button labeled “Calibrate”. This button allows the user to define the speed of sound through the material as well as the dimensions of the rectangle by entering the data in a sequence of dialog boxes. Figure 9 displays the first of the dialog boxes.

[image: image7.emf]
Figure 9
Setup procedure step 1 dialog.
In the initial step of the setup procedure the user is asked to place the microphones on the surface if they have not already done so, and to enter the distance in centimeters between the microphones. The microphones are labeled to make this task straightforward.
[image: image8.emf]
Figure 10
The final dialog step of calibrating the microphones
The second piece of information which the GUI requires is how quickly the sound waves travel through the surface. This may sound like a task which will be rather difficult for the user, because few people will know what the speed of sound is through the material that they have placed the microphones onto.

This step is in fact not complex because the user is not required to know the speed of sound through the surface; instead this information can be acquired from the microphones if the user follows a simple procedure. The user is asked to tap the surface next to microphone B. Following any acoustic event on the surface the microcontroller will return the relative times at which the microphones detected the acoustic waves. In this case the audio waves are known to originate from the location of microphone B, therefore the difference in detection times between microphone A, and microphone B is equal to the time required for the audio waves to travel from microphone B to Microphone A. Likewise with the time delay between microphone C, and microphone B.

In step one of the setup procedure the user identified how far apart the microphones are, and in step two the time required for sound waves to travel these distances was provided, therefore the speed of sound in the material can be calculated using nothing more than Velocity = Distance / time .
5.0 Results
This project has demonstrated that it is possible to use surface acoustic wave detection and triangulation techniques to develop a human interface device. The input can be processed fast enough for the results of touching the surface to appear on the computer screen with less than a millisecond delay. The calculated position of the acoustic event consistently remains within 0.25 cm of the location of the true location, and this can be improved with a faster microcontroller and a better system for detecting the acoustic waves.

On a one meter by one meter wooden surface the device can detect scratching, tapping correctly. The surface acoustic waves produced by only rubbing the surface are too minute to be detected properly on a wooden surface unless no sides of the rectangle is longer than thirty centimeters. 

The detection abilities of this device show no considerable variance when the surface is changed from wood to concrete. However when glass or polished metal is monitored it becomes impossible to detect scratching because the surface is to smooth for this action to result in a strong acoustic wave, taping still works well however. 

The largest surface which this device has been used to monitor is a six by five meter piece of drywall. Sizes past this such as the side of an entire building cannot be tested due to the lengths of the microphone cords. At this scale it was not possible for the system to detect minute inputs such as scratching and rubbing because the microphones were too far apart for a sound wave of adequate amplitude to reach all three microphones. The accuracy was not affected. At this scale the time delay produced as the microphones awaited the arrival of each acoustic wave increased by an average of twelve nanoseconds. This timing increase does not produce a noticeable latency in the system’s response time.
5.1 Shortcomings and areas of improvement.

An unexpected observation was the way in which surface acoustic waves travel on a piece of wood. At a microscopic level wood is not a uniform material, which is why my observations have shown that sound waves travel slightly faster when they are traveling in the same direction as the wood’s grain. This results in the acoustic waves spreading from the event location in an elliptical pattern, not the circular pattern which was the basis of many assumptions of this project. It is due to this property of wood that the accuracy of the calculated position can be up to 0.25cm off the mark. In section 1 it was stated that this system is only intended for uniform surfaces, so it is tempting to cross wood products off the list of suitable surfaces. If this is done the accuracy of the calculated position consistently falls within 0.1 cm of the mark because only data from truly uniform surfaces such as glass and cement are used, however wood materials are so common that refusing to accept them as a surface would greatly reduce the applications of this device.

Through this project I have proved that a simple threshold detection system is capable of producing the data required for triangulation fairly accurately, however the pitfalls of this system have also become apparent. In cases where the amplitude of the surface acoustic waves drop close to the maximum background noise level the system cannot collect the data required for triangulation. It is for this reason that scratching a large scale surface does not work properly. Visual analysis of the waveforms has led me to believe that a high pass filter can eliminate much of the background noise, which will allow the threshold filter to respond more accurately to the surface acoustic waves produced by the user.

5.2 Conclusion

Surface acoustic wave triangulation is an effective method of collecting positioning data for a computer. The major flaw is that the detection of minute actions such as slowing dragging a finger across a surface does not produce reliable results because of the low volume produced. Actions like these are an essential ability for existing touch interface devices, so I do not see this technology being readily adapted into the human interface device market. I do however see a wide range of industrial and automation applications for this technology. For instance if the microphones are connected to a glass window they can accurately detect the locations where birds fly into this window. This is valuable information for home owners, conversationalists, and pest control. 
5.3 End Matter
A hypothetic advancement of this technology is its application to non planar surfaces. Presently the triangulation algorithms operate under the assumptions that the microphones lie on a plane. If the microphones were lying on another shape such as a cone or dome the triangulation algorithms will fail. If the PC side of the computer program is provided with a mathematical description of the no planar surface, it will be possible accurately determine the location of an acoustic event on the surface in 3D space. One particular application of this technology is to place it on a vehicle (land, air, space, or sea). When an object collides with the vehicle such as a piece of space debris hitting an orbiting space ship it will be possible for the 3D surface acoustic triangulation system to identify that a strike has occurred, and importantly exactly where on the surface of the space ship that the strike took place.
Appendix A. Microcontroller code:
For academic integrity reasons please be aware that some sections of the RS232 generation procedures were copied from Professor Jesus Calvino’s lecture notes, and/or have been used in my previous projects.
#include <8051.h>
#include <stdio.h>
#include <serial_IO.h>
#endif

//Set Rs232 paramaters

#define XTAL 40000000L
#define BAUD 9600L

//Set timer 1 to generate the Rs232 baud

#define TIMER1_RELOAD_VALUE (-(2*XTAL)/(32*12*BAUD))
unsigned char delay=((XTAL/22118400L)*40);

unsigned char count[3][2]; //counters. Three counters, two bytes per counter
//Incrament the counters
void UpCount(){
        int i;
        for(i=0;i<3;i++){
                  if (count[i][0]==255){
                            count[i][0] = 0;
                            if(count[i][1]!=255){
                           count[i][1]++;
                  }  else
                      count[i][0]++;
        }

}

unsigned char _sdcc_external_startup(void)

{


TR1=0;
            TR0=0;
            TMOD=0x22;  //Both timer 0 and 1 in autoreload mode
            PCON=0x80;
            TH1=TL1=TIMER1_RELOAD_VALUE;
           TH0=TL0=0-91; //Use a prime number to generate 'ramdom' numbers
          TR1=1;
          TR0=1;
          SCON=0x52;
          return 0;

}

void putchar(char c){


if (c=='\n'){
                   while (!TI);
                  TI=0;
                  SBUF='\r';
           }
           while (!TI);
           TI=0;
           SBUF=c;
}

void SendCounters(){

               if(count[0][1]< 255 && count[1][1] < 255 && count[2][1] < 255){


for(i=0;i<3;i++){





putchar(count[i][0]);




putchar(count[i][1]);




putchar(0);




//count[j][2] = 255;


}
       }

}

#define BIN(x)                              \

  (  ((0x##x##L & 0x00000001L) ? 0x01 : 0)  \

   | ((0x##x##L & 0x00000010L) ? 0x02 : 0)  \

   | ((0x##x##L & 0x00000100L) ? 0x04 : 0)  \

   | ((0x##x##L & 0x00001000L) ? 0x08 : 0)  \

   | ((0x##x##L & 0x00010000L) ? 0x10 : 0)  \

   | ((0x##x##L & 0x00100000L) ? 0x20 : 0)  \

   | ((0x##x##L & 0x01000000L) ? 0x40 : 0)  \

   | ((0x##x##L & 0x10000000L) ? 0x80 : 0))

void ClockIrqHandler (void) interrupt 1 using 3 {
     TL0 = 0;
     TH0 = 255;
     UpCount();
     putchar(a);
 }

void main (void){
              int i,j;

TR0=1; // start timer 0 (bit 4 in TCON)
            ET0=1; // enable timer 0 interrupt
           TMOD =(TMOD&0xf0)|0x01; // T0=16bit timer
           EA=1;   // Enable global interrupts
           P2=255;
        
             for(i=0;i<3;i++)
                     for(j=0;j<2;j++)
                    count[i][j]=0;


}


while(1){



if(!P2_2){




count[0][0]=0;




count[0][1]=0;







SendCounters();



} 



if(!P2_1){




count[1][0]=0;




count[1][1]=0;










SendCounters();



} 



if(!P2_0){




count[2][0]=0;




count[2][1]=0;




count[2][2]=0;






SendCounters();



} 


}

}

Figure � SEQ Figure \* ARABIC �1��Acoustic analysis data flow





Figure � SEQ Figure \* ARABIC �2��Microphone Alignment Diagram





Figure � SEQ Figure \* ARABIC �4��Microphone PreAmp









