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Chapter 11: Digital Communications

Learning Objectives:

At the end of this topic you will be able to:

•	 analyse and design Schmitt trigger circuits to regenerate a digital signal

Earlier, the effects of attenuation, noise and distortion were discussed. While it is impossible to remove 
noise completely from an analogue signal, both noise and attenuation can be removed from a digital signal 
as long as the amplitude of the signal is significantly larger than the amplitude of the noise. This process is 
known as regeneration, illustrated in the next diagram.

The left-hand diagram shows a strong digital signal, ready for transmission. After transmission, the signal is 
attenuated and has picked up noise, as shown in the middle diagram. We cannot control the effects of the 
transmission medium. However, we can use techniques that reproduce the original signal from the noisy 
and attenuated signal. The final diagram shows the regenerated signal, ready for further processing.
It was shown earlier that a Schmitt inverter, with its two voltage thresholds, can generate a digital signal 
from an analogue signal, from a sensor, for example. There are two limitations when using a Schmitt 
inverter to regenerate a digital signal on a transmission line.

•	 The thresholds are usually a fixed percentage of the supply voltage. Since the noise in a 
transmission line is not predictable, a circuit is needed in which the switching thresholds can be 
modified to match the characteristics of the transmission line.

•	  Schmitt inverters cannot cope with negative voltage inputs. Where transmission systems use a dual 
rail power supply system, with logic levels at ±9 V, for example, a Schmitt inverter cannot be used.

A Schmitt Trigger circuit overcomes these two limitations and otherwise performs a similar function to a 
Schmitt inverter. It is based on an op-amp configured as a comparator, employing positive feedback.

Basic Schmitt Trigger 
The simplest form of Schmitt trigger is shown opposite.
It is referred to as an inverting Schmitt trigger because the input signal is 
connected to the inverting input of the comparator.

Suppose that the comparator is powered from a dual rail supply
of ±15 V and that the output saturates at ±13 V.

Initially, assume that the output is in positive saturation,
i.e. VOUT = +13 V. This voltage is fed back to the non-inverting input.
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To make the output switch to negative saturation, the voltage at the inverting input to the comparator, VIN will 
need to go above +13 V. 

Similarly, when in negative saturation, i.e. –13 V, the voltage at the 
inverting input, VIN, must go below –13 V for the output to switch to 
positive saturation. 

In this example, the switching thresholds are equal to the saturation 
values of the comparator (op-amp). The graph shows the switching 
characteristic for this circuit.

The high values of the output voltage (the saturation values) is important, 
as it provides a large output signal for sending the signal on to the next 
stage of the communications system.

However it can also cause difficulties, where the incoming signal, 
attenuated in the transmission process, does not reach either of the 
switching thresholds, needed to cause the output to change.

For this reason, the basic inverting Schmitt Trigger circuit is of little 
practical use for regeneration.
The next circuit is more practical. It is known as a non-inverting Schmitt 
Trigger because the input signal is connected to the non-inverting input 
of the comparator.

Non-inverting Schmitt Triggers 
In the circuit shown on the right, assume that the comparator saturates at ±12 V. 
In a comparator, when the voltage at the non-inverting input is greater than that at the 
inverting input, the output is in positive saturation. Applied to the circuit shown, when 
the voltage at ‘X’ rises above 0 V, the output is in positive saturation. 
Similarly when the voltage at ‘X’ goes below 0 V, the output is in negative saturation, 
since the voltage at the inverting input will now be larger than that at the non-inverting 
input. 
The voltage at ‘X’ is determined by the value of VIN and the value of VOUT. The Schmitt 
trigger switches between positive and negative saturation when the value of VIN 
changes so that the voltage at ‘X’ passes through 0 V. The values of VIN that do this are 
the switching thresholds for the Schmitt trigger.

Example 1:
In the circuit above, suppose that VOUT is in positive saturation, i.e. VOUT = +12 V.
This means that the voltage at X, VX must be > 0 V. 
To calculate the value of VIN that causes VX to decrease through 0 V, we draw the equivalent circuit shown 
opposite: 

As the output is in positive saturation,  VIN < 0 V.

              IR =  12 - 0  =   12   = 0.6 mA
                          

20k
       

20K

              V10 = 0.6 × 10 = 6V

              VIN = VX - V10 = 0 - 6 = -6V
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This shows that the value of VIN that causes the voltage at ‘X’ to decrease through 0V is -6 V.
In practice, the output switches as VIN changes from around -6.000V to -6.001 V. The comparator switches 
to negative saturation virtually instantly because of the high open loop gain of the amplifier. Hence, the 
lower switching threshold is -6 V.
For the upper switching threshold:
The circuit is in negative saturation, (VOUT = –12 V) and so VX must be <0 V. We need to calculate the value 
of VIN that causes VX to increase through 0V. 
The equivalent circuit is shown opposite:

Note:  
 VIN > 0V, and IR flows from VX towards the -12 V rail.

  IR =  0 - (-12)  =  12   = 0.6 mA
            20k          20k

  V10 = 0.6 × 10 = 6V 
  VIN =  VX + V10 = 0 + 6 = +6V

Hence, the value of VIN that causes the voltage at ‘X’ to increase through 0 V
is +6 V. Again, in practice, the output switches as VIN changes from around 6.000 V to 6.001 V.
As before, the comparator switches almost instantly because of its high open loop gain.
The upper switching threshold is +6 V. 

The characteristic for this Schmitt trigger is shown on the right.
Note:

•	 The switching thresholds are lower than the saturation values.
•	 The action of the Schmitt trigger is non-inverting.

An alternative solution uses a ‘balanced current’ approach: 
Assume that the output is in positive saturation, at +12 V.
The input impedance of the comparator is extremely high.
We assume that no current will flow from point ‘X’ into the non-inverting 
input of the comparator.
Hence:
current through 10 kΩ resistor = current through 20 kΩ resitor

    
12 - VIN  = 12 - 0

            20k + 10k     20k  

    12 - VIN = 12 × 30k

            20k

    12 - VIN = 18V

           VIN = -6V

Similarly, when the output is at -12 V:

    
-12 - VIN  = -12 - 0

            20k + 10k       20k  
    -12 - VIN = -12 × 30k

              20k

    -12 - VIN = -18V
           VIN = 6V
The results are the same as before. 
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In the example just studied, the voltage at the inverting input, sometimes called the reference voltage 
(VREF), was set to 0V. This resulted in symmetrical switching thresholds of ±6 V. 
Now we consider what happens when the reference voltage is not zero. We will analyse the circuit using 
both approaches side by side, so that you can compare them. 

Example 2:
A different Schmitt trigger circuit is shown opposite:
The comparator saturates at ±9 V. At the inverting input, VREF = 3 V.

The threshold voltages are the values of VIN that make the voltage
at ‘X’ pass through 3 V, making the output switch between positive and 
negative saturation.

(a) Calculate the value of VIN which causes VOUT to change from +9 V to –9 V.
 As the output is in positive saturation, VIN must be < 3 V.

 Voltage divider method      Balanced current method

 IR =  9 - 3  =    6    = 0.2 mA    
VOUT - VIN  =  

VOUT - VX

        
30k

        
30k

       
R1 + R2 

R2

       
    9 - VIN       =  9 - 3

 V10 = 0.2 × 10 = 2V     10K + 30K 30K

 VIN = VX - V10 = 3 - 2 = 1V   
   9 - VIN        =    6  

            
40k           30k

         VIN = 1V

(b) Calculate the value of VIN which causes VOUT to change from +9 V to –9 V.
 As the output is in positive saturation, VIN must be > 3 V.

 Voltage divider method      Balanced current method

 IR =  3 - (-9)  =    12    = 0.4 mA    
VOUT - VIN  =  

VOUT - VX

           
30k

          
30k

        
R1 + R2     

R2

       
    -9 - VIN       =  -9 - 3

 V10 = 0.4 × 10 = 4V     10K + 30K  
30K

 VIN = VX + V10 = 3 + 4 = 1V    
   9 - VIN        =    -12  

             
40k   30k

         VIN = 7V
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The characteristic for this Schmitt trigger is shown opposite: 
Notice that the addition of a reference voltage does not affect the shape 
of the characteristic.
When VREF is made more positive, the characteristic is shifted to the 
right.
When it is made more negative, the characteristic is shifted to the left.

Choosing suitable thresholds from a graph
To design a suitable Schmitt trigger circuit for a specific transmission 
system, to counteract attenuation and noise, it is necessary to select 
appropriate switching thresholds. 

As a rule of thumb, a signal should be regenerated before the information signal amplitude drops below 
twice the amplitude of the noise signal. (i.e. a signal-to-noise ratio of 6 dB)

Example:

Assume that the following input is received 
from a transmission system and that the 
amplitude of the signal was 6V at the 
transmitter.

The switching thresholds are set at a level 
which can distinguish between the signal and 
noise. Suitable thresholds are shown in the 
diagram.

Suitable ranges are:

•	 Upper threshold: 
 Between 3.0 V to 4.2 V - we choose 3.4 V.

•	 Lower threshold: 
 Between 1.4 V to 2.6 V - we choose 2.2 V.

time/s

V in/V

time/s

V in/V
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Assume that the op-amp saturates at 0 V and 6 V.

Draw two horizontal lines (purple) on the graph at the thresholds to act as guide lines.
Whenever the input signal (red) rises above 3.4 V the output signal (brown) rises to 6 V until the input 
signal drops below 2.2 V. Then, the output falls to zero. The resulting output signal is shown by the brown 
square wave.

The noise has been completely removed and the signal amplitude has been restored to its original value of 
6 V.
Designing a Schmitt trigger circuit with specific thresholds 
As seen from the previous example it is sometimes necessary to design Schmitt triggers to satisfy the 
signal conditions encountered on a transmission line.

Example 1:
A non-inverting Schmitt trigger is required to have saturation
values ±12 V, and switching thresholds of ±3 V.
In the circuit opposite, determine the values of:

 (a) VREF
 (b) R1 and R2 .

(a) In this case, VREF must be 0V because the threshold values are symmetrical at ±3V.
(b) When the output is in positive saturation, the input VIN must fall below the lower switching threshold  
 to make the output switch to negative saturation. 

 The voltage at point ‘X’ will be 0 V.

 From the diagram:

  Voltage across R1, V1 = 3 V;
  Voltage across R2, V2 = 12 V;
  Since
   

R2 =  
V2

   
R1     V1

   
R2 = 12 = 4

   R1     
3

  i.e. R2 = 4 x R1

V in/V

time/s
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The values for R1 and R2 must be in that ratio and > 1 kΩ.
For example:
  R2 = 40 kΩ and R1 = 10 kΩ;
or   R2 = 16 kΩ and R1 = 4 kΩ etc.

The final circuit could be:
Investigation 11.1 explores this circuit design.

Setting VREF to zero is fine for input signals that are symmetrical about zero.
To regenerate wholly positive signals, VREF needs to be positive (and vice-versa).
Example 2 shows how this is achieved.

Example 2:

A non-inverting Schmitt trigger has saturation values of ±13 V
and switching thresholds of +0.8 V and +6.5 V.

Determine the values of R1 and R2 in the circuit when VREF = 3 V.

From the diagram: 

  Voltage across R1, V1 = 2.2 V;
  Voltage across R2, V2 = 10 V;
  Since 

   
R2 =  

V2

   
R1     V1

   
R2 =  10  

   R1     
2.2

  i.e. R1 = 0.22 x R2.

Suggestions:
   R2 = 10 kΩ,
   R1 = 2.2 kΩ
 

The final circuit would then be:
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Investigation 11.1

(a) Set up the following circuit on Circuit Wizard.

Note:
 Assume that the original transmitted signal was a ±12 V square wave. The output from the   
 transmission line is created by summing a square wave and a noise wave function. 

(b) Adjust the settings on the two function  
 generators as shown on the right.

(c)   With switch SW1 open and the time-base set to 10ms, observe the output signal from the   
 transmission line.
 Record your observations and suggest suitable switching thresholds to regenerate the original   
 transmitted signal. 

                                                     

                                                     

                                                     

                                                     

(d)  Close switch SW1 and describe how effective the Schmitt trigger circuit is at regenerating the   
 original transmitted (±12 V) square wave signal. 
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Exercise 11.1

1.  In the Schmitt trigger circuit shown in the circuit diagram,
 the comparator saturates at ±10 V.

(a) Calculate the value of VIN which causes VOUT to change from +10 V to –10 V.

                            

                            

                            

                            

                            

                            

(b) Calculate the value of VIN which causes VOUT to change from –10 V to +10 V.

                            

                            

                            

                            

                            

                            
 
(c) Sketch the characteristic for this Schmitt trigger below.
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2. A non-inverting Schmitt trigger is required to have saturation 
 values of ±9 V, and switching thresholds of ±4 V.

 Determine the values of VREF, R1 and R2 for the circuit. 

(a) What is the value of VREF?     

(b)  Determine the value of R1 and R2 to meet the design specification.

                               

                               

                               

                               

                               

                               

                               

                               

                               

  R1 =       R2 =      

3. The following diagram shows the circuit for a Schmitt trigger.
 The comparator saturates at +12 V and 0 V.

 (a) Calculate the value of VIN which causes VOUT to change 
  from +12 V to 0 V.

                               

                               

                               

                               
 (b) Calculate the value of VIN which causes VOUT to change from 0 V to +12 V. 
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4.  A non-inverting Schmitt trigger circuit has switching thresholds at +1 V and +4 V, for falling and   
 rising input voltages respectively. The op-amp saturates at ±10 V.
 Draw the output for the Schmitt trigger when the following analogue signal is applied to the input.

5.  The non-inverting Schmitt trigger shown is required to
 have saturation values of ±11 V and switching thresholds
 of – 5 V and +2.33 V.

 Determine the values of R1 and R2 in the circuit below
 when VREF = –1V. 
 Determine values of R1 and R2 to meet the design specification.

                              

                              

                              

                              

                              

                              

                              

                              

                              

                              

  R1 =       R2 =      
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6. The  graph shows the input and output signals of a non-inverting Schmitt trigger. 

 Draw the switching characteristic for the Schmitt trigger on the axes provided.
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2. Shift Registers

Learning Objectives:

At the end of this topic you will be able to:

•	 recall the characteristics and uses of the inputs and outputs of D-type flip-flops for:
•	 parallel-in-serial-out (PISO) registers;
•	 serial-in-parallel-out (SIPO) registers

•	 construct and use timing diagrams to explain the operation of PISO and SIPO shift 
registers.

A shift register is an important functional unit in modern digital systems. It is used when moving data from 
one system to another. In addition it can be used to swap data transfer from serial to parallel, or parallel to 
serial. 

Shift registers contain control circuitry to synchronise and manage the loading of data. 
The details of that control circuitry are beyond the scope of this course.

Shift registers rely on the action of a D-type flip-flop. 

As described earlier, the logic level present on the data input is transferred
to the Q output on the rising edge of the clock pulse signal.

In this topic we consider two types of register:

• serial-in-parallel-out (SIPO) registers
• parallel-in-serial-out (PISO) registers

SIPO Shift Register

A 4-bit SIPO register, like that shown below, takes in serial data through the serial input, DIN and provides it 
in parallel format at outputs A, B, C and D. Output D contains the most significant bit (MSB).

In this case, four clock pulses are required to transfer the data (four bits) from the serial input to the parallel 
outputs. Larger shift registers can be made quite easily just by linking more D-type flip-flops into the chain.



© WJEC CBAC Ltd 2018336

GCE A level Electronics – Chapter 11: Digital Communications

The graph shows the serial data ‘1000’ applied to the
SIPO shift register.

Each time the clock input goes high, the bit stored in each 
flip-flop is passed to the next flip-flop, on the right.

Note:

In general, ‘n’ clock pulses are required to transfer ‘n’ bits of 
data from the serial input to the parallel outputs for an n-bit 
SIPO register.
        
 
Example:
 
The serial data ‘1010’ is inputted into a 4-bit SIPO register. All 
outputs are initially reset.

Complete the timing graph for each of the four outputs.

The data input controls the state of output QA - the logic level of DIN 
is transferred to the QA output on the rising-edge of the clock pulse.

Then, QA becomes the input for DB, and is transferred to QB at the 
next clock pulse, and so on. 

At the end of four clock pulses, the serial data ‘1010’, appears in 
parallel at the four outputs with the most significant bit appearing at 
QD.

The table shows the same information in a different format. 
The serial data, applied to the data input of the first flip-flop, 
is shifted through the shift register, controlled by each clock 
pulse.  

Clock DIN QA QB QC QD 
0 1     
1 0 1    
2 1 0 1   
3 0 1 0 1  
4 0 0 1 0 1 
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Investigation 11.2

(a) Set up the following 4-bit SIPO shift register circuit on Circuit Wizard.

(b)  Start the simulation and press switch SW1 until output QA goes high.

(c)  Pause the simulation as soon as output QD goes high.

(d) Study the outputs on the logic analyser and comment on how each output goes high in relation to  
 the clock pulses.
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PISO Shift Register

The layout of the basic PISO shift register is similar to that of the SIPO. There are a number of different 
versions of the PISO circuit, but this course is limited to the one shown below. 

The serial input to the first D-type is connected to logic 0.

There are two distinct processes involved:

•	 Loading the register with data:
•	 When first switched on, the D-types are reset by raising the ‘reset’ line to logic 1 briefly.
•	 The data is then set up on the data lines D3, D2, D1 and Do.
•	 The ‘load’ line is then taken to logic 1 to allow any logic 1 signals on D3, D2, D1, and Do to SET 

the output of the corresponding D-type (to logic 1). The ‘load’ line is then taken back to logic 0.
•	 Shifting the data out of the serial output:

•	 The clock line is pulsed four times to move the data out of the shift register.
•	 The most-significant bit of the data is outputted first.
•	 After the four clock pulses, the Q outputs of all four D-types are at logic 0.

Note:

In general, n clock pulses are required to output the data from a n-bit PISO register.

Example: 

The 4-bit PISO shift register 
shown is loaded with ‘0110’. 

Complete the timing graph for 
each of the four outputs.
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The data is loaded by a single pulse on the 
‘load’ line.
Then, the clock pulses move it through to the 
serial output.

The data, loaded in parallel format, appears, 
bit by bit, starting with the most significant bit, 
in serial format, at the serial output.

After four clock pulses, the logic 0 from the 
serial input reaches the serial output.

The table below shows the same information in a different format.
The output state of each D-type immediately after parallel data has been loaded is shown in the first row of 
the table.

The ‘D’ column represents the data at the serial input of the shift register.  
The serial output is shown in the ‘QD’ column. 

The outputs are all cleared after four clock pulses.

Clock D QA QB QC QD  
0 0 0 1 1 0 Data loaded 
1 0 0 0 1 1 Data moving 

through output 2 0 0 0 0 1 
3 0 0 0 0 0 Data output complete 
4 0 0 0 0 0  
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Investigation 11.3

This investigation is based on the previous example.

(a) Set up the following 4-bit PISO shift register circuit on Circuit Wizard.

(b) Set data input DA to logic 1 and the other three data inputs to logic 0 (data = 0001).
 Press and release the load input and comment on what you observe.

                                

                                

(c) Press the clock switch SW1 four times and describe how the data is shifted.

                                

                                

(d) Repeat the above procedure for the data input 0110.
 Ensure the graph is set to auto scroll.  
 Observe the graph obtained on the logic analyser.
 The trace for QA, QB, QC and QD appear on channels 3, 4, 5 and 6 respectively.
 Compare the trace with that obtained in the previous example.
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Exercise 11.2

1. Complete the timing diagram for a 4-bit SIPO  
 shift register for the data input given.

2. A 4-bit PISO shift register is reset and then loaded with the following data:
  D0 = 1,  D1 = 1, D2 = 0 and D3 =0.
 
 (a) Complete the timing diagram for the   
  PISO shift register.

 (b)  Indicate the least significant bit (LSB) of  
  the serial output.
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3. How many clock pulses does it take to load a 10-bit number into : 

 (a) a 10-bit PISO shift register?       
  
 (b) a 10-bit SIPO shift register?       

4. The table below shows serial data 10100110 applied to the data input of an 8-bit SIPO shift   
 register. 

 Complete it to show how the data is transferred through the shift register to produce the parallel   
 output data.

5. The table below shows the outputs of a PISO shift register immediately after the parallel data   
 01010011 has been loaded into it.
 The ‘D’ column represents the data at the serial input of the shift register.  

 Show what happens to the data over the next eight clock pulses. 

Clock D QA QB QC QD QE QF QG QH 

0 1         

1 0         

2 1         

3 0         

4 0         

5 1         

6 1         

7 0         

8 1         

Clock D QA QB QC QD QE QF QG QH 

0 0 1 1 0 0 1 0 1 0 

1 0         

2 0         

3 0         

4 0         

5 0         

6 0         

7 0         

8 0         
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3. Pulse Code Modulation

Learning Objectives:

At the end of this topic you will be able to:

•	 analyse and draw graphs to illustrate pulse amplitude modulation (PAM);
•	  draw a block diagram for and describe the operation of a pulse code modulation (PCM) 

communication system consisting of:
•	 transmitter: low pass filter, sampling gate, sampling clock, ADC, PISO shift register, 

PISO clock;
•	 and receiver: Schmitt trigger, SIPO shift register, SIPO clock, DAC, low pass filter

•	 use the relationship that relates sampling frequency to the highest frequency in the signal 
(Nyquist sampling theorem).

The process of digitising audio signals was introduced in Chapter 5. A block diagram of a typical system is 
shown below. 

The process of sampling analogue signals and converting them into binary codes is known as pulse code 
modulation (PCM). 

The sampling gate circuit repeatedly samples 
the value of the analogue voltage, at a frequency 
determined by the sampling clock.

The sampling gate generates a pulse amplitude 
modulated (PAM) signal, where the amplitude 
of the output pulse from the sub-system copies 
the amplitude of the analogue input signal at that 
instant. This is still an analogue signal.

The ADC converts each sample of analogue 
information into a digital code of n bits. The output 
of the ADC, a digital version of the PAM signal, is an 
example of a PCM signal.

When digitising music, the digital signal processor controls the format in which the audio files are stored 
and replayed. 
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Parallel vs serial transmission

Were this process used for transmitting audio signals over long distances, then the n-bit PCM codes would 
have to be sent down n separate wires simultaneously, at a rate governed by the frequency of the sampling 
clock.
Although the fastest (and simplest) method, this is not viable due to excessive cost.
Consequently, the parallel transmission of digital data is used only where fast data transfer
is required over short distances, for example, in the link between a computer and a printer.
The cost-effective alternative is to use a single conductor for the data transfer. This requires several 
modifications to the system used to digitise music.

The PCM transmitter

The block diagram for the transmitter is:

The sampling gate and clock  

The ability of the PCM system to transmit and later recover the original analogue information depends on 
the frequency of the sampling clock, compared to the information frequency.

To see this, consider the series of diagrams below: 

The top graph shows a sinusoidal input signal of 
frequency 1 kHz.

The second graph shows the PAM output with a 
sampling frequency of 800 Hz, where sampling 
occurs every 1.25 ms.
 
The third graph shows the reconstituted signal 
which is obtained by drawing a smooth curve 
through the peaks of the PAM signal. The original 
signal has been distorted, producing a much 
lower frequency signal.

This lower frequency signal is called an alias and appears because the sampling frequency is too low. In 
this case the frequency of the reconstituted signal can be seen from the third graph to be 200 Hz.

The mathematician Harry Nyquist first showed that to recover an information signal from a series of 
samples, the sampling frequency must be greater than twice the maximum frequency fmax in the information 
signals. This is known as the sampling theorem. 
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The next three graphs show the same
1 kHz signal sampled at a frequency of 2.5 
kHz - one sample taken every 0.4 ms.

This is greater than that required by the 
Nyquist sampling theorem, (which requires 
a minimum of 2 kHz).

The frequency of the reconstituted signal is 
the same as the original signal but there is 
some loss of amplitude at certain points. If 
you were to listen to this reconstituted signal 
the pitch of the signal would be the same 
as the original signal but there would be a 
very small but acceptable decrease in the 
loudness.       In the second and third graphs the outline of the   
       original signal is shown dotted

The low-pass filter

To prevent issues with aliasing when the analogue signal has a range of frequencies, the original signal 
must be processed by a low pass filter before sampling. Then, all the frequencies that are too high for the 
given sampling rate are removed and no aliases are generated.

Where the sampling frequency is less than twice the maximum signal frequency, then, for a single 
frequency information signal (such as a sine or triangular waveform,) the reconstituted PAM signal 
frequency will be the difference between the sampling frequency and the information signal frequency. 
(Hence the 200 Hz alias signal produced in the first set of graphs above)

In the UK telephone system, voice frequencies are restricted to the range 300 Hz to 3.4 kHz. 
The low pass filter is set up to pass only frequencies up to 3.4 kHz to the sampling gate input.
The sampling frequency is 8 kHz, satisfying the Nyquist sampling frequency criterion of being greater than 
twice 3.4 kHz, the low-pass filter cut-off frequency.
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Example of Aliasing Distortion:

A PCM system has a sampling clock frequency of 10 kHz. To prevent aliasing, the signal frequency must 
therefore be less than 5 kHz. 

Calculate the reconstituted PAM signal frequency for each of the following sinusoidal signal frequencies:
 
  (a)  3 kHz;   (b)  4.5 kHz;   (c)  7 kHz;   (d)  11 kHz;   (e)  10 kHz;  f)  5 kHz.

  (a) Information signal frequency = 3 kHz: 

   Reconstituted PAM signal frequency = 3 kHz - correct frequency

 (b) Information signal frequency = 4.5 kHz: 

   Reconstituted PAM signal frequency = 4.5 kHz - correct frequency

 (c) Information signal frequency = 7 kHz:

   Reconstituted PAM signal frequency = 10 – 7 = 3 kHz - alias frequency

 (d)  Information signal frequency = 11 kHz:

   Reconstituted PAM signal frequency = 11 – 10 = 1 kHz - alias frequency

 (e)  Information signal frequency = 10 kHz:

   Reconstituted PAM signal frequency = 10 – 10 = 0 kHz 

  Here, the frequency is zero since the sample is taken at the same single point in each
  cycle of the input signal, so that the amplitude of the PAM signal will be constant.

 (f)  Information signal frequency = 5 kHz:
  Reconstituted PAM signal frequency = 10 – 5 = 5 kHz.

  Here, the frequency is correct but the sample is taken at the same point in each half cycle of  
  the input signal, producing the same pair of PAM signal amplitudes in every half cycle. 
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Investigation 11.4

The following investigation demonstrates the effect of aliasing distortion.
(a) Set up the following circuit on Circuit Wizard. The sampling gate is a CMOS 4066B Quad Bilateral  
 Switch. 

(b) Set the information signal function generator to produce a 3 kHz triangular waveform with amplitude  
 of 9V and a 50% duty cycle.
(c) Set the sampling clock function generator to produce a 10 kHz square waveform with amplitude of  
 9V and a 5% duty cycle.
(d) Set the time-base to 50µs and the graph to auto scroll.
(e) Start the simulation then pause it when the waveform fills the graph grid.
(f) Print off the graph and join the peaks of the PAM signal with straight lines.
(g) Estimate the frequency of the reconstituted PAM signal and complete the first row of the table   
 below.
(h) Repeat the procedure for the other values of information signal frequency.

(i) Comment on how well these answers compare with the values in the example. 

                              

                              

                              

                              

Information  
signal frequency 

Reconstituted  
PAM signal 
frequency 

3 kHz  
4.5 kHz  
7 kHz  
11 kHz  
10 kHz  
5 kHz  
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The ADC

The ADC converts each PAM sample into a binary code of n bits. 
The accuracy of the ADC depends on how many bits are available for the digital coding. Chapter 5 
explained that the resolution of the ADC is given by the formula:

     Resolution = i/p voltage range

                2
n

In practice a minimum of 8-bits is required to allow a good reproduction of the original signal. 
An 8-bit system allows 256 different voltage levels to be converted.

The PISO Shift Register

The n bits binary code from the ADC is processed by a parallel-in-serial-out (PISO) shift register. As shown 
earlier, this sub-system loads the entire n-bit word under the control of the PISO clock pulses. These n bits 
progress along the single link to the receiver.

If a serially transmitted digital signal is examined on an oscilloscope then it is observed to be a binary pulse 
train of 1s and 0s, as shown below.

The PCM receiver

The block diagram for the receiver is: 

The Schmitt trigger

The binary pulse train signal arriving from the end of the communication link will be attenuated and more 
than likely suffer from the effects of noise. Both of these issues are addressed by regenerating the signal 
with the Schmitt trigger.

The SIPO shift register

The SIPO shift register takes in the signal bits as they arrive, in serial format, one bit after another, and 
temporarily stores them. Once it has received all n bits of the n-bit word, it outputs the entire word in 
parallel format to a DAC to recover the original analogue signal.
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The DAC

The DAC output is a staircase waveform. A typical DAC output shown below. The sample rate has been 
increased to show the staircase more clearly. 

Chapter 5 explained that the quantization step size for a DAC is given by the formula:

      Step Size = VL1  
RF

           
R1

  where  VL1  = voltage corresponding to logic 1
   RF  = feedback resistance
   R1  = input resistance for least significant input

The low pass filter

The staircase waveform is passed through a low pass filter, which ‘smooths out’ the quantisation steps.

PISO and SIPO clock frequencies:

In a PCM system, the parallel-to-serial and serial-to-parallel circuits have to shift data very quickly, because 
they must input, and shift the n bits of each sample before the next n-bit sample arrives for transmission. 
Consequently the PISO and SIPO clocks have to run at a much faster rate than the original sampling clock.

For a n-bit system:

  shift register clock frequency  > n x sampling clock frequency
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Example 1:

A PCM transmitter incorporates a low-pass filter having a cut-off frequency of 4.3 kHz and a 10-bit ADC. 

(a) Determine suitable minimum clock frequencies for both the sampling gate clock and PISO clock.

(b) Calculate the time needed to transmit a single 10-bit PCM sample 

 (a) Minimum sampling gate frequency = 2 x 4.3 = 8.6 kHz so choose a sampling clock   
  frequency of 9 kHz.

  Minimum PISO clock frequency =10 x 9 = 90 kHz

 (b)   PISO period = 1/90 kHz = 11 µs so time taken to transmit 10-bits = 111µs

Example 2: 

The ADC in a PCM transmitter has the following specification:
    Input voltage range 8 V, Resolution = 500 µV
(a) What is the smallest number of bits needed for the ADC in order to meet this specification?
(b) A PAM voltage of 1.5 V is applied to the input of the ADC. What is the binary output?

(a)

     Resolution = i/p voltage range

                2
n

         500 µV = 8 V

               2
n

      2n  =        8        

               500 × 10-6

           =  16000
 Taking logs of both sides:
     n × log10 2 = log10 16000

         n = log10 
16000

             
log102

            = 13.97
 Therefore, choose a 14-bit ADC
 
(b) Number of increments from zero to 1.5 V =   1.5 V   = 3000
                500 mV

 Converting 3000 into a 14-bit binary number: 

 300010 = 1011 1011 10002 since 3000 = 2048 + 512 + 256 + 128 + 32 + 16 + 8
 
 Written as a 14-bit binary number, this is 00 1011 1011 1000

211 210 29 28 27 26 25 24 23 22 21 20 

2048 1024 512 256 128 64 32 16 8 4 2 1 

1 0 1 1 1 0 1 1 1 0 0 0 
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Exercise 11.3

1. The following block diagram shows a Pulse Code Modulation (PCM) transmitter.

(a) The outputs of the low pass filter and clock A are shown below.
 Complete the bottom graph to show the output of the sampling gate.

(b) The signal from the low pass filter contains frequencies in the range 20 Hz to 20 kHz.
 (i) What is the relationship between the input signal frequency range and the minimum   
  sampling frequency required to allow this signal to be reconstructed at the receiver?

                                 
 (ii) Hence, what is the minimum frequency that can be used for clock A? 

                                 

(c) Clock B must operate at a higher frequency than Clock A for the system to work properly.
 Explain why this is the case.

                               

                               

                               

                               

                               

(d) For this system, the ADC has an input voltage range of 0 to 4 V.
 What is the resolution of the ADC?
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2. The analogue input signal shown in the top graph is applied to a PCM transmitter.

(a)  Complete the graph for the PAM output from the sampling gate.

(b)  A PAM output voltage of 1.2 V is applied to the input of an n-bit ADC.
 The ADC has an input voltage range of 0 to 4 V and a resolution of 2 mV. 

 (i) What is the smallest number of bits needed for the ADC? 
  
                               

                               

                               

                               

                               

                               

 (ii) For this ADC, what binary output is generated by an input of 1.2 V?
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3. The diagram below shows a PCM receiver: 

 The SIPO shift register outputs the following eight 4-bit words to a DAC:
 0001, 0101, 0011, 0100, 1000, 1010, 0111, 0110

 The circuit diagram for the DAC is: 

 In this system, logic 1 signals are represented by 10 V and logic 0 by 0 V. 

 The op-amps saturate at +10 V and –10 V.
 
(a) Calculate the quantization step size of the DAC.  

                               

                               

                               

(b) What is the maximum value of VOUT that this 4-bit DAC will produce? 
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(c) Use the axes provided to draw a graph showing VOUT when the eight 4-bit words are applied to the  
 DAC input. 

(d) Sketch the analogue output signal of the low pass filter on the graph.

(e) What is the function of the Schmitt trigger in this system?   
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4. Time Division Multiplexing

Learning Objectives:

At the end of this topic you will be able to:

•	 describe how time-division multiplexing (TDM) can be used to improve the capacity of a 
PCM communications link.

•	 state the limitation on the number of channels that can be incorporated into a PCM 
communications link and use given data to calculate how many channels can be 
incorporated into a PCM communications link, using TDM.

Chapter 10 included a brief introduction to time-division multiplexing (TDM). Here, TDM is used to increase 
the capacity of a PCM communications link.

Example:

A telephone conversation is limited to a frequency range of 3.4 kHz.
For a successful conversion to digital format, the Nyquist sampling theorem states that the sampling rate 
must be at least 2 x 3.4 = 6.8 kHz. A typical sample frequency would be 8 kHz, meaning that a sample 
would be taken every    1     = 125 µs. 
   

8000

For a 12-bit ADC, the PISO must output these twelve bits before the end of the 125µs period otherwise 
the next sample will overwrite some of the data still stored in the PISO. Therefore the maximum time 
permissible per bit is     125 µs     = 10.4 µs corresponding to a minimum PISO frequency of 96 kHz. 
        12

To allow some tolerance, a frequency of 100 kHz could be used, giving a PISO clock period of 
10 µs. The 12 bits then take 12 x 10 µs = 120 µs to output. 

This idea is illustrated in the graph:  

The upper frequency limit of the PISO clock is independent of the sampling clock frequency. Modern 
electronic circuitry is able to operate as very high frequencies. If the PISO clock was running at 1 MHz, i.e. 
each cycle lasting 1µs, it would take just 12 µs to output the twelve bits. 
The next graph shows this:
Increasing the PISO clock frequency has created a large time gap between samples where the 

transmission line is effectively idle. This would be a waste of resources and so during this period, where the 
current telephone conversation sample is not being transmitted, a sample from a different conversation is 
fed into the communication link.
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This is shown in the following graph: 

There are still opportunities to fit other conversations into the gaps that remain before having to return to 
pick up the next sample from the original conversation: 

The above graph shows five conversations, fitting easily into the time between samples of the original 
conversation.

This technique, making maximum use of the communications link, is called time-division multiplexing. The 
communications link is shared, with each conversation taking turns to use it.

A multiplexer selects each telephone conversation in turn and feeds it into the communications link. At the 
other end of the link, a de-multiplexer passes the information back to the appropriate receiver. The next 
diagram shows this for a system of four communication channels: 
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The PCM transmitter and receiver have a slightly different design to the ones shown for a non-multiplexed 
link. Each channel has individual low pass filters, but to make the system more cost effective the rest of the 
transmitter circuitry is shared by all channels. 
The multiplexer acts as a sampling gate to produce PAM signals of each channel in turn. The ADC in the 
encoder then produces blocks of binary digits for each sample, in turn. These are then converted into a 
serial bit stream by the PISO in the encoder.
The Schmitt trigger in the decoder regenerates the binary bit stream before the SIPO produces blocks of 
binary digits. These are reconstructed into a PAM signal of each channel in turn. The de-multiplexer routes 
each reconstructed PAM signal to the correct channel.
The multiplexer and de-multiplexer are synchronised using additional channels on the system so that 
samples of each conversation are delivered to the correct destination channels.
To allow a two-way conversation, this system would have to be duplicated, using a second communication 
link. In a real system, BT transmits 28 speech channels (and 2 synchronising channels) over two 
transmission links thereby saving 26 communication links.

Number of channels possible

This is found by dividing the period between samples by the time needed to transmit the individual bits from 
the PISO.

In general: Maximum number of channels =              Sampling period                
            

number of bits × PISO period

Example 1:

The specification for a TDM system includes the following:
•	 number of bits, n,  12 
•	 sampling clock frequency, f, 10 kHz 
•	 PISO frequency, F,  1.25 MHz

Determine the maximum number of channels that can be supported.

Sampling period  =  1  
          f

      =      1        
          

10kHz

      = 0.0001 s
      = 100 µs

   PISO period  =  1  
         F

     =        1          
         

1.25 MHz

     = 0.8 µs

Maximum number of channels =              Sampling period                
          

number of bits × PISO period

      = 
     100 × 10-6    

 
           

12  × 0.8 × 10-6

      = 10.4

Number must be an integer, so maximum number of channels = 10
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Exercise 11.4

1. Time-division multiplexing, (TDM,) can be used to transmit several pulse code modulation (PCM)  
 channels along a single communications link.
 Read the passage below and use the information given to answer the questions which follow.
  The system uses a PCM sampling gate frequency of 25 kHz to convert audio signals in the  
  range 20 Hz – 10 kHz into digital form. 
  A 10-bit code is used to define the sample levels with an input voltage range of 0 to 5 V.
  Several signals are sent along one communication link using TDM.
  The PISO clock rate is 2 MHz. 

(a) Why is a PCM sampling frequency of 25 kHz suitable in this application?

                              

                              
 
 (b) Calculate the PCM sampling period.

                              
 
(c) Calculate the time to transmit a single 10-bit PCM sample at a PISO clock rate of 2 MHz.

                              

                              

 (d) Calculate how many PCM channels can be combined using the TDM on this link.

                              

                              

 (e) (i)  How many sampling levels are available using a 10-bit code?

                              

 (ii) Calculate the resolution of this system.
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2.   The following information gives details about a communications link which uses time division   
 multiplexing (TDM) in conjunction with pulse code modulation, (PCM).

       Use the information to answer the questions which follow.

•	 Each PCM channel uses a sampling frequency of 40 kHz to convert audio signals in the range 
20 Hz to 18 kHz into digital form.

•	 A 16-bit code is used to define the sampling levels.
•	 Five identical PCM channels are incorporated into the TDM communications link.

 (a) How many sampling levels are available using a 16-bit code?

                              

                              

                              

                              

  (b) Explain why a PCM sampling frequency of 40 kHz is suitable in this application.

                              

                              

                              

                              
  
 (c) Calculate the PCM sampling period.

                              

                              

                              
  
 (d) What is the minimum frequency of the PISO clock that allows all five PCM channels to be   
 incorporated into a single TDM communications link?
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5. Pulse Width Modulation (PWM)

Learning Objectives:

At the end of this topic you will be able to:

•	 analyse and draw graphs to illustrate pulse width modulation (PWM)

In PWM the width of the pulse carrier signal varies to reflect the instantaneous amplitude of the information 
signal.

There are three variations of PWM:

•	 the leading edge of each pulse occurring at a fixed frequency with the pulse width varying according 
to the information signal;

•	 the trailing edge of each pulse occurring at a fixed frequency with the pulse width varying according 
to the information signal;

•	 the centre of each pulse occurring at a fixed frequency with the pulse width varying according to the 
information signal.

In this course we consider only the third variation. This is illustrated in the following examples.

Example 1:  A steadily decreasing information signal

The graphs illustrate how the original unmodulated carrier has been modified by the information signal. 
Where the amplitude of the modulating information signal is positive, the width of the carrier increases in 
proportion. Where it is negative, the width of the carrier decreases in proportion.
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Example 2:   A steadily increasing information signal

Example 3:  In this example the information signal is constructed from the PWM output signal 
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Investigation 11.5

(a) On Circuit Wizard, set up the following circuit, consisting of a sine wave information signal generator  
 and a triangular waveform generator, connected to a comparator. 

(b)  Adjust the time-base to 50 µs and the function generators to the following settings:

(c)  Display a graph for each of the two oscilloscopes. 

(d) Start the simulation and pause it after several seconds.
 The first graph should show approximately 10 cycles of the triangular waveform.
 The second graph displays the unmodulated carrier pulses at the PWM output. 
 Measure the duration of the mark and record it in the table below.

(e) Adjust the amplitude of the sine wave information signal to 1.5 V.
 Restart the simulation then pause it after several seconds.

(f)  Measure the duration of the largest mark in the PWM signal and record it in the table.
 This corresponds to the PWM output when the information signal has an instantaneous value of   
 approximately 1.5 V.

(g) Next, measure the duration of the smallest mark and record it in the table.
 This corresponds to the PWM output when the information signal has an instantaneous value of   
 approximately –1.5 V.
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(h) Plot a graph of the data in the table and draw a curve through the points. 

 (i)  Comment on the relationship between the instantaneous value of the information signal and  
  the duration of the mark.

                             

                             

                             

                             

                             

                             

                             

Information signal amplitude /V Duration of mark 

0  
1.5  
-1.5  
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Exercise 11.5

1. Illustrate on the axes provided what would happen to the unmodulated pulse train (shown dotted) if  
 the analogue signal were transmitted using PWM.

2.  The top graph shows a PWM signal.
 Use the axes provided to draw a possible corresponding analogue signal.
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6. Pulse Position Modulation (PPM)

Learning Objectives:

At the end of this topic you will be able to:

•	 analyse and draw graphs to illustrate pulse position modulation (PPM)

As with PWM, there are three variations of PPM. We consider only the method described below.
Here, the modulating signal alters the position of the pulse from its normal centre position. The 
displacement of the pulse from this position is proportional to the instantaneous amplitude of the modulating 
signal. For a positive modulating signal the pulse is displaced to the right and for a negative modulating 
signal it is displaced to the left. The width of the pulse remains unaltered.

Example 1:  A steadily decreasing information signal 

The bottom graph, of the PPM (modulated carrier) signal, illustrates how the original carrier is modified by 
the modulating signal. When the modulating signal is positive, the modulated carrier pulse occurs to the 
right of its normal position. When the modulating signal is negative, the modulated carrier pulse occurs 
earlier than it would normally. 

Example 2: In this example the information signal is constructed from the PPM output signal 

As with the PWM example earlier, there are a number of acceptable possibilities for the corresponding 
information signal. Here, for example, a gentle curve could be acceptable.
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Exercise 11.6

1. Illustrate on the axes provided what would happen to the unmodulated pulse train
 (shown dotted) if the analogue signal were transmitted using PPM. 

2.  The following graph shows a PPM signal. The red markers on the time axis show the original   
 positions of the pulses.

 Use the axes provided to draw a possible corresponding analogue signal.


