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Objective:
The purpose of this assignment is to determine the rules that apply toward correlation.  The rules are along the line of:  When you have two signals at the same frequency that differ by phase angle “x” what happens?  For the second part of the assignment, we will be analyzing an ASK system with the goal of understanding and explaining how it works.  

Correlation Background:

Correlation is about testing the relationship between two things for sameness or difference.  In our case, it is two signals of the same frequency.  After comparing the two signals, you need to get some type of unique parameter that is easily measured as well as the degree of likeness or difference.  The method in this assignment is more applicable to digital demodulation systems since it works better with fewer states like 1s and 0s.  Analog signals have too many different values.  Digital signals are only 1s or 0s so a comparison is much more black and white.

How do you Correlate a Signal?:

In this exercise, correlation is achieved by multiplying a reference signal (the signal that will be used in all of the correlation; it does not change) by some other signal that is out of phase by some amount.  Next, you take the resultant signal and pass it through a LOPASS filter to establish an average or DC value.  This average is the parameter we mentioned in the background.  If your signals have an amplitude of 1, the average will always be located in the range of –1 to 1.  If the amplitude of the signals change, possibly exceeding an amplitude of 1 V, the average values could vary more.

For correlation to work properly, the two signals (reference and measured) must be of the same frequency.  Also, for signals to produce a “Same” result, the following criteria must be met:

· Siganls must be phase aligned

· Siganls must be same frequency

· Signals must be the same shape

For signals to produce a “Difference” result, or a negative average, the following criteria must be met:

· Siganls must be the same frequency

· Siganls must be 180 degrees out of phase

Correlation in Action: 
0 degrees out of phase:

The first step of these examples is to show the reference signal and the signal that is out of phase.  The signal that we will analyze correlation in relation to the reference signal first, will have no phase difference.  It would not make sense to display both of these signals since they overlap each other exactly, so I will show only the reference signal.
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Reference Signal 1000Hz 1V amplitude

So, when you multiply the peaks of the positive, you would have 1x1 = 1.  When you multiply the negative peaks, you would have –1x-1 = 1.  In both cases, the result is positive.  So you know that your average should be a positive value.  The LOPASS filter does the averaging.   You can see the results below:
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Result of reference signal and signal 0 degrees out of phase being averaged

You can see that it levels off around 450 mV.  This is the average value.  However, this is not completely accurate due to the transient response of the LOPASS filter.  You can see that it takes a few milliseconds to reach the steady state (approximately 10).

180 degrees out of phase:

Now we will demonstrate a signal of the same shape and frequency of the reference signal being out of phase by 180 degrees.  It will not be possible to get a better visual picture in your head about multiplying the reference signal and the signal 180 degrees out of phase.  In the previous example it did not make sense since they overlapped completely.
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Reference signal and signal 180 degrees out of phase

Now, when you look at the peaks, you can see that at the exact moment in time they are completely opposite.  One of the signals will be at 1V while the other will be at –1V.  Now, when you multiply them you will always get a negative value.  So, you now know that the average will be some negative value.  Below you will see the results of the average between the reference signal and the signal that is 180 degrees out of phase.  
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Result of reference signal and signal 180 degrees out of phase being averaged

You can see that it levels off at around –450 mV, which is the average between the two signals being correlated.  Again, you can see the transient response of the LOPASS in the beginning.

135 degrees out of phase:
Now what happens when you have something that doesn’t meet all of the sameness or difference criteria?  Meaning, what happens when you have something that is not completely in phase or 180 degrees out of phase.  The answer is that you should get an average DC value somewhere between the maximum and minimum values.  Lets show the reference signal vs. the signal that is 135 degrees out of phase to better illustrate this.
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Reference signal vs. the signal that is 135 degrees out of phase

When you compare the peaks now, no longer will you have 1x1, -1x1 or –1x-1.  You are now going to be working with decimals.  If you look at the first two peaks of the graph, you see one peak at 1V, and if you go all the way down to where it meets the reference signal, you can see that it meets somewhere less than –1V.  So, you would be multiplying 1x-0.7 for example.  The main idea is that you are still going to get a negative DC average, but it will just be less in magnitude than the average between the reference and the signal 180 degrees out of phase.  You can see this in the graph below:
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Result of reference signal and signal 135 degrees out of phase being averaged

The average of this turns out to be around –330 mV.  This makes sense that it is less in magnitude since one of the peaks will now be a decimal instead of a whole number.  Again, just ignore the transient effect in the beginning.

90 degrees out of phase:

When you have a signal that is 90 degrees out of phase, when you take the average with the reference signal you should get 0 or something close to it.  This is what happened in the previous assignment when you had the VCO in the FM demodulation.  Again, we will show what the reference signal vs. the signal that is 90 degrees out of phase looks like below:
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Reference signal vs. the signal that is 90 degrees out of phase

If you look closely at where the positive peaks intersect on the y-axis with the other signal, you will see that they intersect at about 0 V.  So, if you have 1V or –1V multiplied by 0, you will always get 0 as a result.  You should conclude that the average should be zero as well.  Let’s see if you are right.  Take a look below:
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Result of reference signal and signal 90 degrees out of phase being averaged

Looking at the graph above, we get what was expected, an average around 0 V.  Once again, pay no mind to the transient effect in the beginning.

45 degrees out of phase:

Now, we will be looking at what happens when the reference signal is averaged with a signal that is 45 degrees out of phase.  Below is the reference signal vs. the signal that is 45 degrees out of phase.
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Reference signal vs. the signal that is 45 degrees out of phase

When you examine the peaks you will see that it is a negative multiplied by a negative or a positive multiplied by a positive.  You will be dealing with decimals again as well. You should expect a positive DC average with a lower magnitude then when they are completely in phase.
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Result of reference signal and signal 45 degrees out of phase being averaged

The result shows that it is a positive DC value around 330 mV.  This is just like the 135 degrees vs. reference average except 45 degrees is positive.  This makes sense since 45 degrees is in a positive quadrant and 135 degrees is in a negative quadrant.  

Reference signal correlation to signal that is a different frequency (1.6 KHz):

Keep in mind that the rules state in the beginning of this assignment stated that they couldn’t be different frequencies if they are to be correlated.  It just doesn’t work, and here is why:
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Result of reference signal and signal of different frequency being averaged

This looks different than previous averages which were the same frequency, but out of phase.  You can see that it does not level off.  It is not really possible to get a DC average value from this because the signal is changing.  Just to prove that it does not eventually level off to some DC value, we have expanded the time frame to 100 ms below:
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Expanded time frame average of reference and signal of different frequency

It appears to “level off” as a sine wave of magnitude 22 mV.  

Part 2 – ASK (Amplitude Shift Keying)
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Background:

ASK is probably the simplest form of digital modulation there is.  It can transmit digital data using a small amount of channel width.  The data is transferred by the signal being either “on” or “off”, either max amplitude or no amplitude.  So you can think of it in terms of changing the amplitude of the carrier based on what the input baseband signal.  When the input baseband is a 1, or high, the carrier is output, when the baseband is a 0, or low, nothing is emitted.  The demodulation works pretty much the same was as AM demodulation works.  The main idea of the demodulation is: is there a carrier, or is there not.  Every form of modulation/demodulation technique has a tradeoff.  Unfortunately, the ASK systems tradeoff for simplicity is that it does not work well in a high noise environment because it could produce false data in the demodulation process, more specifically, false “0s”.  If you read on, you’ll see how this happens.
Filtered input: 

So how does it conserve the precious spectrum space?  What makes this possible?  Pulse shaping.  You use a LOPASS filter to round off the square wave input baseband.  This is to remove high frequency harmonics out of the signal that will be modulated.  It turns out that most of the information is contained in the lower frequency harmonics.  Doing this is done for the purpose of conserving bandwidth.  The narrower baseband signal is, the narrower the channel width is needed.  Channel width is directly proportional to the width of the baseband signal.  

An ideal square wave would have an infinite number of harmonics as discussed in class. This would go on for ever with sine components in the frequency domain. We can get a “good” approximation of the same square wave by cutting out the high frequency harmonics.  This is a trade off, we don’t get the same identical signal, however, we do get a very good tradeoff of conserving spectrum space.  Much of this course has boiled down to tradeoffs such as this.  Below you can see how the pulse shaping affects the input signal by rounding the edges.  It is a bit out of phase do to the transient response of the LOPASS.
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Baseband signal vs. pulse shaped input
ASK

We do have something described as Amplitude Shift Keying occurring here.  More commonly this would be used in Morse Code.  Every kind of digital data transfer technology is keying.  This shifts between two amplitudes to do the keying.
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As we can see above, the AM modulated signal creates an envelope that resembles the original baseband signal.
In the next couple of steps of the signals journey, we encounter a few familiar processes that were discussed in depth previously.  This includes: introduction of Gaussian noise on our file, the superhetrodyne process and the envelope detection process.  

Now, the signal has had Gaussian noise injected, it has gone through the superhetrodyne process.  The frequency spikes on the right is before the superhetrodyne, the frequency spikes on the left is after the IF signal is passed through a band pass filter removing frequencies outside of the expected productive spectrum space.  
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Note: 500 KHz carrier minus 400 KHz local oscillator = 100 KHz
Envelope Detector:
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The envelope detector consists of the above 4 elements in the schematic.  This step regenerates the basband signal by rectifying the signal then removing the carrier frequency.  Below the result of the envelope detector is shown compared to the original baseband frequency as predicted.  
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Slicer:
This next part is new to us.  It is called the “Slicer” it is not something out of a horror movie but rather a device that has a decision to make, whether or not the input is high, or low.  Not that there are many options for it but none the less important to us.  The slicer is controlled by a threshold voltage setting. If the signal breaks this threshold voltage setting, the signal is designated a one, if it doesn’t, it’s a zero.  In DSP there are methods of autodetecting/calculating the threshold voltage statistically based however, in our case we simply set it.
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Output of envelope detector vs. final output.  
The first part of the slicer subtracts the threshold voltage from our signal then multiplies it by a large number.  In our case, it subtracts -0.5 V and multiplies by 100.  This subtraction will make some parts of our signal negative and some of our signal positive.  It doesn’t matter too much if it is only slightly negative or positive because it is exploited with the large scaling.  Anything slightly negative or positive is magnified making it really negative and if it is positive at all, it will make it really positive.  This does two things, it makes it easier for us to see if something is high or low, and it assists with the next couple of steps creating a nicely shaped square wave.
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Output of slicer  Note: Notice the large voltage.  You can see how it has been magnified + or -
The second takes and chops our signal to the range of +/- 1V using a limiter.  Our range at the moment is around –50 to 50 V it should be pretty obvious that this is going to be a pretty squared off output as shown.  
Note: The +/- 1 value change at the intersection where the signals break the Y axis.  
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Limited signal at +/- 1 vs. “sliced” signal
The last step produces the output and sends our signal through a big diode.  At this point, if it is positive at all, it’s considered a 1, if it is negative at all; it’s chopped off and set to 0. (Note outer scale changed from previous graph)
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Final output vs. “sliced” signal

Note:  Look at how the diode limited the signal to a max value of 1V and min value of 0V instead of 1V and -1V.  The final result is the baseband a bit out of phase compared to the original input.
One might ask, “what if you get noise in the signal”.  This is definitely a problem.  If we introduce noise we risk causing bit error.  This is where a bit is mistakenly given the opposite value than it should be out of error by our circuit.  One problem would be if we were supposed to have a one, and it was decided that it was a zero.  But even more of a problem is in a high noise environment where we would mistake a zero for a one due to the noise.  We try to prevent this by eliminating noise before going into the slicer best we can.  

A question that would be interesting to know is how this system would act with a ramped noise input before the slicer.  If we had more time we would like to simulate and see how the output would look like.  We think this would be interesting from a noise immunity standpoint.  My first prediction would be that the high portions of the output would start to get longer when more DC is introduced caused by the first part of the slicer not subtracting a high enough threshold.  

