Digital Communications Foundation Theory

What is a communication system?

When trying to answer a question such as this, it is always useful to consider a block diagram. This provides a ‘high level’ visualisation of a system that will apply to most scenarios. Consider the diagram in figure 01 below;
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Figure 01



Communications engineering is concerned with the transmission and reception of signals. It spans many types of device however the system above applies to all of the different devices. Examples of systems;

· Wireless networks (data and control)
· Cabled networks (e.g. Ethernet)
· Cellular networks (mobile phones)
· VHF Radio
· Serial links (USB, RS232, RS422 etc)
· Microwave Links
· Satellite Communication
· GPS (Global positioning system)
· Digital and terrestrial television

All of these systems involve getting something from one location to another, usually data or information of in the form of signals. All use the system architecture depicted in figure 01. 

A signal is an electrical voltage or current that varies with time. It is used to carry a message in the form of words or coded symbols and the amount of information it contains is of great importance in communications. In fact there is a whole area of theory dedicated to information content called ‘information theory’. The latter is a subject area in its own rite, however we will study some of it at level 5.

Source

The source initiates the transfer of signals and thus information. It generates the message signal which is processed at the transmitter. The source could be a wide range of things (satellite, mobile phone, computer, laptop etc). The type of equipment at the source often dictates what the design parameters of the transmitter will be (the channel or line must also be considered in transmitter design).

In practice, it is more convenient to handle information by converting it into a signal. The signal can then be transmitted over a communication system to the receiving end.

Transmitter

The transmitter is responsible for converting the signal into a form suitable for the line or channel (more on this later). These days the transmitter is usually an electronic device and is digital in nature. However there is no reason why a transmitter cannot be mechanical, electro-mechanical, pneumatic or even hydraulic in nature – it really depends on the nature of the information exchange.

Its design and form depend on;

· type of source information
· signal
· channel characteristics
· communications distance

Usually the transmitter will employ a process called modulation which is where one signal is applied to another in order to adapt the result to the channel. We will discuss modulation in more detail later on.


Line/Channel

The signal/s travel through the channel medium. The channel is also subjected to unwanted effects – such as the presence of noise. Noise adversely affects the signal. The channel also possesses some other undesirable properties/effects;

· Attenuation
· Delay
· Interference (noise is one type)

The above terms will be defined in a separate section.

The channel may take the form of a physical cable as in the case of the standard cabled Ethernet network. It could also be a vacuum as in the case of satellite transmission form space (later air as it hits the earth’s atmosphere). Wireless networks have the air as the channel medium, as does VHF radio and cellular networks.





Receiver

The receiver does the opposite to the transmitter i.e. it detects a signal and converts it back into information content. A term that is used to describe the conversion process is de-modulation i.e. the opposite of modulation. The design of the receiver is dependent on;

· Transmitter design
· Signal properties/type
· Channel characteristics 

One term often associated with the design of receivers is sensitivity. This refers to the receiver’s ability to differentiate the signal intended for it from a series of other unwanted signals and noise. It is often desirable to have a large degree of sensitivity in order to be able to detect highly attenuated signals.

Typically in wireless networks the signal will degenerate by 100dB (decibels) after travelling 20 meters from the access point i.e. the signal will be 1 billionth of its original magnitude!!!. The receiver has to detect, demodulate and decode this signal!!

Note that the decibel measure is used for signal power and something called signal to power ratio. It is logarithmic in nature which means it is easier to represent either very large or very small signals.

Sink

The sink receives the signal generated by the source. The sink will usually contain processing systems that can do something meaningful with the resultant signal. In the case of satellite television it will be a processing engine that can display an image and play accompanying sound in sync with the image. On a computer network both sink and source could be a workstation/PC.

Types of Signal

There are two main types of signal;

· Analogue
· Digital

The analogue signal varies continuously with time. An example of an analogue signal is a sine wave (or a cosine wave) which is shown in figure 02 below;
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Figure 02
The digital signal does not vary continuously with time. It is discontinuous, sometimes referred to as discrete. A digital signal therefore tends to consist of pulses of various widths and magnitudes. A square wave is a digital signal. An example of a digital signal is shown below in figure 03;
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Figure 03

Signals can also take on one of two forms;

· Unipolar
· Bipolar

These terms relate to how the signal orientates around the time access. This ultimately affects how the amplitude voltage changes between positive and negative swings. Figure 04 shows the difference between the two forms of signal;
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Figure 04

Note that the bipolar signal swings from a positive voltage to a negative voltage and visa-versa. The signal in this case is symmetrical about the time access however it is possible to bias the signal more positive or alternatively more negative, if required. Similarly in this case the unipolar signal is wholly positive starting from 0V however it can start from an elevated voltage (e.g. 1V) and can also be wholly negative in polarity.


Important features of a signal waveform.

In order to quantify a signal waveform there are certain parameters that can be observed, defined and measured. These parameters will be explored next, initially looking an analogue signal (figure 05) then following will be an analysis of a digital signal (figure 06).
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Figure 05 important features of an analogue waveform

The magnitude in this case voltage is represented on the y (vertical axis). The duration of the signal is represented on the x (horizontal axis)

A = Amplitude. 	This is the total magnitude of the signal which here goes from a minus value to a plus value i.e. it is the measure from a trough to a peak.

T = Period	This is the time taken for the signal wave to complete one full cycle.

It is generally accepted that the standard measure of a signal waveforms activity is its frequency of oscillation i.e. how many cycles per second it goes through. The frequency of a signal is defined as the number of cycles that the waveform repeats in 1 second. i.e. the number periods (or quantity ‘T’) per second. Therefore to calculate frequency f;



In other words if the time taken for T is very small, the frequency will naturally be very high (many T’s divide into ‘1’) and visa-versa. The unit of frequency is the Hz (Hertz). 1 Hz = 1 cycle per second.
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Figure 06 important features of a digital waveform


A = Amplitude. 	This is the total magnitude of the signal which here goes from a minus value to a plus value i.e. it is the measure from a trough to a peak.

Tb = Bit period	This must not be confused with the waveform period as a bit period is only half of the total (full cycle) period. The bit period id the time taken for one bit to complete. The waveform period ‘T’ (full cycle) is;

					T=2Tb

	Therefore the signal waveform frequency fd is;

							











































The Channel – More detail
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Attenuation
Attenuation is a general term that refers to any reduction in the strength of a signal. Attenuation occurs with any type of signal, whether digital or analogue. Sometimes called loss, attenuation is a natural consequence of signal transmission over long distances. Attenuation manifests itself as a reduction in signal amplitude. The extent of attenuation is usually expressed in units called decibels (dBs).
If Ps is the signal power at the transmitting end (source) of a communications circuit and Pd is the signal power at the receiving end (destination), then Ps > Pd. The power attenuation Ap in decibels is given by the formula:
Ap = 10 log10(Ps/Pd)
Attenuation can also be expressed in terms of voltage. If Av is the voltage attenuation in decibels, Vs is the source signal voltage, and Vd is the destination signal voltage, then:
Av = 20 log10(Vs/Vd)
In conventional and fibre optic cables, attenuation is specified in terms of the number of decibels per foot, 1,000 feet, kilometer, or mile. The less the attenuation per unit distance, the more efficient the cable. When it is necessary to transmit signals over long distances via cable, one or more repeaters can be inserted along the length of the cable. The repeaters boost the signal strength to overcome attenuation. This greatly increases the maximum attainable range of communication.
Delay

All channels possess delay. Obviously it is not possible for a signal to pass instantly from a source to destination (sink). There must be a degree of elapsed time. Even in fibre optic systems there is some kind of delay imposed on the light signal. This would be imperceptibly small to us however it could have more significant impact on an electronic communications link. Delay is a function of;

· The degree of spatial separation between the transmitter and receiver.
· The propagation speed of the signal in the channel.
· Whether there is line of sight between transmitter and receiver.

The latter function – line of sight - is of particular interest in cellular networks and mobile communication. If line of sight between a base station antenna and receiver can be established, this is usually the shortest path between the two devices, and hence the fastest signal route. However there are often several paths available to the signal. This is caused by signals reflecting off land masses, architectural structures etc. This results in something known as multi-path propagation and can be a source of interference, because each signal replica will arrive at the receiver at different times (caused by the slightly differing routes the signal may take). This results in a measure known as delay spread, which ranges between the fastest and slowest signal delay.
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In mobile systems, the effect is known as;

· Fading or multipath fading

The effect manifests itself as two forms of noise;

· Rayleigh Noise
· Rician Noise

Rayleigh noise predominates when there is no line of sight present. The converse is true of the latter Rician noise.



Jitter

Jitter is the variation in time between packets or pulses arriving at a destination. It is usually associated with digital signals. In simple terms it could be thought of as a ‘shakey’ pulse. The deviation can be in terms of amplitude, phase deviation, pulse width or pulse position. Formally “the period frequency displacement of the signal from its ideal location”.

Typical sources of jitter are electromagnetic interference (EMI) and crosstalk with other signals. Visual examples would be

· the flickering of an analogue monitor
· clicks on an audio channel
· distorted speech gaps in speech on a VoIP link

Jitter is sometimes helped by the use of some type of quality of service (Qos) measure. E.g. Voip systems sometimes implement a jitter buffer in order to standardise the delay times of packets. However the delay buffer must not introduce magnitudes of delay that would be noticeable to the participants of a conversation.

In cases where the jitter is caused by the tolerances of electronic components, higher specification components can help. Where crosstalk is cause appropriately shielded cables can be used or alternatively adequate spatial separation of the signals concerns.



Interference/Noise

All channels are subjected to some form of unwanted interference that we usually categorise as noise. Typically this noise signal can be divided into two general forms which are

· Deterministic
· Random

Deterministic

Deterministic means that there is some degree of prediction possible about the behaviour of the signal. The deterministic noise form is then by its nature predictable and can thus be modelled accurately with a view to reduction or eradication of the effects on a given message signal.

A good example of a deterministic noise signal is ‘mains hum’ (induced from standard single phase power supplies) which appears as a 50Hz sinusoid, super imposed on the signal. It usually occurs as result of poor earthing installations.

Random

This is the most common form of noise but because it is random and not deterministic in nature it cannot be easily modelled or therefore predicted. For this reason random noise is analysed by using statistical methods such as probability theory.

Some sources of thermal noise would include the thermal excitement of electrons in semi-conductor junctions and also electromagnetic radiation.

Random noise is theoretically composed of an infinite number of frequencies and each frequency can have the same power contribution. Therefore the noise in can have infinite power.

As already mentioned random noise is measured and described in statistical terms. So it is characterised by:

· A probability density function (more on this later)
· Its spectrum

Basically this means that we can only give an expectation of its future effect based on past behaviour in a system. This is known as a causal relationship. We can measure:

· Average power
· Frequency bandwidth

In practice the noise will be band limited by circuitry and/or channel characteristics. The method for calculating average power is the same as for a continuous signal i.e. Root Mean Square (RMS).

White Noise

This is random noise having equal power density at all frequencies. For true white noise the spectrum is infinite however the physical system will impose bandwidth restrictions.

A good model for noise is provided by the Gaussian or normal distribution. A plot of noise frequency of occurrence against amplitude for many instantaneous values of the noise gives a frequency spectrogram as below
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The mean and standard deviation (variation from the mean) also qualify for samples. When the number of samples approaches infinity then the curve becomes continuous, described by the probability density function. This curve can be normalised and plotted in terms of probability of occurrence against standard units of deviation. Basically this means that the area under the curve between two chosen points represents the probability of occurrence of noise between those points. This is known as the probability density function and is derived from the above distribution. Suggested reading Stroud Engineering Mathematics – programmes 27 and 28. The probability density function is shown below:
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The p.d.f. gives the probability that the noise falls within a certain range however we have to have a huge number of samples in order for this relationship to work. Most noise has the Gaussian or normal distribution for which the p.d.f. is:


Phase Distortion

Phase distortion causes the phase property of a transmitted signal to change, usually in a non linear manner. This can result in the general reduction of quality of the signal and at worst result in loss of data. This is especially true where phase is being used as the modulation method.

Phase distortion can be introduced by some non linearity of the channel and more commonly by the actual components of the circuitry used in transmitters, receivers and amplifiers. It is usually the result of some reactive method such as capacitive reactance or inductive reactance.

There are many sources of phase distortion and it is a subject in its own rite, however at this stage it is sufficient that to be aware that it exists as a potential source of general signal distortion. Phase distortion is also realted to frequency distortion and visa-versa.

Modulation

Modulation is a process where one signal is superimposed on another signal. This is done in order to transport a message through a channel that would otherwise block the message. Another reason for modulation is to transport a message through a specific channel or frequency range.

Think of radio broadcasts – if each program did not have a dedicated frequency channel (or band), all the channels would end up being mixed and no coherent information would be able to be recovered. This means that when you tune in to listen to your favourite radio channel you are setting up the receiver in the radio to listen only to that frequency channel or band. It is the transmitters role to modulate the message to that same band when sending the message.

A good way to visualise modulation is to discuss digital data. Digital signals have a DC component. This prevents them from being transmitted across the airwaves because the atmosphere blocks DC signals. If a cable were used to transmit the digital data it would reach the receiver successfully because conductors do not block a DC component. This blocking of DC occurs because the environment around us is analogue i.e. constantly changing with time. However a digital signal by its very nature does not change continuously – it is discrete, taking on one of two distinct levels. A one level or a zero level. In order to transmit the discrete signal over an analogue channel it must be modulated or ‘carried’ by an analogue signal. In this case the process is shift keying (the name shift keying is derived from the old days of telegraphy and sending Morse code signals). In its simplest form an analogue carrier wave such as a sine wave is ‘mixed’ with the digital signal. The simplest form of this procedure is to have the sine wave on when sending a digital 1 and off when sending a digital zero. However in practice this scheme would not be used because it is bad practice to have a zero level in the presence of noise. The scheme is depicted below;
[image: ask]
Mathematically this may be represented by the following;




The sine wave is called the ‘CARRIER’. There are two other parameters of the sine wave or carrier that can be changed with respect to the message;

· Frequency
· Phase







The latter two are harder to visualise but the figures below depict the schemes;

[image: fsk]
Frequency shift keying mathematically is represented by the equation below;
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Phase shift keying mathematically is represented by the equation below;




All the above schemes are binary shift keying schemes because they utilise only two different levels of change in the carrier in order to represent the digital message;

· Binary amplitude shift keying – one amplitude for a one 1 and another for a zero.
· Binary frequency shift keying – one frequency for a one 1 and another for a zero.
· Binary phase shift keying – one phase for a one 1 and another for a zero.

It should however be noted that more than one level can be used which leads to a much more efficient way of transmitting ‘bits’ of information. This field of communication theory is called multilevel signalling and this will be studied in much more detail next year. An example of an multilevel signalling scheme is something called QPSK (Quadrature Phase Shift Keying). This scheme uses four levels or in this case four phases which means that for every level change 2 bits of data (binit) is actually transmitted. i.e. 2n (n=number of bits) = the number of levels m;

22 = 4 levels

A constellation diagram is used to show this effect;
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The above covers the background meaning of the term modulation and describes what happens at a transmitter (message multiplied by a carrier signal such as a sine wave), however what about at the receiver? At the receiver a replica of the carrier must again be multiplied by the incoming signal. This replica of the carrier must be identical in terms of timing and thus phase. The detail behind the maths of this process will be explored next year however the following outlines the general procedure;

· Carrier replica multiplied with message
· This produces the original message plus a component at twice the frequency
· The message is now at half its amplitude as a consequence of the maths
· Filter out message
· Compare with threshold to generate original digital signal

The fact that the maths creates a component at twice the original frequency makes it easier to filter out the message (more space to allow gentler filter slope – cheaper and more realisable filter design). The resulting output from the filter will not be a clean square wave it will need to go through a regeneration/ threshold circuit before a signal that resembles an accurate square wave is obtained.

The above type of modulation is known as COHERENT modulation, because a replica of the carrier exists at the receiver. Conversely NON-COHERENT modulation is possible and desirable because it saves the expense of either recreating the carrier or indeed having to transmit it. In a non coherent scheme, usually the incoming signal is compared to a delayed version of itself. Such schemes are often know as differential modulation schemes;

· Coherent modulation ------------------	carrier present at receiver
· Non-coherent modulation ------------	carrier not present at receiver
1
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