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ABSTRACT 

Radio Acoustic Sounding System (RASS) is a ground based remote sensing technique 

to get the vertical profile of the atmosphere which uses the effect of the temperature on the 

speed of the sound in air as a means to sense the atmosphere temperature. This paper 

discusses a method developed to known the shape of wave front of the acoustic waves 

generated by the exciter. Which can be used to develop different structures for the acoustic 

exciter and more optimized structure can be made to generate the flat acoustic waves. The 

shape of the acoustic wave front can be known by knowledge of time taken by the acoustic 

wave to reach the certain coplanar points which are at known distance away from the acoustic 

exciter. A circuit is also build to measure the delays among the multiple acoustic signals 

generated by an exciter. By connecting the circuit to the CPLD an accurate time delays can 

be measured with this knowledge the spherical wavefront can be made into flat wavefront by 

adding the time delay elements in that path. 
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INTRODUCTION 

To get the vertical temperature profile of the atmosphere, there are various techniques 

available. Radio Acoustic Sounding System (RASS)
 [1-3][14-15]

 is one of ground based remote 

sensing technique to get the vertical profile of the atmosphere
[4-11]

. RASS uses the effect of 

the temperature on the speed of the sound in air as a means sense the atmosphere 

temperature. Hence, RASS is the combination of Doppler
[12]

 radar and Acoustic exciter. 

The Doppler radar profiles the speed of refractive index perturbations induced by the 

acoustic source. Ray tracing of acoustic wave propagations is used to predict the antenna 

beam directions along which optimum RASS echoes could be obtained. To trace the 

perturbations due to acoustic exciter it is required that the sound wave effect on the 

refractive index perturbations should be available in large atmospheric area. So echoes from 

most of the directions will be strong. Since the acoustic exciter generates the spherical 

sound wave fronts which gradually becomes elliptical at the higher heights due to increased 

reassure and reduced sound power as depicted in fig.1. 
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Fig 1: Elliptical wave front 

Therefore the effect of sound waves on the refractive index perturbations will be limited in 

area. Hence limited view angle for Radar is covered by the acoustic waves. A flat wave 

front generated by acoustic exciter can travel more height without becoming elliptical at 

higher heights is shown in fig.2. 

 

Fig 2: Wide elliptical wave front. 

Therefore it can cover the larger area. Hence the larger view angle for Radar for strong 

echoes. In this project a method has been developed to known shape of wave front of the 

acoustic waves generated by the exciter .This knowledge of the wave front can be used to 

develop different structures for the acoustic exciter and more optimized structure can be 

made to generate the flat acoustic waves. The shape of the acoustic wave front can be 

known by knowledge of time taken by the acoustic wave to reach the certain coplanar 

points which are at known distance away from the acoustic exciter. 

METHOD TO FIND THE SHAPE OF THE ACOUSTIC WAVE FRONT  

Fig 3: Spherical wave front moving away from the acoustic exciter 

By measuring the time taken by the acoustic waves to reach the coplanar, equidistance array 

of points above the certain distance from the acoustic source the shape of the wave front can 

be determined. From fig.3, if we measure the time taken by the acoustic waves to reach the 
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points P-3,P-2,P-1,P0,P1,P2,P3 and then plot the graph between time taken and distance 

from the source then the graph will give the shape of the wave front. 

When the sound signal is generated from the acoustic exciter it will take some time to reach 

the coplanar points. Consider the points c,p,q,r,x,y and z  as shown in fig.3 and time taken 

by the sound wave to reach these points are t0,t1,t2,t3,t4,t5 and t6 respectively. Then with 

respect to point C  the excess  time taken by the sound wave to reach points p,q,r,x,y and z 

can be given as (t1-t0),(t2-t0),(t3-t0),(t4-t0),(t5-t0) and (t6-t0) respectively.  

Now if the wave front is spherical then as shown in the fig 4 , time  difference for point 

pairs  (r , z),(q,y) and (p,x)  should be equal i.e (t3-t0)=(t6-t0) ,(t2-t0)=(t5-t0) and (t1-

t0)=(t4-t0). That means time (t3=t6),(t2=t5) and (t1=t4). 

 

Fig 4: Spherical wave front. 

If the wave front is flat then the time differences (t1-t0),(t2-t0),(t3-t0),(t4-t0),(t5-t0) and (t6-

t0) must be equal to each other. i.e.,(t1-t0)=(t2-t0)=(t3-t0)=(t4-t0)=(t5-t0)=(t6-t0) as shown 

in fig 5. 

 

Fig 5: Flat wave front. 

From the knowledge of time difference of the arrival time of the sound wave at various 

coplanar points with reference to one reference point C, the shape of the wave front can be 

modified .For example the spherical wave front can be made flat by adding appropriate 

delay elements in the path of sound wave. Taking the above fig. 4 and 5 in consideration, if 

the additional delay of (t3-t0) for point C, (t3-t1) for points p and x and the delay (t3-t2) for 

points q and y will be provide then the wave front will become flat. 
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METHOD OF MEASURING THE DELAY:              

The microphones can be placed in a plane certain height above the acoustic source as shown 

in fig.6. If the source will be excited by the single tone sine wave of audio frequency the 

output of the microphones will also be the sine wave. The output of the microphones should 

be processed to improve the signal to noise ratio. These processed sine waves should be 

converted into square waves before supplying it to CPLD
[13]

 .CPLD will count the time 

delay (phase delay) among the signals generated by the different microphones.  

 

Fig 6: Set up of the micro phones to the circuit 

The CPLD uses a state machine and a counter for counting the time delay among the different 

signals coming from the different channels which can be modelled in as the state diagram in 

fig.7. 

 

Fig 7: State Diagram 

The timing diagram of this state diagram is shown in fig.8. The clock frequency for the state 

machine and counters is 100 kHz so the time resolution of the counts will be 10Us. 
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Fig 8: Timing Diagram 

The input signal which will come earliest, so that the CPLD will assume that particular signal 

as a reference signal and will run a counter for every other input signal. The counter for the 

particular channel will be stopped on the falling edge of signal on that channel. And at last 

these count values will be sent by the CPLD to the PC using RS232. 

BLOCK DIAGRAM 

The developed Block diagram is as shown in fig.9. The signal processing unit in the circuit 

block diagram has a LPF (Low Pass Filter), a Notch Filter and a Cascaded amplifier stage. 

 

Fig 9: Block Diagram. 

The single channel circuit diagram is shown in fig.10 which is modeled using Op-Amps and 

passive elements. 

 

Fig 10: Single Channel Circuit diagram 
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The LPF is designed to satisfy the condition that the operating frequency of the Low Pass 

Filter (100Hz) i.e., less than the cutoff frequency(150Hz). The external frequencies greater 

than 150Hz should not affect the circuit, those frequencies have to be attenuated by the LPF. 

Input applied to the Low Pass Filter as shown in fig.11, is choosen to be a frequency of 100 

Hz, Offset voltage of 0V having an amplitude of 50 mV peak to peak. 

 

Fig 11: Low Pass Filter (LPF) 

The cut off frequency of the circuit is calculated from the expression 

𝑓𝑐 =
1

2𝜋𝑅𝐶  
   

Assuming the cut off frequency of the circuit to be 150Hz and C to be 0.47𝜇f, the resistance 

R is obtained as 2.25KΩ. In general due to surroundings, assume that some unwanted 

frequency of 50HZ is present. Since the LPF has a frequency of 100Hz, it is very easy for 

50HZ frequency to combine with our operating frequency of 100Hz. Hence to eliminate that 

unwanted frequency the notch filter is implemented in the circuit whose circuit design is as 

shown in the fig.11. 

 

Fig.11: Notch Filter 

The notch frequency of the notch filter is assumed to be 50Hz. Assuming that  C=0.47𝜋f and 

the operating frequency of 100Hz, then by using the expression of cut off frequency i.e., 

 𝑓𝑐 =
1

2𝜋𝑅𝐶  
   

R is found to be 6.77K  ≈ 6.8KΩ. Then R/2 becomes 3.4KΩ and 2C=0.94 f.  
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The Quality factor can be found from the expression given by  

   

and the corresponding Gain can be found from the expression given by 

 .  

For Rf=4.7KΩ and R1=10KΩ. The Gain is found to be Af  =1.47, Quality factor to be Q= 

1.06, and the magnitude of voltage gain is found to be 0.857. 

 

 

 

The Phase Shift is found to be  

 

For 10ms, the phase shift will be 360
0 
and the time delay for 30

0
 phase shift is 0.83ms.

 

Since the output of the notch filter section is very low i.e., in mV, which is not sufficient to 

trigger the given input. To boost up the signal and to improve the signal-to-noise ratio (SNR), 

the cascaded amplifier stage is used.  

In this cascaded section, each amplifier section produces a gain of “10” to produce a overall 

gain of “100”. The expression for gain is given by .  

For a Gain of 10, the values of resistances R=1KΩ, Rf =10KΩ are obtained. 

 

Fig.12: Cascaded Amplifier Stage 

The waveforms obtained for the amplifiers in two stages is shown in fig.13, i.e., as the output 

of notch filter is given to amplifier stage1 and that amplifier output is given to the input of 

another amplifier2. 
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Fig.13: The waveforms for three different channels at amplifier1. 

The expected waveforms for the amplifier stage1 output is 364mV, for all the three signals. 

For the amplifier 1 in every stage of the circuit give the output voltage in the order of mV. To 

increase the output voltage in the order of volts, again the signal is amplified at amplifier 

stage2.  As the obtained voltage level is sufficient to trigger the Schmitt trigger another 

amplifier is not used. 

The waveforms obtained for three different channels at amplifier stage2 is shown in fig.14.  

 

Fig.14: The waveforms for three different channels at amplifier2 

The output of the amplifier stage is applied to the edge detector/Schmitt trigger as input. The 

designed circuit for Schmitt trigger is shown in fig.15.  

 

Fig.15: Schimtt Trigger. 

The Threshold voltage for the edge detector is set to 150mV. The expression of threshold 

voltage for Schmitt trigger is given by  

 

For Vth=150mV, Vcc=5V, =32.33≈33, then for R2=1KΩ, the resistance R3 becomes 33KΩ.  
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The error in the threshold voltage for Schmitt trigger can be found from the resistor values. 

Using the expression for threshold voltage,                          

 

As R2=1KΩ and R3=33KΩ, then  

 

Hence the error in threshold voltage is 3mV. And the resistor values for the edge detector 

circuit are: R1=4.7KΩ, R2=1KΩ, R3=33KΩ and R4=1.2KΩ. 

 

Fig.16: The wave forms obtained for the LPF, amplifier and Schmitt trigger. 

The waveforms obtained for LPF, Cascaded amplifier and Schmitt trigger are shown in fig.16 

which are indicated by yellow, pink and blue waveforms respectively for a single channel. 

The pink marking lines of the pink wave represent the amplifier output triggering levels of 

the Schmitt trigger. 

For measuring the delay for the sinusoidal wave becomes complex and may not be accurate. 

So these sine waves are converted to square waves as those obtained from the Schmitt trigger 

as shown in fig.17. These square waves are given to the CPLD (Complex Programmable 

Logic Device) which can detect only binary digits 0 and 1. This CPLD is interfaced with the 

PC for measuring the delays among signals. 

 

Fig.17: Waveforms at the Schmitt Trigger outputs 

The Schmitt Trigger‟s Output has the logic levels of higher voltage level of „1‟and the lower 

voltage level of „0‟, which allow the CPLD for signals transitions to occur. The time delay 

can be measured between any of these signals with the reference by considering the falling 

edge as triggering level.  
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Fig.18: Three channel outputs 

As the falling edge of the signal is coming out of channel 3 occurs first i.e., channel 3 triggers 

in less time as shown in fig.18. Hence, channel 3 is considered as the reference channel.  

The hardware designed for the three channels is shown in fig.19. which consists of filters and 

amplifiers for channels. 

 

Fig.19. The Designed Hardware Circuit 

RESULTS AND DISCUSSION 

A Square wave of 100Hz, 50 mV is applied to all the three channels and the time difference 

between 3-1, 3-2 and 2-1 waveforms are measured. Assuming that third channel as reference 

channel. The assumed delay measuring scale are the Capturing scale=200ms/div, the 

Measuring scale=1ms/div and Voltage =5v/div. The widths of all the 3 channels were found 

to be different and changing with time. Multiple cycles of output waveforms have been 

captured using Mixed Signal Oscilloscope (MSO) and the time delay between 3-1, 3-2 and 2-

1 were measured to calculate the average delay between 3-1 and 3-2 and to calculate the 

standard deviation. 

The mean is the average of the observations taken. i.e.,  

MEAN      µ =   
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The standard deviation is proved to be the best among other measures of dispersion, as the 

deviation is found to be minimum. Hence the Standard Deviation is a widely used measure of 

the variability of dispersion, being algebraically more tractable though practically less robust 

than the expected deviation. It shows how much variation there is from the "average" (mean 

or expected/budgeted value). A low standard deviation indicates that the data points tend to 

be very close to the mean, whereas high standard deviation indicates that the data is spread 

out over a large range of values. It is denoted by „σ‟ and is given by 

 σ = √   

where     =    ,  is variance, Xi is observed reading, µ is the mean of the observed 

readings and N is the total number of readings.  

All the readings are in μs scale and the measured scale is of 1msec/div. The measured values 

are finally tabulated in terms of mean and standard deviation as shown in Table.1. Using 

these table values, the internal delay of the signals provided by the circuit can be known. The 

finals values represented in bold values indicate average mean and standard deviation 

respectively row-wise. In order to get accurate delay between the signal, subtract this delay 

from the total delay of the signals i.e., the obtained delay for accuracy has to be applied to the 

CPLD kit through the program.  

Table 1. The calculated means and standard deviations for the measurements 

t 1(2-1) t 2(2-3) t3(3-1) 

Average 
Standard 

Deviation 
Average 

Standard 

Deviation 
Average 

Standard 

Deviation 

301 18.89 476 15.35 175 20.39 

286 23.485 477 33.88 191 22.91 

278 6.15 450 10.25 172 10.05 

269 12.09 437 13.41 168 10.05 

266 11.42 448 10.05 182 6.156 

253 9.78 444 10.46 191 10.2 

249 12.09 431 10.2 182 11..05 

271.7143 13.415 451.8571429 14.8 180.1429 13.29266667 

18.29129 5.843304573 18.03171809 8.655841958 8.970852 6.699128501 

The delay is measured by taking the falling edge of the wave into consideration as shown in 

fig.19. The time delay between signals 1 and 3 is observed to be 380 µsec, similarly between  

signals 3 and 2 is 280 µsec and between signals 1 and 2 is 184 µsec.  

 

Fig.19: The individual delays between the reference signal 3 and channel signals 1 and 2. 

http://en.wikipedia.org/wiki/Mean
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After testing the circuit it is found that following are the limitation on the input signal for the 

proper operation of the circuit. Input frequency should be in between 50Hz to 150Hz. Input 

amplitude should be more than 50mV peak to peak. The minimum voltage to trigger the 

circuit to get the square wave is 150 mV. 

CONCLUSION 

This paper concludes that the delays can be measurement in multiple acoustic signals has 

been successfully designed and tested. It has been developed by integrating features of all the 

hardware components used. Presence of every module has been reasoned out and placed 

carefully thus contributing to the best working of the unit. In this project a circuit was build to 

measure the delays among the multiple acoustic signals generated by an exiter. By connecting 

the circuit to the CPLD an accurate time delays can be measured with this knowledge the 

spherical wave front can be made into flat wave front by adding the time delay elements in 

that path. 
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