
EC6402 - COMMUNICATION THEORY 
 

2 Marks with Answers 
 

1. Give the applications of SSB. 

 power saving and low band width requirement are important. 
 Used in: land and air mobile communication, navigation and amateur radio. 
 Police wireless communication 
 SSB telegraph system 
 Point to point radio telephone communication. 

 

2. What is the need for modulation? 

The needs for modulation are: 

1. Ease of transmission 

2. Multiplexing 

3. Reduced noise and interference 

4. Narrowband width 

5. Frequency assignment 

6. Reduce the limitations of equipments 

7. Reduction in antenna height 

 
3. The antenna current of an AM transmitter is 8Awhen only carrier is sent. 

It increases to 8.93A when the carrier is modulated by a single sine wave. 

Find the percentage modulation. 

Solution: 

Given: Ic=8A; IT=8.93A;  m=0.8 

Formula: IT = Ic (1+m2/2)½
 

8.93=8(1 +m2/2)½
 

m=0.701 

But m=0.82 
We get, IT= 8(1+0.822/2)½    

  IT = 9.1A 
 
 

www.rejinpaul.comwww.rejinpaul.com

Download Useful Materials from Rejinpaul.com



4. Compare AM with DSB-SC and SSB-SC. 
 

Parameter AM DSB-SC SSB-SC 
Bandwidth 2 fm 2 fm fm 

Frequency spectrum It consists of USB 
,LSB and carrier 

It consists of USB 
and LSB 

It consists of USB 
or LSB 

Power More power is 
required for 
transmission 

Power required is 
less than that of AM 

Power required is 
less than that of AM 
and DSB-SC 

 

5. Define SSB-SC. 
(i) SSB-SC stands for Single Side Band Suppressed Carrier 
(ii) When only one sideband is transmitted, the modulation is referred to as Single 
sideband modulation. It is also called as SSB or SSB-SC. 

 

6. Define frequency modulation. 

Frequency modulation is defined as the process by which the frequency of the 

carrier wave is varied in accordance with the instantaneous amplitude of the modulating or 

message signal. 

7. Compare WBFM and NBFM. 
 

Wideband FM Narrowband FM 

Modulation index is greater than 1 Modulation index less than 1 

Frequency deviation 75kHz Frequency deviation 5kHz 

Bandwidth 15 times NBFM Bandwidth 2fm 

Noise is suppressed more Less suppressing of noise 

Modulating frequency range from 30Hz 

to 15kHz 

Modulating frequency range from 30Hz 

to 3kHz 

Use: Entertainment and broadcasting Use :mobile communication 
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8. State Carson’s rule. 

An approximate rule for the transmission bandwidth of an FM Signal generated by a 

single tone-modulating signal of frequency fm is defined as 











m
f f

B 112  

Where,   f  Maximum frequency deviation 

  mf  Maximum modulating frequency 

   
9. Differentiate PM and FM. 

  

Frequency modulation Phase modulation 

The maximum frequency deviation depends 

upon amplitude of modulating voltage and 

modulating frequency. 

The maximum frequency deviation depends 

only on amplitude of modulating voltage. 

Noise immunity is better than PM. 
Noise immunity is better than AM but 

worse than FM. 

Frequency of the carrier is modulated by 

modulating signal. 

Phase of the carrier is modulated by 

modulating signal. 

 
 
10. The maximum frequency deviation in an FM is 10 KHz and signal frequency is 

10KHz.Find out the bandwidth using Carson’s rule and the modulation index. 

Solution: 

 
11. Define random variable. 

Random variable is defined as a rule or mapping from the original sample space to a 

numerical sample space subjected to certain constraints. Random variable is also defined as a 
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function where domain is the set of outcomes and whose range is R, is the real line. 

 

12. Define Random process. 

A Random process X(s,t) is a function that maps each  element of a samples space into 

a time function called sample function. Random process is a collection of time functions. 

 

13. Define probability. 

The probability of occurrence of an event A is defined as, Number of 

possible favorable outcomes 

P (A) = ------------------------------------------------------- 

Total number of equal likely outcomes 

14. Define Gaussian process. 

Gaussian process, every point in some input space is associated with a normally 

distributed random variable. Moreover, every finite collection of those random variables has a 

multivariate normal distribution. The distribution of a Gaussian process is the joint distribution 

of all those (infinitely many) random variables and as such, it is a distribution over functions. 
 

15. Define Ergodic process. 

A stochastic process is said to be Ergodic if its statistical properties (such as its mean 

and variance) can be deduced from a single, sufficiently long sample (realization) of the 

process. 

 

16. Define noise and Mention the types of noise. 

Noise is defined as an unwanted form of energy, which tends to interfere with proper 

reception and reproduction of wanted signal. There are two types of noise, they are, internal 

noise and External noise. 

Internal noise can be classified into 

1. Thermal noise 

2. Shot noise 

3. Transit time noise 
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4. Miscellaneous internal noise 
 

External noise can be classified into 

1. Atmospheric noise 

2. Extraterrestrial noises 

3. Man–made noises or industrial noises 

17. Compare the noise performance of an AM and FM system? 

The figure of merit of AM system is 1/3 when the modulation is 100 percent and that of 

FM is (3/2) mf2.The use of FM offers improved noise performance over AM when (3/2) mf2 > 
1/3. 

Mf - - modulation index in FM. 

 
18. What is capture effect? 

When the interference signal and FM input are of equal strength, the receiver fluctuates 

back and forth between them. This phenomenon is known as the capture effect. 

 

19. What is threshold effect? 

As the input noise power is increased, the carrier to noise ratio is decreased, the receiver 

breaks and as the carrier to noise ratio is reduced further crackling sound is heard. 

20. What is the Purpose of pre-emphasis and de-emphasis in FM? 
The PSD of noise at the output of FM receiver increases rapidly at high frequencies but 

the PSD of message signal falls off at higher frequencies. This means the message signal 

doesn’t utilize the frequency band in efficient manner. Such more efficient use of frequency 

band and improved noise performance can be obtained with the help of pre-emphasis and de-

emphasis. 

 

21. Define information theory. 

Information theory allows us to determine the information content in a message signal 

leading to different source coding techniques for efficient transmission of message. 
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22. Define discrete memory less source. 
A memory less source is one for which each symbol produced is independent of the 

previous symbols. A discrete Memory less source (DMS) can be characterized by the list of the 

symbols, the probability assigned to these symbols and the specification of the rate of 

generating these symbols by the source. 

23. List out the properties of entropy. 
 Entropy (H) is zero, if the event is sure or it is impossible. 

H=0 if Pk=0 or 1. 
 When Pk=1/M for all the M symbols, then the symbols are equally likely. For such a 

source entropy is given by, 
H = log2M 

 Upper bound on entropy is given by, 
Hmax ≤ log2M 

 

24. Define information rate. 
If the source of the message generates the messages per second, then the 

information rate is defined to be, 

R= r H -- > average number of bits of information per second 

R=r (messages/second)*(information/message) 

Where, R= information rate, 

H(X) = Entropy or average information 

r = the rate at which symbols are generated 

 

25. State channel capacity theorem. 
The channel capacity of a white band limited Gaussian channel is, 

C=B log2 (1+S/N) bits/sec. 
Where, B is the channel bandwidth,  

   S is the signal power 

       N is the total noise power within the channel bandwidth 
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16 Marks with Answers 
 

1. Draw the block diagram of AM Superheterodyne receiver and explain 
function of each block. 

Superheterodyne Receiver 
The non uniform selectivity of the TRF led to the development of the superheterodyne 

receiver near the end of World War I. Although the quality of the superheterodyne receiver has 
improved greatly since its original design, its basic configuration has not changed much, and it is 
still used today for a wide variety of radio communications services. The superheterodyne receiver 
has remained in use because its gain, selectivity, and sensitivity characteristics are superior to 
those of other receiver configurations. Heterodyne means to mix two frequencies together in a 
nonlinear device or to translate one frequency to another using nonlinear mixing. A block diagram 
of a non-coherent superheterodyne receiver is shown. Essentially, there are five sections to a 
superheterodyne receiver: the RF section, the mixer/converter section, the IF section, the audio 
detector section, and the audio amplifier section. 

 
RF section 

The RF section generally consists of a preselector and an amplifier stage. They can be 
separate circuits or a single combined circuit. The preselector is a broad-tuned bandpass filter with 
an adjustable center frequency that is tuned to the desired carrier frequency. The primary purpose 
of the preselector is to provide enough initial band limiting to prevent a specific unwanted radio 
frequency, called the image frequency, from entering the receiver. The preselector also reduces the 
noise bandwidth of the receiver and provides the initial step toward reducing the overall receiver 
bandwidth to the minimum bandwidth required to pass the information signals. The RF amplifier 
determines the sensitivity of the receiver (i.e., sets the signal threshold). Also, because the RF 
amplifier is the first active device encountered by a received signal, it is the primary contributor of 
noise and, therefore, a predominant factor in determining the noise figure for the receiver. A 
receiver can have one or more RF amplifiers, or it may not have any, depending on the desired 
sensitivity. Several advantages of including RF amplifiers in a receiver are as follows: 

 
1. Greater gain, thus better sensitivity 
2. Improved image-frequency rejection 
3. Better signal-to-noise ratio 
4. Better selectivity 
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AM superheterodyne receiver block diagram 

Mixer/converter section 
The mixer/converter section includes a radio-frequency oscillator stage (commonly called 

a local oscillator) and a mixer/converter stage (commonly called the first detector). The local 
oscillator can be any of the oscillator circuits, depending on the stability and accuracy desired. 
The mixer stage is a nonlinear device and its purpose is to convert radio frequencies to 
intermediate frequencies (RF-to-IF frequency translation). Heterodyning takes place in the mixer 
stage, and radio frequencies are down-converted to intermediate frequencies. Although the 
carrier and sideband frequencies are translated from RF to IF, the shape of the envelope remains 
the same and, therefore, the original information contained in the envelope remains unchanged. It 
is important to note that although the carrier and upper and lower side frequencies change 
frequency, the bandwidth is unchanged by the heterodyning process. The most common 
intermediate frequency used in AM broadcast-band receivers is 455 kHz. 
 
IF section 

The IF section consists of a series of IF amplifiers and bandpass filters and is often called 
the IF strip. Most of the receiver gain and selectivity is achieved in the IF section. The IF center 
frequency and bandwidth are constant for all stations and are chosen .so that their frequency is 
less than any of the RF signals to be received. The IF is always lower in frequency than the RF 
because it is easier and less expensive to construct high-gain, stable amplifiers for the low 
frequency signals. Also, low-frequency IF amplifiers are less likely to oscillate than their RF 
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counterparts. Therefore, it is not uncommon to see a receiver with five or six IF amplifiers and a 
single RF amplifier or possibly no RF amplification. 
 
Detector section 

The purpose of the detector section is to convert the IF signals back to the original source 
information. The detector is generally called an audio detector or the second detector in a 
broadcast-band receiver because the information signals are audio frequencies. The detector can 
be as simple as a single diode or as complex as a phase-locked loop or balanced demodulator. 
 
Audio amplifier section 

The audio section comprises several cascaded audio amplifiers and one or more speakers. 
The number of amplifiers used depends on the audio signal power desired. 
 

2. Discuss about the Amplitude Modulation. 
The amplitude, phase, or frequency of a carrier can be varied in accordance with the 

intelligence to be transmitted. The process of varying one of these characteristics is called 
modulation. The three types of modulation then are amplitude modulation, phase modulation, 
and frequency modulation. Other special types, such as pulse modulation, can be considered as 
subdivisions of these three types. With a sine-wave voltage used to amplitude-modulate the 
carrier, the instantaneous amplitude of the carrier changes constantly in a sinusoidal manner. The 
maximum amplitude that the wave reaches in either the positive or the negative direction is 
termed the peak amplitude. The positive and negative peaks are equal and the full swing of the 
cycle from the positive to the negative peak is called the peak-to-peak amplitude. Considering 
the peak-to-peak amplitude only, it can be said that the amplitude of this wave is constant. This 
is a general amplitude characteristic of the un modulated carrier. In amplitude modulation, the 
peak-to-peak amplitude of the carrier is varied in accordance with the intelligence to be 
transmitted. 

For example, the voice picked up by a microphone is converted into an A-F (audio 
frequency) electrical signal which controls the peak-to-peak amplitude of the carrier. The carrier 
peaks are no longer because they follow the instantaneous changes in the amplitude of the a-f 
signal. When the a-f signal swings in the positive direction, the carrier peaks are increased 
accordingly. When the a-f signal swings in the negative direction, the carrier peaks are 
decreased. Therefore, the instantaneous amplitude of the a-f modulating signal determines the 
peak-to-peak amplitude of the modulated carrier. 

 
a. Percentage of Modulation 

(1) In amplitude modulation, it is common practice to express the degree to which a 
carrier is modulated as a percentage of modulation. When the peak-to-peak amplitude of the 
modulating signal is equal to the peak-to-peak amplitude of the unmodulated carrier, the carrier 
is said to be 100 percent modulated. In figure 4, the peak-to-peak modulating voltage, EA, is 
equal to that of the carrier voltage, ER, and the peak-to-peak amplitude of the carrier varies from 
2ER, or 2EA, to 0. In other words, the modulating signal swings far enough positive to double 
the peak-to peak amplitude of the carrier, and far enough negative to reduce the peak-to-peak 
amplitude of the carrier to 0. 
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(2) If EA is less than ER, percentages of modulation below 100 percent occur. If EA is 
one half ER, the carrier is modulated only 50 percent .When the modulating signal swings to its 
maximum value in the positive direction, the carrier amplitude is increased by 50 percent. When 
the modulating signal reaches its maximum negative peak value, the carrier amplitude is 
decreased by 50 percent. 

(3) It is possible to increase the percentage of modulation to a value greater than 100 
percent by making EA greater than ER. In figure 6, the modulated carrier is varied from 0 to 
some peak-to peak amplitude greater than 2ER. Since the peak-to-peak amplitude of the carrier 
cannot be less than 0, the carrier is cut off completely for all negative values of EA greater than 
ER. This results in a distorted signal, and the intelligence is received in a distorted form. 
Therefore, the percentage of modulation in a-m systems of communication is limited to values 
from 0 to 100 percent. 

(4) The actual percentage of modulation of a carrier (M) can be calculated by using the 
following simple formula M = percentage of modulation = ((Emax - Emin) / (Emax + Emin)) * 
100 where Emax is the greatest and Emin the smallest peak-to-peak amplitude of the modulated 
carrier. For example, assume that a modulated carrier varies in its peak-to-peak amplitude from 
10 to 30 volts. Substituting in the formula, with Emax equal to 30 and Emin equal to 10, M = 
percentage of modulation = ((30 - 10) / (30 + 10)) * 100 = (20 / 40) * 100 = 50 percent. This 
formula is accurate only for percentages between 0 and 100 percent. 

 
b. Side Bands 

(1)When the outputs of two oscillators beat together, or heterodyne, the two original 
frequencies plus their sum and difference are produced in the output. This heterodyning effect 
also takes place between the a-f signal and the r-f signal in the modulation process and the beat 
frequencies produced are known as side bands. Assume that an a-f signal whose frequency is 
1,000 cps (cycles per second) is modulating an r-f carrier of 500 kc (kilocycles). The modulated 
carrier consists mainly of three frequency components: the original r-f signal at 500 kc, the sum 
of the AF and RF signals at 501 kc, and the difference between the a-f and r-f signals at 499 kc. 
The component at 501 kc is known as the upper sideband, and the component at 499 kc is known 
as the lower side band. Since these side bands are always present in amplitude modulation, the 
A-M wave consists of a center frequency, an upper side-band frequency, and a lower side-band 
frequency. The amplitude of each of these is constant in value but the resultant wave varies in 
amplitude in accordance with the audio signal. 

(2)The carrier with the two sidebands, with the amplitude of each component plotted 
against its frequency, is represented in figure 7 for the example given above. The modulating 
signal, fA, beats against the carrier, fC, to produce upper side band fH and lower side band fL. 
The modulated carrier occupies a section of the radio-frequency spectrum extending from fL to 
fH, or 2 kc. To receive this signal, a receiver must have r-f stages whose bandwidth is at least 2 
kc. When the receiver is tuned to 500 kc, it also must be able to receive 499 kc and 501 kc with 
relatively little loss in response. 
 

(3) The audio-frequency range extends approximately from 16 to 16,000 cps. To accommodate 
the highest audio frequency, the a-m frequency channel should extend from 16 kc below to 16 kc 
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above the carrier frequency, with the receiver having a corresponding bandwidth. Therefore, if 
the carrier frequency is 500 kc, the a-m channel should extend from 484 to 516 kc. This 
bandwidth represents an ideal condition; in practice, however, the entire a-m bandwidth for 
audio reproduction rarely exceeds 16 kc. For any specific set of audio-modulating frequencies, 
the a-m channel or bandwidth is twice the highest audio frequency present. 
(4) The r-f energy radiated from the transmitter antenna in the form of a modulated carrier is 
divided among the carrier and its two side bands. With a carrier component of 1,000 watts, an 
audio signal of 500 watts is necessary for 100-percent modulation. Therefore, the modulated 
carrier should not exceed a total power of 1,500 watts. The 500 watts of audio power is divided 
equally between the side bands, and no audio power is associated with the carrier. 
(5) Since none of the audio power is associated with the carrier component, it contains none of 
the intelligence. From the standpoint of communication efficiency, the 1,000 watts of carrier 
component power is wasted. Furthermore, one side band alone is sufficient to transmit 
intelligence. It is possible to eliminate the carrier and one side band, but the complexity of the 
equipment needed cancels the gain in efficiency. 
(6) Disadvantages of Amplitude Modulation. It was noted previously that random noise and 
electrical interference can amplitude-modulate the carrier to the extent that communication 
cannot be carried on. From the military standpoint, however, susceptibility to noise is not the 
only disadvantage of amplitude modulation. An signal is also susceptible to enemy jamming and 
to interference from the signals of transmitters operating on the same or adjacent frequencies. 
Where interference from another station is present, the signal from the desired station must be 
many times stronger than the interfering signal. For various reasons, the choice of a different 
type of modulation seems desirable. 
 

3. With neat block diagram explain FM Discriminators. 
FM demodulators are frequency-dependent circuits designed to produce an output voltage 

that is proportional to the instantaneous frequency at its input. The overall transfer function for 
an FM demodulator is nonlinear but when operated over its linear range is V K = (volts) d f (Hz) 
where K equals transfer function. D The output from an FM demodulator is expressed as 

v ( t) = K Δ fout d 
where 
 v (t) = demodulated output signal (volts)out 
K = demodulator transfer function (volts per hertz) 
d Δ f = difference between the input frequency and the center frequency of the demodulator 
(hertz) 
 
 
 
Several circuits are used for demodulating FM signals 

The most common are the slope detector, Foster-Seeley discriminator, ratio detector, PLL 
demodulator, and quadrature detector. The slope detector, Foster- Seeley discriminator, and ratio 
detector are forms of tuned-circuit frequency discriminators. 
Tuned-Circuit Frequency Discriminators 

Tuned-circuit frequency discriminators convert FM to AM and then demodulate the AM 
envelope with conventional peak detectors. Also, most frequency discriminators require a 180° 
phase inverter, an adder circuit, and one or more frequency-dependent circuits. 
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Slope detector 
A single-ended slope detector, which is the simplest form of tuned-circuit frequency 

discriminator. The single-ended slope detector has the most nonlinear voltage-versus-frequency 
characteristics and, therefore, is seldom used. However, its circuit operation is basic to all tuned-
circuit frequency discriminators. The tuned circuit ( L and C ) produces an output voltage a that 
is proportional to the input frequency. The maximum output voltage occurs at the resonant 
frequency of the tank circuit (f), and its output decreases proportionately as the input frequency 
deviates above or below f . The circuit is designed so that the IF center frequency (f) falls in the 
center of the most linear portion of the voltage-versus-frequency curve. When the intermediate 
frequency deviates above fc, the output voltage increases; when the intermediate frequency 
deviates below f, the output voltage decreases. C Therefore, the tuned circuit converts frequency 
variations to amplitude variations (FM-to-AM conversion). D , C , and R make up a simple I 
peak detector that converts the amplitude variations to an output voltage that varies at a rate 
equal to that of the input frequency changes and whose amplitude is proportional to the 
magnitude of the frequency changes. 

 

Slope detector: (a) schematic diagram; (b) voltage-versus-frequency curve Balanced slope 
detector: (a) schematic diagram; (b) voltage-versus-Frequency response curve 
 
Balanced slope detector 

A single-ended slope detector is a tuned-circuit frequency discriminator, and a balanced 
slope detector is simply two single-ended slope detectors connected in parallel and fed 180° out 
of phase. The phase inversion is accomplished by center tapping the tuned secondary windings 
of transformer T. In Figure , 1the tuned circuits ( L , C , and L , C ) perform the FM-to-AM 
conversion, and the balanced peak detectors ( D , C , R , and D , C , R ) remove the 1information 
from the AM envelope. The top tuned circuit (L and C) a is tuned to a frequency (f) that is above 
the IF center frequency (f) by a approximately 1.33 × Δ f (for the FM broadcast band, this is 
approximately 1.33 × 75 kHz = 100 kHz). The lower tuned circuit (L and C) is tuned to b a 
frequency (f) that is below the IF center frequency by an equal amount. B Circuit operation is 
quite simple. The output voltage from each tuned circuit is proportional to the input frequency, 
and each output is rectified by its respective peak detector. Therefore, the closer the input 
frequency is to the tank-circuit resonant frequency, the greater the tank-circuit output voltage. 
The IF center frequency falls exactly halfway between the resonant frequencies of the two tuned 
circuits. Therefore, at the IF center frequency; the output voltages from the two tuned circuits are 
equal in amplitude but opposite in polarity. Consequently, the rectified output voltage across R 
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and R, when added, produce a differential output voltage V 5 0 V. When the IF deviates above 
resonance, the out top tuned circuit produces a higher output voltage than the lower tank circuit, 
and V goes positive. When the IF deviates below resonance, out the output voltage from the 
lower tank circuit is larger than the output voltage from the upper tank circuit, and V goes 
negative. Although the slope detector is probably the simplest FM detector, it has several 
inherent disadvantages, which include poor linearity, difficulty in tuning, and lack of provisions 
for limiting. Because limiting is not provided, a slope detector produces an output voltage that is 
proportional to amplitude, as well as frequency variations in the input signal and, consequently, 
must be preceded by a separate limiter stage. A balanced slope detector is aligned by injecting a 
frequency equal to the IF center frequency and tuning C and C for 0 V at the output. Then 
frequencies a equal to f and f are alternately injected while C and C are tuned for a maximum 
and equal output voltages with opposite polarities. 
 
Foster-Seeley discriminator 

A Foster-Seeley discriminator (sometimes called a phase shift discriminator) is a tuned-
circuit frequency discriminator whose operation is very similar to that of the balanced slope 
detector. The capacitance values for C, C, and C are chosen such that they are short circuits for 
the IF center 1frequency. Therefore, the right side of L is at ac ground potential, and 3the IF 
signal (V) is fed directly (in phase) across L (V). The incoming in L 3 IF is inverted 180° by 
transformer T and divided equally between L and L. At the resonant frequency of the secondary 
tank circuit (the IF center frequency), the secondary current (I) is in phase with the total 
secondary voltage (V) and 180° out of phase with V. 

Tank-circuit impedance becomes inductive, and the secondary current lags the secondary 
voltage by some angle θ, which is proportional to the magnitude of the frequency deviation. The 
corresponding phasor diagram is shown in Figure 8-4c. The figure shows that the vector sum of 
the voltage across D is greater than the vector sum of the voltages across 1 D. Consequently, C 
charges while C discharges and V goes positive. When the IF goes below resonance (X < X ), the 
secondary current leads L C the secondary voltage by some angle θ, which is again proportional 
to the magnitude of the change in frequency. It can be seen that the vector sum of the voltages 
across D is now less than the vector sum of the voltages across 1D. 
Consequently, C discharges while C charges and V goes negative. A Foster-Seeley discriminator 
is tuned by injecting a frequency equal to the IF center frequency and tuning C for 0 volts out. 
For obvious reasons, it is often called an S-curve. It can be seen that the output voltage versus 
frequency deviation curve is more linear than that of a slope detector, and because there is only 
one tank circuit, it is easier to tune. For distortion less demodulation, the frequency deviation 
should be restricted to the linear portion of the secondary tuned-circuit frequency response curve. 
As with the slope detector, a Foster-Seeley discriminator responds to amplitude as well as 
frequency variations and, therefore, must be preceded by a separate limiter circuit. 
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Foster-Seeley discriminator: (a) schematic diagram; (b) vector diagram, fin = fo; (c) vector 
diagram, fin > fo; (d) vector diagram, fin < fo The preceding discussion and the output voltage 
from a Foster-Seeley discriminator is directly proportional to the magnitude and direction of the 
frequency deviation. 
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Discriminator voltage-versus-frequency response curve Ratio detector: (a) schematic 
diagram; (b) voltage-versus-frequency response curve 
Ratio detector 

The ratio detector has one major advantage over the slope detector and Foster- Seeley 
discriminator for FM demodulation: A ratio detector is relatively immune to amplitude variations 
in its input signal. As with the Foster-Seeley discriminator, a ratio detector has a single tuned 
circuit in the transformer secondary. Therefore, the operation of a ratio detector is similar to that 
of the Foster-Seeley discriminator. However, with the ratio detector, one diode is reversed (D ), 
and current ( I ) can flow 2 around the outermost loop of the circuit. Therefore, after several 
cycles of the input signal, shunt capacitor C charges to approximately the peak voltage across the 
secondary winding of T . The reactance of C is low, 1’s and R simply provides a dc path for 
diode current. Therefore, the time constant for R and C is sufficiently long so that rapid changes 
in the amplitude of the input signal due to thermal noise or other interfering signals are shorted to 
ground and have no effect on the average voltage across C . Consequently, C and C charge and 
discharge proportional so frequency changes in the input signal and are relatively immune to 
amplitude variations. Also, the output voltage from a ratio detector is taken with respect to 
ground, and for the diode polarities shown in Figure 8-6a, the average output voltage is positive. 
At resonance, the output voltage is divided equally between C and C and redistributed as 12the 
input frequency is deviated above and below resonance. Therefore, changes in V out are due to 
the changing ratio of the voltage across C 1and C, while the total voltage is clamped by C. It can 
be seen that at resonance, V is not equal to 0 out V but, rather, to one-half of the voltage across 
the secondary windings of T. Because a ratio detector is relatively immune to amplitude 
variations, it 1is often selected over a discriminator. However, a discriminator produces a more 
linear output voltage versus- frequency response curve. 
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4.  Explain in detail about the Transmission of a Random Process through 
a LTI filter. 

When a stationary random process with mean mx and autocorrelation function RX (τ) passes 
through a linear time-invariant system with impulse response h(t), the output process will be also 
stationary with mean and autocorrelation 

RY (τ) = RX (τ) * h(τ) *h(−τ) 
We have also seen that X(t) and Y (t) will be jointly stationary with crosscorrelation function 

RXY (τ) = RX (τ) * h(−τ) 
Since the mean of a random process is basically its dc value, the mean value of the response of 
the system only depends on the value of H( f ) at f = 0 (dc response). The second equation says 
that, when dealing with the power spectrum, the phase of H( f ) is irrelevant; only the magnitude 
of H( f ) affects the output power spectrum. This is also intuitive since power depends on the 
amplitude, and not the phase, of the signal. We can also define a frequency domain relation for 
the autocorrelation function. Let us define the cross-spectral density SXY (f) as 

SXY ( f ) def=∫ [RXY (τ)] 
Note that, although S X ( f ) and SY ( f ) are real non-negative functions, SXY (f) and SY X (f) 
can, in general, be complex functions. Figure 4.18 shows how the above quantities are related. 
Linear time-invariant theory, commonly known as LTI system theory, comes from applied 
mathematics and has direct applications in NMR spectroscopy, seismology, circuits, signal 
processing, control theory, and other technical areas. It investigates the response of a linear and 
time-invariant system to an arbitrary input signal. 

Trajectories of these systems are commonly measured and tracked as they move through 
time (e.g., an acoustic waveform), but in applications like image processing and field theory, the 
LTI systems also have trajectories in spatial dimensions. Thus, these systems are also called 
linear translation-invariant to give the theory the most general reach. In the case of generic 
discrete time (i.e., sampled) systems, linear shift-invariant is the corresponding term. A good 
example of LTI systems are electrical circuits that can be made up of resistors, capacitors, and 
inductors. The defining properties of any LTI system are linearity and time invariance. 
 

The fundamental result in LTI system theory is that any LTI system can be characterized 
entirely by a single function called the system's impulse response. The output of the system is 
simply the convolution of the input to the system with the system's impulse response. This 
method of analysis is often called the time domain point-of-view. The same result is true of 
discrete-time linear shift-invariant systems in which signals are discrete-time samples, and 
convolution is defined on sequences. Equivalently, any LTI system can be characterized in the 
frequency domain by the system's transfer function, which is the Laplace transform of the 
system's impulse response (or Z transform in the case of discrete-time systems). As a result of 
the properties of these transforms, the output of the system in the frequency domain is the 
product of the transfer function and the transform of the input. In other words, convolution in the 
time domain is equivalent to multiplication in the frequency domain. For all LTI systems, the 
Eigen functions, and the basic functions of the transforms, are complex exponentials. This is, if 
the input to a system is the complex amplitude and complex frequency, the output will be some 
complex constant times the input, say for some new complex amplitude . 
The ratio is the transfer function at frequency Because sinusoids are a sum of complex 
exponentials with complex-conjugate frequencies, if the input to the system is a sinusoid, then 
the output of the system will also be a sinusoid, perhaps with a different amplitude and a 
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different phase, but always with the same frequency upon reaching steady-state. LTI systems 
cannot produce frequency components that are not in the input. LTI system theory is good at 
describing many important systems. Most LTI systems are considered "easy" to analyze, at least 
compared to the time-varying and/or nonlinear case. Any system that can be modeled as a linear 
homogeneous differential equation with constant coefficients is an LTI system. Examples of 
such systems are electrical circuits made up of resistors, inductors, and capacitors (RLC circuits). 
Ideal spring–mass–damper systems are also LTI systems, and are mathematically equivalent to 
RLC circuits. Most LTI system concepts are similar between the continuous-time and discrete-
time (linear shift-invariant) cases. In image processing, the time variable is replaced with two 
space variables, and the notion of time invariance is replaced by two-dimensional shift 
invariance. When analyzing filter banks and MIMO systems, it is often useful to consider vectors 
of signals. A linear system that is not time-invariant can be solved using other approaches such 
as the Green function method. The same method must be used when the initial conditions of the 
problem are not null. We can therefore perform LTI system analysis with Fourier transform in a 
way similar to that of Laplace transform. However, FT is more restrictive than Laplace transform 
because the system must be stable, and x(t) must itself by Fourier transformable. Laplace 
transform can be used to analyze stable AND unstable system, and apply to signals that grow 
exponentially. If a system is stable, it can shown that the frequency response of the system H(jω) 
is just the Fourier transform of h(t) (i.e. H(ω)): A system performs a transformation on an input 
x(t) to produce an output y(t). 
 
Time Invariant Systems 

A system is time invariant if a time shift to the input results in no changes other than the 
same time shift being applied to the output. If y1(t) is the output of the system when x1(t) is the 
input let x2(t) = x1(t-t) be the input that produces output y2(t). The system is time invariant if 
y2(t) = y1(t-t). 
 
Linear time invariant systems 
A system is LTI if it is both linear and time invariant. 
• An LTI system is described by its impulse response. 
• The system’s impulse response is h(t) and it is the output of the system when the input is x(t) = 
δ(t) 
 
Characterization of LTI Systems 
we will start with an approximation of an arbitrary CT signal x ( t ) by a sum of shifted, scaled 
pulses. 
 
Linearity 
There are 3 requirements for linearity. A function must satisfy all 3 to be called "linear". 

1. Additivity: 
2. Homogeneity 
3. If x(t) = 0, y(t) = 0. 

 
Additivity 
A system is said to be additive if a sum of inputs results in a sum of outputs. To test for 
additivity, we need to create two arbitrary inputs, x1(t) and x2(t). 

www.rejinpaul.comwww.rejinpaul.com

Download Useful Materials from Rejinpaul.com



Homogeneity 
Similar to additivity, a system is homogeneous if a scaled input (multiplied by a constant) results 
in a scaled output. 
 
Time Invariance 
If the input signal x(t) produces an output y(t) then any time shifted input, x(t + δ), results in a 
time-shifted output y(t + δ).This property can be satisfied if the transfer function of the system is 
not a function of time except expressed by the input and output. 
 

5. Explain about NOISE sources and its types. 
In common use, the word noise means any unwanted sound. In both analog and digital 

electronics, noise is an unwanted perturbation to a wanted signal; it is called noise as a 
generalization of the audible noise heard when listening to a weak radio transmission. Signal 
noise is heard as acoustic noise if played through a loudspeaker; it manifests as 'snow' on a 
television or video image. Noise can block, distort, change or interfere with the meaning of a 
message in human, animal and electronic communication. In signal processing or computing it 
can be considered unwanted data without meaning; that is, data that is not being used to transmit 
a signal, but is simply produced as an unwanted byproduct of other activities. "Signal-to-noise 
ratio" is sometimes used informally to refer to the ratio of useful information to false or 
irrelevant data in a conversation or exchange, such as offtopic posts and spam in online 
discussion forums and other online communities. 

In information theory, however, noise is still considered to be information. In a broader 
sense, film grain or even advertisements encountered while looking for something else can be 
considered noise. In biology, noise can describe the variability of a measurement around the 
mean, for example transcriptional noise describes the variability in gene activity between cells in 
a population. In many of these areas, the special case of thermal noise arises, which sets a 
fundamental lower limit to what can be measured or signaled and is related to basic physical 
processes at the molecular level described by well-established thermodynamics considerations, 
some of which are expressible by simple formulae. 
SHOT NOISE 

Shot noise consists of random fluctuations of the electric current in an electrical 
conductor, which is caused by the fact that the current is carried by discrete charges (electrons). 
The strength of this noise increases for growing magnitude of the average current flowing 
through the conductor. Shot noise is to be distinguished from current fluctuations in equilibrium, 
which happen without any applied voltage and without any average current flowing. These 
equilibrium current fluctuations are known as Johnson-Nyquist noise. Shot noise is important in 
electronics, telecommunication, and fundamental physics. The strength of the current 
fluctuations can be expressed by giving the variance of the current I, where <I> is the average 
("macroscopic") current. However, the value measured in this way depends on the frequency 
range of fluctuations which is measured ("bandwidth" of the measurement): The measured 
variance of the current grows linearly with bandwidth. Therefore, a more fundamental quantity is 
the noise power, which is essentially obtained by dividing through the bandwidth (and, therefore, 
has the dimension ampere squared divided by Hertz). It may be defined as the zero-frequency 
Fourier transform of the current-current correlation function. 
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THERMAL NOISE 
Thermal noise (Johnson–Nyquist noise, Johnson noise, or Nyquist noise) is the 

electronic noise generated by the thermal agitation of the charge carriers (usually the electrons) 
inside an electrical conductor at equilibrium, which happens regardless of any applied voltage. 
Thermal noise is approximately white, meaning that the power spectral density is nearly equal 
throughout the frequency spectrum (however see the section below on extremely high 
frequencies). Additionally, the amplitude of the signal has very nearly a Gaussian probability 
density function.  
Noise voltage and power 

Thermal noise is distinct from shot noise, which consists of additional current 
fluctuations that occur when a voltage is applied and a macroscopic current starts to flow. For the 
general case, the above definition applies to charge carriers in any type of conducting medium 
(e.g. ions in an electrolyte), not just resistors. It can be modeled by a voltage source representing 
the noise of the non-ideal resistor in series with an ideal noise free resistor. 
Noise current 

The noise source can also be modeled by a current source in parallel with the resistor by 
taking the Norton equivalent that corresponds simply to divide by R. This gives the root mean 
square value of the current source as: 

 
Thermal noise is intrinsic to all resistors and is not a sign of poor design or manufacture, 
although resistors may also have excess noise. 
 
Noise power in decibels 

Signal power is often measured in dBm (decibels relative to 1 milliwatt, assuming a 50 
ohm load). From the equation above, noise power in a resistor at room temperature, in dBm, is 
then: 

 
where the factor of 1000 is present because the power is given in milliwatts, rather than watts. 
This equation can be simplified by separating the constant parts from the bandwidth: 

 
which is more commonly seen approximated as: 

 
 
Thermal noise on capacitors 

Thermal noise on capacitors is referred to as kTC noise. Thermal noise in an RC circuit 
has an unusually simple expression, as the value of the resistance (R) drops out of the equation. 
This is because higher R contributes to more filtering as well as to more noise. The noise 
bandwidth of the RC circuit is 1/(4RC), which can substituted into the above formula to 
eliminate R. The mean-square and RMS noise voltage generated in such a filter are: 

 

 
Thermal noise accounts for 100% of kTC noise, whether it is attributed to the resistance or to the 
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capacitance. In the extreme case of the reset noise left on a capacitor by opening an ideal switch, 
the resistance is infinite, yet the formula still applies; however, now the RMS must be interpreted 
not as a time average, but as an average over many such reset events, since the voltage is 
constant when the bandwidth is zero. In this sense, the Johnson noise of an RC circuit can be 
seen to be inherent, an effect of the thermodynamic distribution of the number of electrons on the 
capacitor, even without the involvement of a resistor. The noise is not caused by the capacitor 
itself, but by the thermodynamic equilibrium of the amount of charge on the capacitor. Once the 
capacitor is disconnected from a conducting circuit, the thermodynamic fluctuation is frozen at a 
random value with standard deviation as given above. 
The reset noise of capacitive sensors is often a limiting noise source, for example in image 
sensors. As an alternative to the voltage noise, the reset noise on the capacitor can also be 
quantified as the electrical charge standard deviation, as 

 
Since the charge variance is kBTC, this noise is often called kTC noise. Any system in thermal 
equilibrium has state variables with a mean energy of kT/2 per degree of freedom. Using the 
formula for energy on a capacitor (E = ½CV2), mean noise energy on a capacitor can be seen to 
also be ½C(kT/C), or also kT/2. Thermal noise on a capacitor can be derived from this 
relationship, without consideration of resistance. 
Noise at very high frequencies 

The above equations are good approximations at any practical radio frequency in use (i.e. 
frequencies below about 80 gigahertz). In the most general case, which includes up to optical 
frequencies, the power spectral density of the voltage across the resistor R, in V2/Hz is given by: 

 
where f is the frequency, h Planck's constant, kB Boltzmann constant and T the temperature in 
kelvins. If the frequency is low enough, that means: 

 
then the exponential can be expressed in terms of its Taylor series. The relationship then 
becomes: 

 
In general, both R and T depend on frequency. In order to know the total noise it is enough to 
integrate over all the bandwidth. Since the signal is real, it is possible to integrate over only the 
positive frequencies, then multiply by 2. Assuming that R and T are constants over all the 
bandwidth Δf, then the root mean square (RMS) value of the voltage across a resistor due to 
thermal noise is given by 

 
WHITE NOISE 

White noise is a random signal (or process) with a flat power spectral density. In other 
words, the signal contains equal power within a fixed bandwidth at any center frequency. White 
noise draws its name from white light in which the power spectral density of the light is 
distributed over the visible band in such a way that the eye's three color receptors (cones) are 
approximately equally stimulated. In statistical sense, a time series rt is called a white noise if 
{rt} is a sequence of independent and identically distributed (iid) random variables with finite 
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mean and variance. In particular, if rt is normally distributed with mean zero and variance σ , the 
series is called a Gaussian white noise. An infinite-bandwidth white noise signal is a purely 
theoretical construction. The bandwidth of white noise is limited in practice by the mechanism of 
noise generation, by the transmission medium and by finite observation capabilities. A random 
signal is considered "white noise" if it is observed to have a flat spectrum over a medium's 
widest possible bandwidth. 
 
White noise in a spatial context 

While it is usually applied in the context of frequency domain signals, the term white 
noise is also commonly applied to a noise signal in the spatial domain. In this case, it has an auto 
correlation which can be represented by a delta function over the relevant space dimensions. The 
signal is then "white" in the spatial frequency domain (this is equally true for signals in the 
angular frequency domain, e.g., the distribution of a signal across all angles in the night sky 
Statistical properties 

The image to the right displays a finite length, discrete time realization of a white noise 
process generated from a computer. Being uncorrelated in time does not restrict the values a 
signal can take. Any distribution of values is possible (although it must have zero DC 
components). Even a binary signal which can only take on the values 1 or -1 will be white if the 
sequence is statistically uncorrelated. Noise having a continuous distribution, such as a normal 
distribution, can of course be white. It is often incorrectly assumed that Gaussian noise (i.e., 
noise with a Gaussian amplitude distribution — see normal distribution) is necessarily white 
noise, yet neither property implies the other. Gaussianity refers to the probability distribution 
with respect to the value i.e. the probability that the signal has a certain given value, while the 
term 'white' refers to the way the signal power is distributed over time or among frequencies. We 
can therefore find Gaussian white noise, but also Poisson, Cauchy, etc. white noises. Thus, the 
two words "Gaussian" and "white" are often both specified in mathematical models of systems. 
Gaussian white noise is a good approximation of many real-world situations and generates 
mathematically tractable models. These models are used so frequently that the term additive 
white Gaussian noise has a standard abbreviation: AWGN. Gaussian white noise has the useful 
statistical property that its values are independent (see Statistical independence). White noise is 
the generalized mean-square derivative of the Wiener process or Brownian motion. 
Applications 

It is used by some emergency vehicle sirens due to its ability to cut through background 
noise, which makes it easier to locate. White noise is commonly used in the production of 
electronic music, usually either directly or as an input for a filter to create other types of noise 
signal. It is used extensively in audio synthesis, typically to recreate percussive instruments such 
as cymbals which have high noise content in their frequency domain. It is also used to generate 
impulse responses. To set up the equalization (EQ) for a concert or other performance in a venue, 
a short burst of white or pink noise is sent through the PA system and monitored from various 
points in the venue so that the engineer can tell if the acoustics of the building naturally boost or 
cut any frequencies. The engineer can then adjust the overall equalization to ensure a balanced 
mix. White noise can be used for frequency response testing of amplifiers and electronic filters. 
It is not used for testing loudspeakers as its spectrum contains too great an amount of high 
frequency content. Pink noise is used for testing transducers such as loudspeakers and 
microphones. 
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White noise is a common synthetic noise source used for sound masking by a tinnitus 
masker. White noise is a particularly good source signal for masking devices as it contains higher 
frequencies in equal volumes to lower ones, and so is capable of more effective masking for high 
pitched ringing tones most commonly perceived by tinnitus sufferers. White noise is used as the 
basis of some random number generators. For example, Random.org uses a system of 
atmospheric antennae to generate random digit patterns from white noise. White noise machines 
and other white noise sources are sold as privacy enhancers and sleep aids and to mask tinnitus. 
Some people claim white noise, when used with headphones, can aid concentration by masking 
irritating or distracting noises in a person's environment. 
 
MATHEMATICAL DEFINITION 
White random vector 

A random vector is a white random vector if and only if its mean vector and 
autocorrelation matrix are the following: 

 
 

That is, it is a zero mean random vector, and its autocorrelation matrix is a multiple of the 
identity matrix. When the autocorrelation matrix is a multiple of the identity, we say that it has 
spherical correlation. 
White random process (white noise) 

A continuous time random process w(t) where white noise process if and only if its mean 
function and autocorrelation function satisfy the following: 

 
 

i.e. it is a zero mean process for all time and has infinite power at zero time shift since its 
autocorrelation function is the Dirac delta function. The above autocorrelation function implies 
the following power spectral density. 

 
since the Fourier transform of the delta function is equal to 1. Since this power spectral density is 
the same at all frequencies, we call it white as an analogy to the frequency spectrum of white 
light. A generalization to random elements on infinite dimensional spaces, such as random fields, 
is the white noise measure. 
Random vector transformations 

Two theoretical applications using a white random vector are the simulation and 
whitening of another arbitrary random vector. To simulate an arbitrary random vector, we 
transform a white random vector with a carefully chosen matrix. We choose the transformation 
matrix so that the mean and covariance matrix of the transformed white random vector matches 
the mean and covariance matrix of the arbitrary random vector that we are simulating. To whiten 
an arbitrary random vector, we transform it by a different carefully chosen matrix so that the 
output random vector is a white random vector. These two ideas are crucial in applications such 
as channel estimation and channel equalization in communications and audio. These concepts are 
also used in data compression. 
Random signal transformations 

We cannot extend the same two concepts of simulating and whitening to the case of 
continuous time random signals or processes. For simulating, we create a filter into which we 
feed a white noise signal. We choose the filter so that the output signal simulates the 1st and 2nd 
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moments of any arbitrary random process. For whitening, we feed any arbitrary random signal 
into a specially chosen filter so that the output of the filter is a white noise signal. 
 
 
 
 
 
Simulating a continuous-time random signal 

 

 

 
White noise fed into a linear, time-invariant filter to simulate the 1st and 2nd moments of an 
arbitrary random process. 

 
6. Discuss about Entropy. 

Entropy of a Bernoulli trial as a function of success probability, often called the binary 
 entropy function, Hb(p). The entropy is maximized at 1 bit per trial when the two possible 
outcomes are equally probable, as in an unbiased coin toss. The entropy, H, of a discrete random 
variable X is a measure of the amount of uncertainty associated with the value of X. Suppose one 
transmits 1000 bits (0s and 1s). If these bits are known ahead of transmission (to be a certain 
value with absolute probability), logic dictates that no information has been transmitted. If, 
however, each is equally and independently likely to be 0 or 1, 1000 bits (in the information 
theoretic sense) have been transmitted. Between these two extremes, information can be 
quantified as follows. If is the set of all messages{x1,...,xn} that X could be, and p(x) is the 
probability of X given some , then the entropy of X is defined: 

 
(Here, I(x) is the self-information, which is the entropy contribution of an individual message, 
and is the expected value.) An important property of entropy is that it is maximized when all the 
messages in the message space are equiprobable p(x) = 1 / n,—i.e., most unpredictable—in 
which case H(X) = logn. The special case of information entropy for a random variable with two 
outcomes is the binary entropy function, usually taken to the logarithmic base 2: 
 

 
Joint entropy 

The joint entropy of two discrete random variables X and Y is merely the entropy of their 
pairing: (X,Y). This implies that if X and Y areindependent, then their joint entropy is the sum of 
their individual entropies. For example, if (X,Y) represents the position of a chess piece — X the 
row and Y the column, then the joint entropy of the row of the piece and the column of the piece 
will be the entropy of the position of the piece. 

www.rejinpaul.comwww.rejinpaul.com

Download Useful Materials from Rejinpaul.com



 
Despite similar notation, joint entropy should not be confused with cross entropy. 
Conditional entropy (equivocation) 

The conditional entropy or conditional uncertainty of X given random variable Y (also 
called the equivocation of X about Y) is the average conditional entropy over Y: 

 
Because entropy can be conditioned on a random variable or on that random variable being a 
certain value, care should be taken not to confuse these two definitions of conditional entropy, 
the former of which is in more common use. A basic property of this form of conditional entropy 
is that: 
 
 

 
Source Theory 

Any process that generates successive messages can be considered a source of 
information. A memoryless source is one in which each message is an independent 
identicallydistributed random variable, whereas the properties of ergodicity and stationarity 
impose more general constraints. All such sources are stochastic. These terms are well studied in 
their own right outside information theory. 
Rate 

Information rate is the average entropy per symbol. For memoryless sources, this is 
merely the entropy of each symbol, while, in the case of a stationary stochastic process, it is 

 
that is, the conditional entropy of a symbol given all the previous symbols generated. For the 
more general case of a process that is not necessarily stationary, the average rate is 

 
that is, the limit of the joint entropy per symbol. For stationary sources, these two expressions 
give the same result. It is common in information theory to speak of the "rate" or "entropy" of a 
language. This is appropriate, for example, when the source of information is English prose. The rate of a 
source of information is related to its redundancy and how well it can be compressed, the subject of 
source coding. 
 

7. Explain about Shannon–Fano coding . 
In the field of data compression, Shannon–Fano coding, named after Claude Elwood 

Shannon and Robert Fano, is a technique for constructing a prefix code based on a set of symbols 
and their probabilities (estimated or measured). It is suboptimal in the sense that it does not 
achieve the lowest possible expected code word length like Huffman coding; however unlike 
Huffman coding, it does guarantee that all code word lengths are within one bit of their 
theoretical ideal − logP(x). 

The technique was proposed in Shannon's "A Mathematical Theory of Communication", his 
1948 article introducing the field of information theory. The method was attributed to Fano, who 
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later published it as a technical report. Shannon–Fano coding should not be confused with 
Shannon coding, the coding method used to prove Shannon's noiseless coding theorem, or with 
Shannon-Fano-Elias coding (also known as Elias coding), the precursor to arithmetic coding. In 
Shannon–Fano coding, the symbols are arranged in order from most probable to least probable, 
and then divided into two sets whose total probabilities are as close as possible to being equal. 
All symbols then have the first digits of their codes assigned; symbols in the first set receive "0" 
and symbols in the second set receive "1". As long as any sets with more than one member 
remain, the same process is repeated on those sets, to determine successive digits of their codes. 
When a set has been reduced to one symbol, of course, this means the symbol's code is complete 
and will not form the prefix of any other symbol's code. The algorithm works, and it produces 
fairly efficient variable-length encodings; when the two smaller sets produced by a partitioning 
are in fact of equal probability, the one bit of information used to distinguish them is used most 
efficiently. Unfortunately, Shannon–Fano does not always produce optimal prefix codes; the set 
of probabilities {0.35, 0.17, 0.17, 0.16, 0.15} is an example of one that will be assigned non-
optimal codes by Shannon–Fano coding. For this reason, Shannon–Fano is almost never used; 
Huffman coding is almost as computationally simple and produces prefix codes that always 
achieve the lowest expected code word length, under the constraints that each symbol is 
represented by a code formed of an integral number of bits. This is a constraint that is often 
unneeded, since the codes will be packed end-to-end in long sequences. If we consider groups of 
codes at a time, symbol-by-symbol Huffman coding is only optimal if the probabilities of the 
symbols are independent and are some power of a half, i.e., . In most situations, arithmetic 
coding can produce greater overall compression than either Huffman or Shannon–Fano, since it 
can encode in fractional numbers of bits which more closely approximate the actual information 
content of the symbol. However, arithmetic coding has not superseded Huffman the way that 
Huffman supersedes Shannon–Fano, both because arithmetic coding is more computationally 
expensive and because it is covered by multiple patents. Shannon–Fano coding is used in the 
IMPLODE compression method, which is part of the ZIP file format. 
 
SHANNON–FANO ALGORITHM 

A Shannon–Fano tree is built according to a specification designed to define an effective 
code table. The actual algorithm is simple: 
1. For a given list of symbols, develop a corresponding list of probabilities or frequency counts 
so that each symbol‘s relative frequency of occurrence is known. 
2. Sort the lists of symbols according to frequency, with the most frequently occurring symbols 
at the left and the least common at the right. 
3. Divide the list into two parts, with the total frequency counts of the left half being as close to 
the total of the right as possible. 
4. The left half of the list is assigned the binary digit 0, and the right half is assigned the digit 1. 
This means that the codes for the symbols in the first half will all start with 0, and the codes in 
the second half will all start with 1. 
5. Recursively apply the steps 3 and 4 to each of the two halves, subdividing groups and adding 
bits to the codes until each symbol has become a corresponding code leaf on the tree. 
 
 
 
 

www.rejinpaul.comwww.rejinpaul.com

Download Useful Materials from Rejinpaul.com



Shannon–Fano Algorithm 
All symbols are sorted by frequency, from left to right (shown in Figure a). Putting the 

dividing line between symbols B and C results in a total of 22 in the left group and a total of 17 
in the right group. This minimizes the difference in totals between the two groups. With this 
division, A and B will each have a code that starts with a 0 bit, and the C, D, and E codes will all 
start with a 1, as shown in Figure b. Subsequently, the left half of the tree gets a new division 
between A and B, which puts A on a leaf with code 00 and B on a leaf with code 01. 
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