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Abstract

This report has been created to demonstrate the differences between four different modulation techniques used on a digital signal, Amplitude Shift Keying(ASK), Phase Shift Keying(PSK), Quadrature Phase Shift Keying(QPSK), and Quadrature Amplitude Modulation(QAM). Each of these modulation techniques will be created and tested using a simulation software tool called Simulink, which is part of the Matlab family. Further details on these were created and tested will be provided later on in the report, along with a visual representation of the performance in graph format.


Introduction

Communication is a vast part of everyday modern life with many different media being transmitted and digested. Haykin best summarizes this” Communication enters daily lives in so many different ways that it is easy to overlook the multitude of its facets” [1]. Suggesting that the methods and techniques that are soon to be demonstrated are being carried out numerous times a day from smartphones, television, radio, and much more [1] In its basic form, a communication system can be demonstrated in a simple block diagram as shown in Figure 1
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Description automatically generated]Figure 1 Basic Elements of a Communication System [1]


Haykin  [1] believes these to be the building blocks used in nearly every communication system, be it to be analogue or digital systems, additional components would be required depending on the desired functionality of the system. Communication systems transmitted a 
physical signal with the use of electromagnetic waves, which are often displayed on a spectrum (see figure 2 [2]) that demonstrates the different frequency ranges and the variety of the lengths of these waves. Warnes [3] states the most commonly used range of electromagnetic waves is the range below ultraviolet on the scale. Due to the harmfulness of the high-frequency end of the spectrum, these are scarcely used in the communication area. Frequencies below 3kHz known as the Extra-Low Frequency) are becoming more and more impractical with modern-day demands, the higher frequency regions are being forced to be used and come with a premium price range. This is demonstrated by Wanres  [3]“ Vodafone paid £6 billion to the UK treasury for 30MHz of bandwidth or £200/HZ”.
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Description automatically generated]Figure 2 Electromagnetic Spectrum [2]





Analogue communication systems require a vast amount of continuous waveforms to be able to transmit a physical message signal, as a result of this the signal is firstly is altered to have an amplitude range that is endless to produce an unlimited amount of values known as a baseband waveform. With this waveform, RF carrier signals can be modulated in the form of Amplitude Modulation (AM) or Frequency Modulation(FM). Ha [4]believes once a modulated RF signal is transmitted physically the range of the frequency and amplitude is practically limitless. The key to being able to reproduce the original message is to transform this modulated signal back to its original baseband state. This task is a straightforward one without the presence of noise that will contaminate the transmitted signal, and having perfect working equipment, these two impedances will result in a somewhat inaccurate representation of the original message [4]. 

Digital communication systems operate by the transmission of binary information 1 or 0 to a designated receiver. For transmission, the binary data is transformed into an analougue waveform that can be carried physically known as the channel. The channel allows the data to be modulated in many different ways[5]. Figure 3 [6] shows an overview of a digital communication system 
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Figure 3 Digital Comms System Block Diagram [6]


ASK modulation or as it is alternatively known On-Off Keying (OOK) is the easiest to create and operates by simply switching the frequency of the carrier wave on or off to encode the 1 or 0 state of a digital system. FSK different frequencies for each digital state 1 and 0 whilst maintaining the amplitude of the carrier wave. Compared to ASK and FSK, PSK is more challenging to accomplish, whilst it will still use a single carrier wave and generate a phase shift of 180 degrees [7] [8].
	Quadrature Phase Shift Keying(QPSK) uses the phase of the carrier to carrier to transmit two bits at once much like the PSK, but with the phase shift at 90 degrees allowing two bits a pulse to be transmitted known as dibit [8]. These dibits are equally spaced as evidenced in the signal space diagram or constellation diagram [9]shown in Figure 4 [10]
QAM is a sort of hybrid of ASK and PSK that enables it to transfer more bits whilst remaining efficient as Goldsmith [7] States “QAM has two degrees of freedom, as a result, is more spectrally efficient in that it can encode the most number of bits per symbol” 
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Description automatically generated]Amplitude-Shift Keying(ASK), Phase-Shift Keying(PSK), Frequency-Shift Keying(FSK) are considered to be the building blocks in digital modulation allowing them to be built on the creating of more advanced modulators, such as Quadrature Amplitude Modulation (QAM) and Quadrature Phase-Shift Keying(QPSK)[11]. The effects all these modulation techniques have on the carrier wave are illustrated in Figure 5 [12].Figure 4 Constellation Diagrams [10]


[image: A picture containing arrow

Description automatically generated]Figure 5 Digital Modulation Waveforms [12]
















Analogue signals are typically defined and illustrated within the time domain, within the signal processing and communications sector it is common practice to view these signals in the frequency domain to mathematically analyze the spectrum and frequency of a signal [13]. The reason for this as Haykin  [13]  states “to offer a mathematical link between the two domains of time and frequency”. Conversion between the two domains can be carried out by the use of the equations shown in Figure 6 [14] and Figure 7 [14] with little possibility of data loss when transforming from one to the other. 
[image: ]


Figure 6 Fourier Transform Equation [14]


[image: A picture containing schematic

Description automatically generated]


Figure 7 Inverse Fourier Transform Equation [14]




Fa or digital system to process an analogue signal three steps must be followed. As Orfanidis  [15]comments:
1. Analogue signal is digitized meaning being sampled and each sample then quantized to a finite number of bits 
2. Digitized samples are processed by a digital signal processor
3. Resulting output samples may be converted back into an analogue form

As mentioned previously analogue signals are usually described in the domain of time, sampling is when the analogue is measured every T seconds. The sampling process as a whole can be considered a radical operation that can change the overall shape of the original signal. As a result, this sampling interval should be considered along with the general effect this sampling will have on the frequency spectrum, to help reduce unwanted frequency components to the signal [15]. Again, to help combat this unwanted feature the signal should be bandlimited where the frequency spectrum will comprise frequencies up to a given value (fMax). Corresponding with the band limit it is recommended that the sampling rate(fS)(Calculated using the formula below) should be at least double the value of fMax, resulting in the Nyquist rate which is expressed in the formula below. The Nyquist rate will also give values for the cut-off frequencies required for analogue pre and post-filters which are recommended to be used [15].

                                                                   
                                                                [15]

Aliasing is a phenomenon that occurs during sampling if a signal is not bandlimited. Ideally, all message signals would be all bandlimited, this is not the case in practice. Aliasing occurs during under sampling when large frequencies are mistaken for the lower frequencies of the actual signal, resulting in a misrepresentation of the original signal. Aliasing is shown visually in Figure 8 [16]. The use of the Nyquist rate will help reduce the occurrence of aliasing with sample rates just above the calculated rate is suggested. Another method to combat aliasing is the including of a low pass filter before sampling to help attenuated those large unwanted frequencies, this stage is known as an anti-aliasing filter [17].
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Simulation Models 




ASK


Bernoulli Binary Random data has been selected to transmit random binary bits per second so a fair test can be carried out. Carrier sine wave with an amplitude of 1, frequency of 5*2*PI(This is the format that Simulink uses) with a sample time of 0.02. These ranges have been set to allow for ease of visual analysis.
Additive White Guassin Noise is added to simulate the random noise that would be experienced with the physical transmission, the Signal to noise range will be adjusted during testing to get a wide range of results for better average performance. A lowpass filter is added into the demodulation stage to filter out the unwanted higher frequency noise generated from the AWGN. All models will have an error rate calculator and a display to illustrate the efficiency of the model
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PSK 

The PSK model is extremely similar in the set-up to the ASK but with one change and that is the addition of an extra sine wave in the modulation section. 
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QPSK 
 
Bernoulli Binary Random Generator is once again the starting block for the binary data. A de-serialiser is needed to convert the continuous stream of data from the BBRG into two-bit chunks. These chunks will then enter a demultiplexer that will separate the two-bit chucks and transmit them as single bits. A carrier wave is added to each of the separate bits that are being transmitted, these waves have an amplitude of 1 a frequency of 5Hz. The second of carrier wave will be phase-shifted 90 degrees.
	The demodulation begins with the signal be separated and multiplied by the carrier waves, each separate signal then passes through a lowpass filter shown in figure 1. The filter values have been set accordingly to accommodate the fact that the original signal frequency has doubled because of the multiplication of the carrier wave.
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Figure 11 QPSK Demodulation Filter


Results 
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Description automatically generated]ASK Figure 12 ASK Average bit Error Rate Graph
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Figure 14 ASK Identical Readings
Figure 13 ASK Waveform Comparison

· First failure (Error rate above 0.5)  0.6363 (-7dB)
· First error occurred at -2dB
· First Average failure (-65dB)
· First large failure reading 0.6364(-7dB)
· -68 and -95dB both produced 1 reading each with 0 errors
· -62 and -63dB produced 20 identical readings
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· First failure 0.5455 (-12dB)
· First error produced at -2dB
· First large failure reading 0.7237 (-40dB)
· System failed once via the average(-65dB)
· 0.1818 error rate still present up to -130dB
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Figure 17 QPSK Average bit Error Graph



· First failure 0.5185 (-16dB)
· First average failure -60dB
· First large failure reading 0.7037(-45dB)
· 0.2593(-105dB) lowest error reading at larger frequencies 
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Description automatically generated]Figure 19 Comparative Graph of All Techniques
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Description automatically generated]Figure 19 Comparative Graph at Failure Point












Discussion 

It was decided because of the two different random factors in the experiment with the Binary generator and the white noise, that 20 readings per dB level would provide a fair amount of fairness for the experiment with an average being calculated, any average over 0.5 would be considered a system failure. All models performed flawlessly with a noise level above 0 dB(see appendix for all result readings from testing), when noise levels reached the negative dB range is the first time errors started to appear during transmission. The ASK model was sceptical to be affected most by the noise with the first failure being registered at -7dB with quite a large error rate of 0.6363 considering only 11 samples were being taken from the signal. A failure rate was then seen at least at every different level of noise, overall system failure first occurred at -62dB followed by a consecutive failure at -63dB. The system would continue to be tested up to -150dB with various frequency steps in-between. The system failed in a total of five times are ranges, -62dB,-63dB,-65dB,-70dB and finally -100d. Apart from the back to back failures at -62 and -63dB the ASK never consistently failed with the overall value fluctuating from 0.38 to 0.49. From the readings taken there seems to be real randomness in the error rates with even 0 errors present at -95dB. This randomness did stop at -60 and -61dB when both frequencies produce identical results see Figure 14, both frequencies were run again and did produce different values than what was first recorded. A graph of the average values was plotted and can be seen in Figure 13.
	PSK was evidently a more effective system which can be seen on the PSK graph in Figure 13 with the overall shape of the graph. The first failure record was at a slightly higher frequency than the ASK with a reading of 0.5455 at -12dB, again PSK started to develop failures at every frequency following the first. Again, the system was tested up to -150dB with the first overall system failure being recorded at -65dB which is a similar range to the first failure of the ASK. However, unlike the ASK the PSK never registered another overall system failure during testing with the closest to failure being 0.48181 at -70dB, the system was continually around 0.42 to 0.46, results can be found in Appendices.  Relatively lower error rates were still present at the -130dB range.
	QPSK because of its nature to transmit more bits per pulse required a higher sample rate because of the higher bit transfer rate [8] . First errors appeared at -16dB which is the highest of the three but in a similar range of noise, unlike ASK and PSK QPSK didn’t have at least 1 failure in increasing frequencies. Overall system failure first occurred at -60dB, after this first failure the system was consistently failing up until the last frequency tested. The reason for this is more than likely the large number of bits that QPSK is able to transmit resulting in a higher sampling rate which would detect errors more frequent.
	What was noticed is that all three techniques first failed around the same frequency range around -60dB but every system failed at -65dB and that is the only frequency in which failure was common between them. This can be seen in Figure 19. To create a truly fair test sample rates should have been consistent between the different models to generate a better representation of the overall performance of each.


Conclusion 

This task has illustrated how different digital modulation techniques operate and how they can be used to transmit data from a receiver to a transmitter. It has demonstrated the strengths and weaknesses of each and how each should be considered depending on the desired application. As well as the functionality, the effect of noise has been highlighted and shown how important this to circuit design. 
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Appendices 

1. ASK Data
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2. PSK Data
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3 QPSK Data
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