Digital Communication Methods
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The block diagram above represents a typical a typical digital communications system.

The Source Encoder performs such functions as variable length encoding of the digital message where required, which is concerned with the reduction of code word length for characters having a relatively high probability of transmission such as the vowel ‘e’. This technique is sometimes referred to as data compression and is based for example on the works of Fano and Huffman.

The Channel Encoder is concerned with the generation of error detection and correction codes.

The Modulator produces the signal waveforms that make the encoded messages suitable for transmission through the communications channel which involves for example, the generation of unipolar, bipolar, RZ and NRZ signal waveforms, and in many cases, the generation of A.S.K, F.S.K and P.S.K signal waveforms. The keyed waveforms referred to above could for instance be generated by a modem.

The functions of demodulation (possibly including a modem), channel and source decoding are performed by the receiver. Should the source and destination messages be in analogue form, then analogue to digital and digital to analogue converters are necessary as shown above

The Channel may be characterised by;

· Bandwidth

· Noise

· Attenuation

· Delay

A communications system may be digital either by the nature of the information (also known as data) which is passed into it, or in the nature of the signals which are transmitted. If either of these is digital then for our purposes it is considered to be a digital communications system. There are four possible combinations of data and signal types: 

1. Analogue data, analogue signal; (AM, FM, PM)
2. Digital data, analogue signal; (Shift Keying ASK, FSK, PSK)
3. Analogue data, digital signal; (Sampling and Decoding)
4. Digital data, digital signal. (Pulse Code Modulation PCM and Parity Checks)
The first case has been discussed in the handouts on analogue modulation. In this handout, we discuss the remaining three combinations. 

Digital Data with Analogue Signals
This method is used to send computer information over transmission channels that require analogue signals, like a fibre optic networks, computer modems, cellular phone networks, and satellite systems. In each of these systems, an electromagnetic carrier wave is used to carry the information over great distances and connect digital information users at remote locations. The digital data is used to modulate one or more of the parameters of the carrier wave, This basic process is given the name "shift-keying" to differentiate it from the purely analogue systems like AM and FM. As with analogue modulation, there are three parameters of the carrier wave to vary and therefore three basic types of shift keying: 

1. Amplitude Shift Keying (ASK) 

2. Frequency Shift Keying (FSK), and 

3. Phase Shift Keying (PSK).
These modulation techniques can be further categorised as COHERENT or NON-COHERENT. The former requires a carrier replica at the receiver for de-modulation whilst the latter does not.
ASK

In amplitude shift keying, the carrier wave amplitude is changed between discrete levels (usually two) in accordance with the digital data. A typical ASK signal might look like the illustration in Figure 2a below: 
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Figure 2. BASK signal.

The digital data to be transmitted is the binary number 00110100010. Two amplitudes are used to directly represent the data, either 0 or 1. In this case, the modulation is called binary amplitude shift keying or BASK. The signal is divided into eleven pulses of equal duration which represent the bits in the digital data. When transmitting ASCII characters the number of bits used for each character is a function of the system, but is typically eight, seven of which would represent the 128 possible characters, the last bit is used to check for errors, and is explained at the end of this handout. 
The resulting signal is;
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ASK is susceptible to sudden gain changes and is a rather inefficient modulation technique. On voice grade lines it is typically only used up to 1200bps.

The ASK technique is used to transmit digital data over optical fibre. For LED transmitters the preceding equation is valid. That is one signal element is represented by a light pulse while the other element is represented by the absence of light. Laser transmitters normally have fixed “bias” current that causes the devise to emit a low light level. This low level represents one signal element, while a higher amplitude light wave represents another.
FSK

In frequency shift keying, the carrier frequency is changed between discrete values. If only two frequencies are used then this will be called BFSK, for binary frequency shift keying. In figure 2b, the same data is represented, 00110100010. 
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Figure 2b. BFSK signal.
The FSK signal mathematically is;
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Where f1 and f2 are typically offset from the carrier frequency fc by an equal but opposite amount.
Figure 3 shows an example of the use of FSK for full-duplex operation over a voice grade line. The figure is a specification for the Bell System 108 series modems. Recall that a voice grade line will pas frequencies in the range 300 to 3400 Hz, and that full duplex means that signals are transmitted in both directions at the same time. To achieve full duplex this bandwidth is split. In one direction (transmit or receive), the frequencies used to represent 1 and 0 are centred on 1170 Hz, with a shift of 100Hz on either side. The effect of alternating between those two frequencies is to produce a signal whose spectrum is indicated as the shaded area on the left in figure 3. Similarly for the other direction the modem uses frequencies shifted 100Hz to each side of a centre frequency of 2125 Hz. This signal is indicated by the shaded area on the right in figure 3. Note that there is little overlap and thus little interference.

FSK is less susceptible to error that ASK. On voice grade lines, it is typically used up to 1200 bps. It is also commonly used for high-frequency (3 – 300 MHz) radio transmission. It can be used at even higher frequencies on local area networks that use coax cable.
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PSK

The phase of the carrier wave at the beginning of the pulse is changed between discrete values. This particular case (figure 2c) is the same code shown above but in BPSK. 
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Figure 2c. BPSK signal.
BPSK (Binary Phase Shift Keying) Functional block diagram;
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BPSK signal = 
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At ‘C’
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The receiver is interested in the d.c. component of 
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At ‘D’
Signal is 
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Sampling followed by regeneration is performed on the signal at ‘D’ and then comparison with a reference voltage of Vref is then made. If Vref was made equal to 0 Volts then +A Volts is interpreted as a logic ‘1’ and –A Volts is interpreted as a logic ‘0’.

Demodulation/detection at the receiver requires a carrier component which is provided either by including a local oscillator at the receiver or adding an additional cable core to the cable connecting the receiver to the transmitter. This particular demodulation technique is described as COHERENT because a carrier signal is required at the receiver.
DBSK (Differential Binary Phase Shift Keying) Differential Phase Shift Keying

Using this technique, the signal is first differential encoded before combination with a carrier for transmitting. The process of differential encoding is described below.
Differential Encoding
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Initially let ‘x’ be 1 and d(t) be B4HEX
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Example
Provide the waveforms in bipolar NRZ format for;

a)
a(t)

b)
a(t-T)

c)
a(t) XNOR a(t-T)





Waveform at C) yields the original sequence of B4HEX Thus the signal has been successfully encoded and de-coded.
The following diagram represents a typical D.P.S.K system;

Data input signal
= v(t), data representation is ‘1’ or ‘0’
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Signal at C

=
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But CosA.CosB = 
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  and  ‘fco’ for LPF 
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Hence Signal at C
=
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And at D

=
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With 
[image: image29.wmf]2

2

2

V

A

 adjusted (say) to unity, signal at D is simply     =
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Which is maximum when 
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Therefore bandwidth utilisation depends on 
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The XNOR product of 
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yields the original data (see earlier example with waveform diagrams) after sampling and regeneration.

BPSK / DPSK Comparison
In comparison with the BPSK modulation technique, DPSK (phase shift occurs every 2 bits),

1)
Does not employ a coherent demodulation technique so a carrier component is neither transmitted nor generated at the receiver and the detection technique is sometimes called non-coherent. As a result, the transmitter and receiver are less costly.

2)
The single digit error probability Pe (often called the bit error rate BER) is; 
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because 2 consecutive bits have to be checked at the receiver before a decision can be made concerning its binary value.

3)
Bandwidth utilisation


Example fc = 500kHz and Tb = 1µs, Tc = 2µs


Tb/Tc = 0.5 so the number of data bits / cycle of bandwidth = 2

For BPSK in this case the bandwidth utilisation would also be 2 bits / cycle but this can be adjusted with DPSK by adjusting Tb/Tc.

The digital modulation techniques described to date and others enable digital baseband signals to be transmitted through AC comms channels (such as those associated with a PSTN WAN).

These techniques form part of devices called modems which interface the digital baseband signals to the network where they are known as DCE’s. The modem also converts the AC signals from the network to digital form for the DTE. The arrangement is shown diagrammatically below where the digital point to point links are governed by comms standards such as RS232 and RS422.
Note that modem is made up of two words ‘modulation’ and ‘demodulation’.


DTE – Data Terminal equipment
WAN – Wide Area Network

PSTN – Public Switched Telephone Network

DCE – Data Comms Equipment

Frequency spectrum for the (AC) PSTN


For Digital Baseband;

‘0’ represents a Dc component and cannot go through the telephone channel as it has no frequency component. The PSTN starts off at 300Hz and ends at 3.4kHz.
M-ary Frequency/Phase Keying

In binary shift keying, there were only two choices for the parameter of the carrier wave which was varied in accordance with the digital data. In BASK, there are two possibilities for amplitude, which corresponded to zero and one. Likewise for BFSK and BPSK. This matches nicely with the binary number system, which also uses two possibilities for each bit, 0 and 1. It is possible to increase the data transfer rate by putting more choices into each bit. As and example, 4-ary (or Quaternary PSK) uses four different phases: 0, 90, 180, and 270 degrees. This gives four possible values at each pulse, corresponding to two independent streams (channels) of data. Likewise, 16-ary FSK can send four channels of data at the same time. 
Bandwidth Utilisation  ---- Multi-Level Signalling

Consider 
0
0
0
1
1
0
1
1







This gives 4 x data transmission of two level signalling which can only support 1 bit / level.



Signalling / Transmission rate

Is measured by a unit called the baud, where a baud (Bd) is data transmitted at a rate of 1 pulse (signalling element).

A level in this context is a single measurable electrical signal that represents groups of one or more data bits. E.g. digital baseband voltage levels which is illustrated above ASK voltage levels, FSK frequencies, and PSK phases.

Let number of levels (symbols) = N

Let number of bits / level = M

Therefore N = 2M
Level output rate is ‘S’ = 
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Consider QPSK

And a data rate of 2400 b/s at the input;

N = 2M  =  22  =  4 levels (phase shifts)
Phase shift  =  360/N  = 90°  = π/2 radians

M in this case is 2 bits (ie dibits)

S  =  D/2  =  2400/2  = 1200 levels /sec  =  1200 dibits /sec.

Also each phase shift is accompanied by a corresponding frequency shift 
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Frequency spectrum of QPSK assuming a centre frequency of 1800Hz

From above 300Hz frequency shift corresponds to 90° phase shift;



Block diagram of QPSK / data only



The digital baseband signal is grouped into dibits by the phase encoder and the encoder output is used to modulate an 1800 Hz carrier signal. The modulator used is of the ‘balanced’ type and this suppresses the carrier but transmits the upper and lower side frequencies . The band pass filter removes (rejects) all frequency components > 2400Hz and < 1200Hz. The line driver improves the power capability before transmission via the AC communications channels of the PSTN.
Amplitude-Phase Keying

This process uses combinations of amplitude and phase keying. For example, if we use two levels of amplitude and two levels of phase together, there will be a total of four possibilities. This is used to transmit two independent channels of digital data simultaneously. This particular case is called Quadrature AM or Quaternary PSK. They are identical, although it may not be obvious at this level. Because of the equivalence, the basic process is called amplitude-phase keying. This process may be extended to higher numbers of possibilities. The completely general term is M-ary APK, which is not specific about which parameter has which number of possibilities. 16-APK may have 2 amplitudes and 8 phases or 4 each, it matters little. The upshot is that the number of separate channels that can be sent simultaneously is increased. If M designates the number of possible combinations, from the M-ary APK system, then the number of channels of digital data that may be transmitted simultaneously is given by 

N = Log2M.

Capacity

All of these methods which utilize a sequence of equally spaced pulses to modulate a carrier wave have similar bandwidths. The bandwidth determined by the duration of each pulse, designated as d. It is a general result, that the minimum bandwidth required to create this pulse , W, is given by 
W 1/(2d)

Given a specific bandwidth limitation, the rate at which data can be transferred can be determined. If the bandwidth is W (in Hz), and the modulation type is M-ary, the rate at which data can be transferred, given in bits per second (also known as the baud rate), R, is given by: 

R = W Log2 M

It would now appear that the free lunch principle (i.e. there is none) has been violated. Given the same bandwidth, which is determined by the pulse duration, the data rate may be extended by using a higher M-ary modulation type. As you may suspect, this will not succeed indefinitely. Ultimately, increasing the bit content of each pulse has the effect of lowering the signal-to-noise ratio. A way to illustrate this is to consider M-ary FSK. Starting with BFSK, the bandwidth limits the difference between the two frequencies. If the same interval is further subdivided to make 16-ary FSK, the difference between any two adjacent frequencies has been reduced by 1/16 making it more difficult to tell them apart (especially in the presence of noise). This is quantified as a reduction in the signal-to-noise ratio. This is also true for all other M-ary systems. Continued operation of a system with low SNR will lead to an increase in the error rate 

Clearly, the data rate cannot be increased indefinitely without affecting performance. This result is expressed in the Hartley-Shannon law for the capacity: 

C = R Log (1 + S/N)

where: 

C = capacity in bits per second (bps) 
S/N = signal-to-noise ratio (depends of modulation type and noise). 

Example:  

High definition television (HDTV) will still use the 6 MHz channel used for broadcast TV. Using 16-QAM and S/N of 6.0 , they can send 6 x 4 x Log (7) = 20.3 Mbps of digital data into the same 6 MHz band. 

Probability of Error as SNR increases
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The graphical representation of Pe versus SNR shows the importance of transmission technique on performance.
It is standard procedure to use a typical Pe of 10-5 as a reference and find the decibel difference in signal energy between systems. An improvement (for example) of around +2dB is required for Coherent FSK to perform as well as BPSK. The increase in signal energy of 2DB can be extremely costly for large systems.
The techniques referred to here are not particularly efficient in terms of bandwidth utilisation, and more sophisticated techniques such as QPSK should be considered for this purpose.

Minimum Shift Keying (MSK)

This is a technique used to find the minimum signal bandwidth for a particular method (usually FSK). In BFSK, is the two frequencies are not chosen to be far enough apart, then it will become impossible to discriminate the two levels. The condition for the difference in frequencies, fMSK, such that the two levels can be determined accurately is 

fMSK = 1/(4d)

where d is the pulse duration as previously discussed. MSK is considered to be the most efficient way to use a given bandwidth. It maximizes the reliability (which is related to S/N) within a given bandwidth. 

Analog Data with Digital Signals
A digital signal can be transmitted over a dedicated connection between two or more users. In order to transmit analogue data, it must first be converted into a digital form. This process is called sampling, or encoding. Sampling involves two steps: 

1. Take measurements at regular sampling intervals , and 

2. Convert the value of the measurement into binary code. 

Sampling

The amplitude of a signal is measured at regular intervals. The interval is designated as s, and is called the sample interval. The sample interval must be chosen to be short enough that the signal does not change greatly between measurements. The sampling rate, which is the inverse of the sample interval should be greater than twice the highest frequency component of the signal which is being sampled. This sample rate is known as the Nyquist frequency. If you sample at a lower rate, you run the risk of missing some information, known as aliasing. 
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Figure 5. 
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Ideally the sampling pulse should be infinitely narrow and 
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where fmax is the highest frequency component of the message.
Encoding

Once the samples are obtained, they must be encoded into binary. For a given number of bits, each sample may take on only a finite number of values. This limits the resolution of the sample. If more bits are used for each sample, then a higher degree of resolution is obtained. For example, if the sampling is 8-bit, each sample may only take on 256 different values. 16-bit sampling would give 65,536 unique values for the signal in each sample interval. Higher bit sampling requires more storage for data and requires more bandwidth to transmit. 

Example: Compact disk.  

Audio compact disk stores analogue information (music) as a digital signal. The amplitude of the music is sampled at a high rate, about 41,000 samples/sec. The highest frequency component in any audio signal is 20 kHz. Therefore the Nyquist rate is 40 kHz, which explains the reason for a sampling rate of 41,000 samples/sec. Each sample is given a binary representation using 16 -bits, which gives over 65,000 possible values for the sample amplitude at any one time. The signal can take on value from 1 to 65,000 in arbitrary units (usually voltage). Power, which is voltage squared can range from 1 to 4.3 x 109 units. This variation in power is called the dynamic range and is expressed in decibels. If we convert 4.3 x 109 into decibels, the dynamic range is 96 dB.
Strictly speaking the whole process of turning an analogue data into a binary format is more accurately known as digitization.
Once the analogue data has been converted to digital data, a number of things can happen. The three most common are as follows;

1. The digital data can be transmitted using NRZ-L (Non Return to Zero Level) line codes. In this case we have in fact gone directly from an analogue data to a digital signal.

2. The digital data can be encoded as a digital signal using a code other than NRZ-L. thus an extra step would be required.

3. The digital data can be converted back into an analogue signal, using one of the keying modulation techniques discussed earlier.
The last, seemingly curious, procedure is illustrated in the diagram below, which sows voice data that are digitised and then converted into analogue ASK signal. This allows digital transmission over media that supports analogue transmission. This means that voice data, because they have been digitised can be treated as digital data, even though the transmission requirements (e.g. use of microwave) dictate that an analogue signal be used.
[image: image47.png]_’L‘ Hl:l*)_} VT

Analog data Digital data Analog data
(voice) (NRZ-L) (ASK)

Digitizing Analog Data




The device used for converting analogue data into digital form for transmission, and subsequently recovering the original analogue data from the digital, is known as a CODEC (Coder – Decoder). A principle technique used in Codecs is Pulse Code Modulation (PCM)
PCM (Pulse Code Modulation)

Pulse code modulation is based on the sampling theorem which states the following:
If a signal f(t) is sampled at regular intervals of time and at a rate higher than twice the highest frequency, then the samples contain all the information of the original signal. The function f(t) may be reconstructed from these samples by the use of a low pass filter.
If voice data are limited to 4000 Hz, a conservative procedure for intelligibility, 8000 samples per second would be sufficient to characterise the voice signal completely. Note however that these are analogue samples, called Pulse Amplitude Modulation (PAM) samples. To convert to digital, each of these analogue samples must be assigned a binary code. The following diagram shows an example in which each sample is being “quantized” into one of 16 different levels. Each sample can be represented by 4 bits. But because the samples are approximations, it is impossible to recover the original signal exactly. By using an 8 bit sample, which allows 256 levels, the quality of the recovered voice signal is comparable with that achieved via analogue transmission. Note that this implies a data rate of 8000 samples per second x 8 bits per sample = 64kbps is needed for a single voice signal. The process is illustrated below;
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Thus PCM starts with a continuous time, continuous amplitude (analogue) signal, from which a digital signal is produced. The digital signal consists of blocks of n bits, where each n-bit number represents the amplitude of a PCM pulse. On reception, the process is reversed to produce the analogue signal. Notice, however that this process violates the terms of the sampling theorem. By quantizing the PAM pulse, the original signal is now only approximated and cannot be recovered exactly. This effect is known as quantizing error or quantizing noise. The signal to noise ration for quantizing noise can be expressed as
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Thus each additional bit used for quantizing increases the SNR by about 6dB, which is a factor of 4.
So the conversion of the signal to a PCM signal involves the processes of;

· Sampling

· Quantization

· Coding

It must be pointed out that analogue signals can be converted to digital form by various forms of pulse modulation techniques which include PAM (Pulse Amplitude Modulation), PPM (Pulse Position Modulation), PWM (Pulse Width Modulation), Delta modulation and PCM (Pulse Code Modulation). The most frequently used of these techniques is PCM. The other techniques are shown below;


PAM
Amplitude of pulses proportional to amplitude of modulation.
PWM
Amplitude constant width of pulse proportional to amplitude of modulation.

PPM
Amplitude constant position of pulse proportional to amplitude of modulation.

During sampling it is common practice to sample at higher rates that the Nyquist criterion dictates. This is because at the receiver the original bandwidth is recovered by an LPF. Ideal filters with sharp cut-off frequencies are not possible in reality. By sampling at higher frequencies the spectral replicates are spaced further apart thus making the design of the LPF more realisable.
Basically as discussed earlier the rate at which the samples of f(t) are obtained is based on the sampling theorem which states that and analogue signal f(t) of bandwidth B Hz can be reconstructed faithfully from samples of f(t) spaced 1/2B seconds apart, by passing them through an ideal LPF of cut off frequency B Hz. The interval 1/2B is called the Nyquist interval and the associated frequency of 2B is called the Nyquist sampling rate.

Because ideal filters are not realisable, we can sample f(t) at a higher rate to prevent channel interference between the lower sideband of the sampling band fs +/- B and the de-modulated baseband signal at the receiver. This is illustrated spectrally below;


Returning to quantisation – this can best be described as the process of ‘rounding off’ each sample magnitude to the nearest quantization level, where a quantisation level is the result of dividing the voltage range of  the analogue input signal into n-1 increments (steps).
When coding in the binary system, ‘n’ is given a power of 2, where ‘n’ is the number of quantization levels and is given by n = 2m , and ‘m’ is the length (in bits) of the PCM code word/sample.
Quantisation levels will be numbered from 0 to (2m – 1)10. The process of quantisation and encoding is again shown in different form below to further illustrate this process. In this case m = 3, n = 8, the denary range is from 0 - 710 , with the binary code words ranging from 000 to 111. The resulting PCM signal is shown as bipolar NRZ;

The difference between the signal f(t) and the quantised sample constitutes an error called the ‘quantisation error’ (eq) and has the same effect on the transmitted PCM signal as additive noise. For this reason the rounding off error is often called ‘quantisation noise’ and a signal to noise ratio for this noise signal forms part of the specification for an analogue to digital communications system. The existence of quantisation error means that the reconstructed analogue signal at the receiver cannot be identical to the original analogue signal.
It is usual to assume that the probability of all values of quantisation error (eq) lying between –s/2 and +s/2 is the same, hence the following probability density function will suffice;
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this p.d.f. is represented by the probability distribution below;





The mean square voltage value for the quantisation noise Nq is given by ;
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And the signal to quantisation noise ratio (SNRq) is given by;

SNRq = 20log10 (mean square voltage value of signal voltage / Nq)
This means that the value of SNRq can be improved by increasing the value of the signal power or the number of quantising levels or both. In order to increase ‘n’,’m’(the word length) must be increased. This will increase the effective bandwidth required as the sampling interval will remain the same but more bits (cycles) must be fitted into the same sample interval time.
So as result, the use of ‘m’ to reduce the quantisation noise power will increase the bandwidth of the PCM signal, so a compromise is made between the SNRq and the bandwidth for practical purposes. Obviously increasing the code bit count reduces the size of the levels ‘s’ , so clearly the error due to quantisation reduces.
The type of PCM described thus far is known as Linear PCM because the quantisation levels are all equal over the range of signal voltage. This type of coding is fine when considering signal amplitude changes that are not large (and thus corresponding sample magnitude changes) or fairly uniform. However in the case of speech signals there can be small changes in signal level often characterised by the difference between a soft talker and a loud one. Using linear PCM to transmit speech would mean that speech signal at its lowest magnitude of change would have a comparatively high quantisation noise. Indeed some levels could be lost altogether. The bottom line is that this makes linear PCM unsuitable for speech transmission.
A significant reduction in the level of quantisation noise can be gained if we can use small quantisation levels where the signal is most probable (at low magnitude changes such as in the case of speech) and larger steps where the signal is least probable. This would make efficient use of the bandwidth whilst still ensuring as accurate a reproduction of the speech signal as possible. This basically gives us NON – LINEAR PCM. It involves compression of the quantisation characteristics at the transmitter and expansion again at the receiver. The process is also know as companding and allows the use of PCM techniques to transmit voice data.
One of the principle advantages of using PCM is that white noise is no longer cumulative because an uncontrollable source of error in white noise has been traded for the controllable error source of quantisation noise. Other advantages include;

· Error detection and correction codes can reduce the effects of noise and interference.

· Efficient codes can be utilised to reduce redundancy n messages.

· Signals may be stored and time scaled efficienty.

· Modulating and demodulating circuitry is entirely digital thus affording high stability and reliability.

A typical PCM system may look as follows;





The analogue signal is band limited to a frequency of 4 kHz by the low pass filter and sampled at a rate of 8000/sec before quantisation to 128 levels and encoding to a PCM code word of length 7 bits. The quantiser section of the receiver has a much easier task than its transmitter counterpart, namely , the quantisation of one of only two voltage levels. The output response of the decoder is the quantised PAM signal produced at the transmitter quantiser whilst the low pass filter recovers the original baseband signal f(t).
When the communications channel is lengthy (>> several Km), regenerators are placed at suitable locations along the path (before distortion of the signal by the transmission medium and additive white noise prevents accurate detection of the correct voltage level) and produce the original PCM bit at their outputs with a SNR considerably greater than that present at its input. This is one of the principle advantages of PCM because white noise is no longer cumulative because an uncontrollable source of error in white noise has been exchanged for the controllable error source of quantisation noise. Other advantages include have already been stated above.

Linear PCM quantises and encodes each sample of an analogue signal into a code word of length ‘m’ bits, to which both the data rate (in b/s) and signal bandwidth are functionally related. Hence both these parameters can be decreased by reducing the value of ‘m’ and this may be accomplished with the aid of differential encoding techniques such as Differential PCM and a technique called Delta Modulation which we have still to discuss.
These techniques are suitable for encoding analogue signals characterised by small changes in the average value of magnitude difference between successive, adjacent samples of the analogue signal. Such differences are small compared with the magnitude of the associated samples, and as a result the encoding process produces a reduction in the corresponding value of ‘m’. the greater part of each sample magnitude contains little information content because they are repetitive (redundant) and can be ignored by the decoder.

Delta Modulation
A variety of techniques have been used to improve the performance of PCM or to reduce its complexity. One of the most popular alternatives to PCM is delta modulation (DM).

With delta modulation, an analogue input is approximated by a staircase function that moves up or down by one quantisation level (d) at each sampling interval (Ts). An example is shown in the diagram below where the staircase function is overlaid on the original analogue waveform. The important characteristic of this staircase function is that its behaviour is binary: at each sampling time, the function moves up or down a constant amount d. Thus the output of the delta modulation process can be represented as a single binary digit for each sample. In essence, a bit stream is produced by approximating the derivative (rate of change) of an analogue signal rather than its amplitude: A 1 is generated if the staircase function is to go up during the next interval; a 0 is generated otherwise.
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The transition (up or down) that occurs at each sampling interval is chosen so that the staircase function tracks the original waveform as closely as possible. The following diagram illustrates the logic of the process, which is essentially a feedback mechanism.
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For transmission, the following occurs: at each sampling time, the analogue input is compared to the most recent vale of the approximating staircase function. If the value of the sampled waveform exceeds that of the staircase function a 1 is generated; otherwise a 0, is generated. Thus the staircase is always changed in the direction of the input signal. The output of the DM process is therefore a binary sequence that can be used at the receiver to reconstruct the staircase function. The staircase function can then be smoothed by some type of integration process or by passing it through a low-pass filter to produce an analogue approximation of the analogue input signal.

There are two important parameters in a DM scheme: the size of the step assigned to each binary digit, d, and the sampling rate. As the diagram showing the staircase function illustrates d must be chosen to produce a balance between two types of error or noise. When the analogue waveform is changing very slowly, there will be quantizing noise. This noise increases as d is increased. On the other hand, when the analogue waveform is changing more rapidly than the staircase can follow, there is slope overload noise. This noise increases as d is decreased.

It should be clear that the accuracy of the scheme can be improved by increasing the sample rate. However, this increases the data rate of the output signal.

The principle advantage of DM over PCM is the simplicity of its implementation. In general, PCM exhibits better SNR characteristics at the same data rate.

Performance

Good voice reproduction via PCM can be achieved with 128 quantization levels, or 7 - bit coding (27 = 128). A voice signal, conservatively occupies a bandwidth of 4 kHz. According to the sampling theorem, samples should be taken at a rate of 8000 samples per second. This implies a data rate of 8000 x 7 = 56 kbps for the PCM-encoded digital data.

Consider what this means from the point of view of bandwidth requirement. An analogue voice signal occupies 4 kHz. Using PCM this 4 kHz analogue signal can be converted into 56 kbps digital signal. But the nyquist criterion states that this could require in the order of 28kHz of bandwidth (from the data rate that can be supported by B Hz is 2B bps). Even more severe differences are seen with higher bandwidth signals. For example a common PCM scheme for colour television uses 100 bit codes, which works out to 92 Mbps for a 5.6 Mhz bandwidth signal. In spite of these numbers digital techniques continue to grow in popularity for transmitting analogue signals. The principle reasons for this are as follows;

· Because repeaters are used instead of amplifiers there is no additive noise.

· TDM Time division Multiplexing is used for digital signals instead of Frequency Division Multiplexing FDM used with analogue signals. With TDM there is no inter-modulation noise, whereas this is a concern for FDM

· The conversion to digital signalling allows the use of more efficient digital switching techniques.

Delta Modulation comparison to Linear PCM
For comparable performance with similar quality of reproduction, Delta modulation requires a much greater data rate and bandwidth than linear PCM. However the encoder and decoder are less complex (and costly) than those of linear PCM.
Delta modulation is suitable for the transmission of low quality speech (e.g. military applications). 

It should be noted that these comments refer to “basic” Delta modulation – the performance of which can be enhanced by the use of CSVD (Continuous Variable Slope Delta Modulation) which enables closer tracking of the analogue signal envelope primarily because this technique adjusts the step size continuously to minimise slope overload and granular distortion.

From a data compression stand point Delta modulation is superior to linear PCM, with the reservations expressed earlier.

Delta Modulation comparison to Differential PCM

Performs a similar function as far as slowly varying signals are concerned but includes a predictor that predicts the magnitude of the next sample.
The number of bits per sample is greater than that required by Delta modulation for an identical signal but is less than that required by linear PCM.
The following is a comparison of data rate and bandwidth for Delta, Linear PCM and DPCM. Obviously delta modulation only requires a 1 bit code word as it generates a simple binary stream. We will assume an 8 bit code word for linear PCM and a 4 bit code word for DPCM because the latter makes more efficient use of its sampling around points of interest in the signal;





Data rate = 1/ bit duration

Fundamental frequency  (Hz) = 1 / period of the waveform

Data rates;

DM data rate =    
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Digital Data – Digital Signal
We have already discussed how computers use a binary number system to perform operations. In its simplest form, digital data is a collection of zeroes and ones, where the value at any one time is called a bit. In order for two digital users (like computers) to communicate there must be an agreement on the format used. The most straightforward format is designated as NRZ-L, for non return to zero level. In this format, the level directly represents the binary value: low level = 0, high level = 1. There are many other varieties, some of which are explained below: 
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First we need to define some terms. If the signal elements all have the same algebraic sign (that is all positive or negative), then the signal is unipolar. In polar signalling, one logic state is represented by a positive voltage level, and the other by a negative voltage level. The data signalling rate, or just data rate, of a signal is the rate, in bits per second that the data are transmitted. The duration or length of a bit is the amount of time it takes for the transmitter to emit the bit; for a data rate R, the bit duration is 1/R. The modulation rate, in contrast, is the rate at which the signal level is changed. This will depend on the nature of the digital encoding. The modulation rate is expressed in baud, which means signal elements per second. Finally, the terms mark and space, for historical reasons, refer to the binary digits, 1 and 0, respectively. The following table summarises these key terms;
Table of key terms

	Term
	Units
	Definition

	Data element
	Bits
	A single binary one or zero

	Data rate
	Bits per second (bps)
	The rate at which data elements are transmitted

	Signal element
	Digital: a voltage pulse of constant amplitude

Analogue: a pulse of constant frequency, phase and amplitude
	That part of a signal that occupies the shortest interval of a signalling code

	Signalling rate or modulation rate
	Signal elements per second (baud)
	The rate at which signal elements are transmitted


The diagram below illustrates the waveforms of the codes discussed earlier;
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The tasks involved in interpreting digital signals at the receiver can be summarized as follows: First the receiver must know the timing of each bit. That is the receiver must know with some accuracy when a bit begins and ends. Second the receiver must determine whether the signal level for each bit position is high (1) or low (0). These tasks are usually performed by sampling each bit position in the middle of an interval and comparing the value to a threshold. Because of noise and other impairments there will be errors as shown below.
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There are three factors that are important when interpreting the signal at the receiver;
· The signal to noise ratio (SNR or Eb/No)

· The data rate

· The bandwidth

With other factors held constant, the following statements are true;

· An increase in data rate increases the bit error rate (BER).

· An increase in SNR decreases bit error rate.

· An increase in bandwidth allows an increase in data rate.

There is another factor that can be used to improve performance and that is the encoding scheme. The encoding scheme is simply mapping from data bits to signal elements. A variety of approaches have been tried. The following describes some of the more common ones as listed in the earlier table and shown in the waveform diagram.

Before describing the encoding techniques, the following explains the various ways of evaluating or comparing them;

· Signal spectrum: several aspects of the signal spectrum are important. A lack of high frequency components means that less bandwidth is required for transmission. In addition, lack of a direct current (dc) component is also desirable. With a dc component to the signal, there must be direct physical attachment of transmission components. With no dc component, ac coupling via a transformer is possible; This provides excellent electrical isolation, reducing interference. Finally the magnitude of the effects of signal distortion and interference depend on the spectral properties of the transmitted signal. In practice, it usually happens that the transfer function of a channel is worse near the band edges. Therefore, a good signal design should concentrate the transmitted power in the middle of the transmission bandwidth. In such a case, a smaller distortion should be present in the received signal. To meet this objective codes can be designed with the aim of shaping the spectrum of the transmitted signal.
· Clocking: it has been mentioned that there is a need to determine the beginning and end of each bit position. This is not an easy task. One expensive approach is to provide a separate clock lead to synchronise the transmitter and receiver. The alternative is to provide some synchronisation mechanism that is based on the transmitted signal. This can be achieved with suitable encoding.
· Error detection: It is intended to discuss various error detection techniques in a separate handout. This will show that it is the responsibility of a layer of logic above the signalling level which is known as the data link control. However it is useful to have some error detection capability built into the physical signalling encoding scheme. This permits errors to be detected more quickly.

· Signal interference and noise immunity: certain codes exhibit superior performance in the presence of noise. This is usually expressed in terms of a BER.

· Cost and complexity: although digital logic continues to drop in price, this factor should not be ignored. In particular, the higher the signalling rate to achieve a given data rate, the greater the cost. Some codes require a signalling rate that is fact greater than the actual data rate.

Nonreturn to Zero (NRZ)
The most common, and easiest, way to transmit digital signals is to use two different voltage levels for the two binary digits. Codes that follow this strategy share the property that the voltage level is constant during a bit interval; there is no transition (no return a zero voltage level). E.g. the absence of a voltage can be used to represent a 0, with a constant positive voltage for a 1. more commonly a negative voltage level is used to represent one binary value and a positive one used for the other. It is this latter code that is called Nonreturn to Zero-Level (NRZ-L).

A variation of NRZ is known as NRZI (Nonreturn to Zero, invert on ones). This is the same principle as NRZ in that a constant voltage level is maintained for the bit duration. In this case though the data is encoded by the presence or absence of a signal transition at the beginning of the bit time. A transition (low to high or high to low) at the beginning of the bit time denotes a binary 1 for that bit time; no transition indicates a binary 0.
NRZI is an example of differential encoding where the information to be transmitted is represented in terms of the changes between successive data symbols rather than the signal elements themselves: if the current bit is a binary zero, then the current bit is encoded with the same signal as the preceding bit; if the current bit is a binary 1, then the current bit is encoded with a different signal than the preceding bit. One benefit of differential encoding is that it may be more reliable to detect a transition in the presence of noise than to compare a value to a threshold. Another benefit is that with a complex transmission layout, it is easy to lose the sense of polarity of the signal. E.g. on a multi drop twisted pair line, if all the leads from an attached device to the twisted pair are accidentally inverted, all 1’s and 0’s for NRZ-L will be inverted. This cannot happen with differentia encoding.
NRZ codes are the easiest to engineer and, in addition, make efficient use of bandwidth. The latter property is illustrated in the figure below, which compares the spectral density of various encoding schemes. In the figure, frequency is normalised to the data rate. As can be seen, most of the energy in NRZ and NRZI signals is between dc and half the bit rate. E.g. if NRZ code is used to generate a signal of 9600 bps, most of the energy is concentrated between dc and 4800 Hz.

The main limitations of NRZ signals are the presence of a dc component and the lack of synchronisation capability. To illustrate the latter, consider that with a long string of 0’s or 1’s for NRZ-L or a long string of 0’s for NRZI, the output is a constant voltage over a long period of time. Under these circumstances, any drift between the timing of the transmitter and receiver will result in loss of synchronisation between the two.

Because of their simplicity and relatively low-frequency response characteristics, NRZ codes are commonly used for digital magnetic recording. However, their limitations make these codes unattractive for signal transmission applications.
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Multilevel Binary
This category of encoding techniques addresses some of the deficiencies of the NRZ codes. These codes use more than two signal levels. Two examples of this are illustrated in the earlier encoding waveform diagram, bipolar-AMI (Alternate mark inversion) and pseudoternary.

In the case of the bipolar-AMI scheme, a binary o is represented by no line signal, and a binary 1 by a positive or negative pulse. The binary 1 pulses must alterbate in polarity. There are several advantages to this approach. First there will be no loss in synchronisation if a long string of 1’s occurs. Each 1 introduces a transition, and the receiver can resynchronise on that transition. A long string of 0’s would still be a problem. Second, because the 1 signals alternate in voltage form positive to negative, there is no net dc component. Also, the bandwidth of the resulting signal is considerably less than the bandwidth for NRZ. Finally the pulse alternation property also provides a simple means of error detection. Any isolated error, whether it deletes a pulse or adds a pulse, causes a violation of this property.
The above comments also apply to pseudotenary. In this case it is the binary 1 that is represented by the absence of a line signal, and the binary 0 by alternating positive and negative pulses. There is no particular advantage of one technique versus the other, and each is the basis of some applications.

Although a degree of synchronisation is provided with these codes, a long string of 0’s in the case of AMI or 1’s in the case of pseudotenary still presents a problem. Several techniques have been used to address this deficiency. One approach is to insert additional bits that force transitions. This technique is used in ISDN for relatively low rate data transmission. At a higher rate this scheme would be expensive, because it results in an increase in an already high signal transmission rate. To deal with this problem at high data rates, a technique that involves scrambling the data is used. Two examples of this technique will be explored later in the handout.
Thus with suitable modification, multilevel binary schemes overcome the problems of NRZ codes. Of course, as with any engineering design decision, there is a trade off. With multilevel binary coding, the line signal may take on one of three levels, but each signal element, which could represent log23 = 1.58 bits of information, bears only one bit of information. Thus multilevel binary is not as efficient as NRZ coding. Another way to state this is that the receiver of multilevel binary signals has to distinguish between three levels (+A, -A, 0) instead of just two levels in the signalling formats previously discussed. Because of this, the multilevel binary signal requires approximately 3dB more signal power than a two valued signal for the same probability of error. This is illustrated in the figure below. Basically this means that the bit error rate for NRZ codes, at a given signal to noise ratio, is significantly less than that for multilevel binary.
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 Biphase
This set of coding techniques overcomes the limitations of NRZ codes. Two of these techniques, Manchester and Differential Manchester are in common use.

In the Manchester code, there is a transition at the middle of each bit period. The midbit transition serves as a clocking mechanism and also as data: a low to high transition represents a 1, and a high to low represents a zero. In Differential Manchester, the midbit transition is used only to provide clocking. The encoding of a 0 is represented by the presence of a transition at the beginning of a bit period, and a 1 by the absence of a transition at the beginning of the bit period. Differential Manchester has the advantage of employing differential encoding.

All of the biphase techniques require at least one transition per bit time and many have as many as two transitions. Thus the maximum modulation rate is twice that for NRZ; this means that the bandwidth required is correspondingly greater. On the other hand, the biphase schemes have several advantages:
· Synchronisation: because there is a predictable transition during each bit time, the receiver can synchronise on that transition. For this reason, the biphase codes are known as self-clocking codes.

· No dc component: Biphase codes have no dc component, yielding the benefits described earlier.

· Error detection: the absence of an expected transition can be used to detect errors. Noise on the line would have to invert both the signal before and after the expected transition to cause an undetected error.
As can be seen from the earlier spectral density graph the bandwidth for biphase codes is reasonably narrow and contains no dc component. However, it is wider than the bandwidth for multilevel binary codes.
Biphase codes are popular techniques for data transmission. The more common Manchester code has been specified for the IEEE 802.3 standard for baseband coaxial cable and twisted pair CSMA/CD bus LANs. Differential Manchester has been specified for the IEEE 802.5 token ring LAN, using shielded twisted pair.

Modulation Rate
When signal encoding techniques are used, a distinction needs to be made between data rate (expressed in bits per second) and modulation rate (expressed in baud). The data rate, or bit rate, is 1/tb , where tb = bit duration. The modulation rate is the rate at which signal elements are generated. Consider, for example, Manchester encoding. The minimum size signal element is  a pulse of one half the duration of a bit interval. For a string of all binary zeroes or all binary ones, a continuous stream of such pulses is generated. Hence the maximum modulation rate for Manchester is 2/tb. This situation is illustrated in the waveform diagram below, which shows the transmission of a stream of binary 1’s at a data rate of 1 Mbps using NRZI and Manchester. In general,

[image: image66.wmf]b

R

D

=


where



D = modulation rate, baud




R = data rate, bps





b = number of bits per signal element

[image: image67.png]NRZI

Manchester

1 1 1 1
>
1bit=
1 signal element =
1us
<« >
1bit= 1 signal element =
1us 0.5 s

A Stream of Binary Ones at 1 Mbps





One way of determining the modulation rate is to determine the average number of transitions that occur per bit time. In general, this will depend on the exact  sequence of bits being transmitted. The following table compares transition rates for various techniques. It indicates the signal transition rate in the case of a stream of alternating 1’s and 0’s, and for the data stream that produces the minimum and maximum modulation rate.
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Scrambling Techniques
Although the biphase techniques have achieved widespread use in local area network applications at relatively high data rates, they have not been widely used in long distance applications. The principal reason for this is that they require a high signalling rate relative to the data rate. This sort of inefficiency is more costly in a long-distance application.

Another approach is to make use of some sort of scrambling scheme. The idea behind this approach is simple: sequences that would result in a constant voltage level on the line are replaced by filling sequences that will provide sufficient transitions for the receiver’s clock to maintain synchronisation. The filling sequence must be recognised by the receiver and replaced with the original data sequence. The filling sequence is the same length as the original sequence, so there is no data rate increase. The design goals for this approach can be summarised as follows:
· No dc component
· No long sequences of zero-level line signals

· No reduction in data rate

· Error-detection capability

Two techniques are commonly used in long-distance transmission services; these are illustrated in the diagram overleaf.

A coding scheme that is commonly used in North America is known as bipolar with 8 zeros substitution (B8ZS). The coding scheme is based on a bipolar-AMI. The drawback of AMI code has been discussed, and is that a long string of zeros may result in loss of synchronisation. To overcome this problem the encoding is amended with the following rules:

· If an octet of all zeros occurs and the last voltage pulse preceding this octet was positive, then the eight zeros of the octet are encoded as 000+ - 0 - +.
· If an octet of all zeros occurs and the last voltage pulse preceding this octet was negative, then the eight zeros of the octet are encoded as 000- + 0 + -.

This technique forces two code violations (signal patterns not allowed in AMI) of the AMI code, an event unlikely to be caused by noise or other transmission impairment. The receiver recognises the pattern and interprets the octet as consisting of all zeros.
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a coding scheme that is commonly used in Europe and Japan is known as the high density bipolar-3 zeros (HDB3) code. As before this is based on the use of AMI encoding. In this case, the scheme replaces strings of four zeros with sequences containing one or two pulses. In each case, the fourth zero is replaced with a code violation. In addition, a rule is needed to ensure that successive violations are of alternate polarity so that no dc component is introduced. Thus, if the last violation was positive, this violation must be negative and visa-versa. The following table shows that this condition is tested for by determining;
1 whether the number of pulses since the last violation was odd or even.

2 the polarity of the last pulse before the occurrence of the four zeros.

In our spectral density diagram earlier the spectral properties of the two codes are shown. As can be seen neither has a dc component. Most of the energy is concentrated in a relatively sharp spectrum around a frequency equal to one-half the data rate. Thus, these codes are well suited to high data rate transmission.
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Error Detection

Parity Checksum

It is possible for an error to occur somewhere in the transmission process. One way to increase the reliability of transmitted PCM signals is to add a checksum bit to each piece of data. For example, in an eight-bit byte, seven of the bits can be used for data and the last reserved for a checksum bit. In one method, the checksum bit is determined by parity (meaning an even or odd number). In even parity checksums, a 0 or 1 is added to make the overall number of ones (including the checksum) even. In odd parity, a 0 or 1 is added to make the overall number of ones odd. 

Example: the seven-bit data field is 0100111, which already has an even number of ones. In even parity, a 0 would be added as the checksum to make 01001110. 

Cyclic Redundancy Check (CRC)
One of the most common, and one of the most powerful, error detecting codes is the cyclic redundancy check (CRC), which can be described as follows. Given a k-block of bits, or message, the transmitter generates an n-bit sequence, known as the frame check sequence (FCS), so that the resulting frame, consisting of k + n bits, is exactly divisible by some predetermined number. The receiver then divides the incoming frame by that number and, if there is no remainder, assumes there was no error.

To clarify this, we can present the procedure in three ways: modulo 2 arithmetic, polynomials, and digital logic. The latter two are beyond the scope of this level but we will present a brief summary of polynomials and concentrate on modulo 2.
Modulo 2 Arithmetic
Modulo 2 arithmetic uses binary addition with no carries, which is just the exclusive-OR operation. Binary subtraction with no carries is also interpreted as the exclusive-OR operation: for example,
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Now define

T  = (k + n) – bit frame to be transmitted, with n < k
M = k-bit message, the first k bits of T
F  = n-bit FCS, the last n bits of T
P  = pattern of n + 1 bits; this is the predetermined divisor

We would like T/P to have no remainder. It should be clear that

T = 2n M + F
That is by multiplying M by 2n, we have in effect shifted it to the left by n bits and padded out the result with zeroes. Adding F yields the concatenation of M and F, which is T. we want T to be exactly divisible by P. suppose that we divide 2nM by P
e.g. for n = 3 we put a 1 on the binary base 22 position, so given a sequence of 111001 we would have

	
	
	25
	24
	23
	22
	21
	20

	
	
	1
	1
	1
	0
	0
	1

	
	
	
	
	
	1
	0
	0

	
	
	0
	0
	0
	0
	0
	0

	
	0
	0
	0
	0
	0
	0
	0

	1
	1
	1
	0
	0
	1
	0
	0

	1
	1
	1
	0
	0
	1
	0
	0


Thus the sequence 111001 has been shifted left two digits and the end padded with zeros.

Back to dividing 2n M by P we get
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There is Quotient and a Remainder. Because division is modulo 2, the remainder is always at least one bit shorter than the divisor. We will use this remainder as our FCS. Then
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Does this R satisfy our condition that T/P have no remainder? To see that it does, consider the following:
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Substituting equation 01 we have
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However, any binary number added to itself modulo 2 yields zero. Thus
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This means that is no remainder, and therefore T is exactly divisible by P. Thus the FCS is easily generated: simply divide 2nM by P and use the remainder as the FCS. On reception the receiver will divide T by P and will get no remainder if there have been no errors!
Lets now consider a simple example.

1. Given 

Message M = 1010001101 (10 bits)

Pattern P = 110101 (6 bits)

FCS R = to be calculated (5 bits)

2
The message is multiplied by 25, yielding 101000110100000

3 This product is divided by P:
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4 The remainder is added to 2n M to give T – 101000110101110, which is transmitted.


5 if there are no errors, the receiver receives T intact. The received frame is divided by P
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Because there is no remainder, it is assumed that there have been no errors.

The pattern P is chosen to be one bit longer than the desired FCS, and the exact pattern chosen depends on the type of errors expected. At minimum, both the high and low order bits of P must be 1. the receiver will fail to detect an error if and only if the received frame with errors is exactly divisible by P – intuitively this seems a very unlikely occurrence.

Polynomials
As in our earlier example above we will have a data field and FCS (frame check sequence) field.

Let data field be M(X), and the divisor be a polynomial, G(X), and quotient Q(X) with the remainder R(X). all the values are expressed as polynomials in a dummy variable X, with binary coefficients. The coefficients correspond to the bits in the binary number. Thus for M = 110011, we have M(X) = X5 + X4 + X + 1, and for P = 11001, we have P(X) = X4 + X3 + 1. Arithmetic operations are again modulo 2 as above. The CRC process can now be described as
1
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Where G(X) is in an irreducible (primitive) polynomial in X. Q(X) is ignored and R (X) becomes the CRC code word.

At the receiving station, in the same way as before,  the received M(x) and R(x) fields are divided again by G(x) and;

i) Should the resultant R(x) consist entirely of 0’s, then error free data is indicated.

ii) Should the resultant R(x) contain one 1 or more, erroneous data is indicated.

An error E(X) will only be undetectable if it is divisible by P(X). all of the following errors are not divisible by a suitably chosen P(X) and hence are detectable:

· All single bit errors

· All double bit errors, as long as P(x) has at least three 1’s

· Any odd number of errors, as long as P(X) contains a factor (X + 1)

· Any burst error for which the length of the burst is less than the length of the divisor polynomial; that is, less than or equal to the length of the FCS

· Most larger burst errors

The only difference here is the selection of a FCS using a polynomial that can characterise the noise in our channel.

Four versions of P(X) are widely used:

CRC-12

= X12 + X11 + X3 + X2 + X + 1  (this is 1100000001111 binary)

CRC-16

= X16 + X15 + X2 + 1  

CRC-CCITT

= X16 + X12 + X5 +  1  

CRC-32
= X32 + X26 + X23 + X22 + X16 + X12 + X11 + X10 + X8 + X7 + X5   + X4 + X2  + X + 1 
The CRC-12 system is used for transmission streams of 6 bit characters and generates a 13-bit FCS. Both CRC-16 and CRC-CCITT are popular for 8 bit characters, in the United states and Europe, respectively, and both generate 17 bit FCS. This is adequate for most applications, although CRC-32 is specified as an option in some point to point synchronous transmission methods. 

In general the use of modulo 2 arithmetic negates the need to cater for the arithmetic ‘carry’ operation which is costly in terms of computation circuitry and in terms of computational speed. The exclusive OR operation os much easier to implement in circuitry and faster to calculate.[image: image82.png]
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