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Unit-II  

Sampling theorem, sampling of band pass signals, Pulse Amplitude Modulation (PAM), types of 

sampling (natural, flat-top), equalization, signal reconstruction and reconstruction filters, aliasing and 

anti-aliasing filter, Pulse Width Modulation (PWM), Pulse Position Modulation (PPM). Digital 

transmission of Analog Signals Quantization, quantization error, Pulse Code Modulation (PCM), 

companding, scrambling, TDM-PCM, Differential PCM, Delta modulation, Adaptive Delta modulation, 

vocoders. 

Sampling  

Sampling is defi ed as, The p o ess of easu i g the i sta ta eous alues of o ti uous-time signal 

i  a dis ete fo .  

 

Sampling Theorem 

The sampling theorem, which is also called as Nyquist theorem, delivers the theory of sufficient 

sample rate in terms of bandwidth for the class of functions that are band limited .The sampling 

theo e  states that, a sig al a  e e a tly reproduced if it is sampled at the rate fs which is greater 

than twice the maximum frequency W.  

 

Fs =2W 

Where, 

Fs= sampling frequency 

W = highest frequency 

 

Sampling Rate 

To discretize the signals, the gap between the samples should be fixed. That gap can be termed as a 

sampling period Ts. 

Sampling Frequency=1/Ts=fs 

Where, 

Ts=   sampling time 

fs= sampling frequency or the sampling rate 

 

Sampling frequency 

 Sampling frequency is the reciprocal of the sampling period. This sampling frequency, can be simply 

called as sampling rate. The sampling rate denotes the number of samples taken per second, or for 

a finite set of values. 

 

Nyquist Rate 

It is the minimum sampling rate at which signal can be converted into samples and can be recovered 

back without distortion. 

Nyquist rate fN = 2fm Hz 

Nyquist interval = �  = �  

 

Sampling of band pass signals 

I  ase of a d pass sig als, the spe t u  of a d pass sig al X[ω] =  for the frequencies outside 

the range f1 ≤ f ≤ f2. The frequency f1 is always greater than zero. Plus, there is no aliasing effect when 

fs > 2f2. But it has two disadvantages: 

 The sampling rate is large in proportion with f2. This has practical limitations. 

 The sampled signal spectrum has spectral gaps. 

To overcome this, the band pass theorem states that the input signal x(t) can be converted into its 

samples and can be recovered back without distortion when sampling frequency fs < 2f2. 

Also 

fs= 1/T = 2f2/ m 
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Where m is the largest integer < f2 /B 

And B is the bandwidth of the signal.  If f2=KB, then 

fs=�=
�

 

For band pass signals of bandwidth 2fm and the minimum sampling rate 

 fs= 2 B = 4fm. the spectrum of sampled signal is given by  

y(t)]= � ∑   P nω x ω − nB∞= −∞  

 

Pulse Amplitude Modulation (PAM): 

The pulse amplitude modulation is an analog type of modulation. In the pulse amplitude modulation, 

the message signal is sampled at regular periodic or time intervals and this each sample is made 

proportional to the magnitude of the message signal. These sample pulses can be transmitted directly 

using wired media or we can use a carrier signal for transmitting through wireless. There are two 

types of sampling techniques for transmitting messages using pulse amplitude modulation, they are 

 

FLAT TOP PAM: The amplitude of each pulse is directly proportional to instantaneous modulating 

signal amplitude at the time of pulse occurrence and then keeps the amplitude of the pulse for the 

rest of the half cycle. 

 

Natural PAM:  

The amplitude of each pulse is directly proportional to the instantaneous modulating signal 

amplitude at the time of pulse occurrence and then follows the amplitude of the modulating signal 

for the rest of the half cycle. 

Flat top PAM is the best for transmission because we can easily remove the noise and we can also 

easily recognize the noise. When we compare the difference between the flat top PAM and natural 

PAM, flat top PAM principle of sampling uses sample and hold circuit. In natural principle of sampling, 

noise interference is minimum.  

 

Advantages of Pulse Amplitude Modulation (PAM): 

 It is the base for all digital modulation techniques and it is simple process for both modulation 

and demodulation technique. 

 No complex circuitry is required for both transmission and reception. Transmitter and 

receiver circuitry is simple and easy to construct. 

 PAM can generate other pulse modulation signals and can carry the message or information 

at same time. 

 

Disadvantages of Pulse Amplitude Modulation (PAM): 

 Bandwidth should be large for transmitting the pulse amplitude modulation signal. Due to 

Nyquist criteria also high bandwidth is required. 

 The frequency varies according to the modulating signal or message signal. Due to these 

variations in the signal frequency, interferences will be there. So noise will be great. For PAM, 

noise immunity is less when compared to other modulation techniques. It is almost equal to 

amplitude modulation. 

 Pulse amplitude signal varies, so power required for transmission will be more, peak power is 

also, even at receiving more power is required to receive the pulse amplitude signal. 

 

Applications of Pulse Amplitude Modulation (PAM): 

 It is mainly used in Ethernet which is type of computer network communication, we know 

that we can use Ethernet for connecting two systems and transfer data between the systems. 

Pulse amplitude modulation is used for Ethernet communications. 

 It is also used for photo biology which is a study of photosynthesis. 

 Used as electronic driver for LED lighting. 
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 Used in many micro controllers for generating the control signals etc. 

 

Signals Sampling Techniques 

There are two   types of sampling techniques: 

 Natural sampling. 

 Flat Top sampling. 

 

Natural Sampling 

Natural sampling takes a slice of the waveform, and the top of the slice preserves the shape of the 

waveform. Natural sampling is similar to impulse sampling, except the impulse train is replaced by 

pulse train of period T. i.e. you multiply input signal x(t) to pulse train ∑ � −∞=−∞  as shown 

below. 

 
 

Natural Sampling 

 

The output of sampler is 

 

y(t)=x(t)×pulse train 

 

=x(t)×p(t) 

 

=x(t)×p(t) 

 

=x(t)× ∑ � −∞=−∞ ......(1) 

 

The exponential Fourier series representation of p(t) can be given as 

 

p(t)=∑ Fn �∞= −∞ ......(2) 

 

= ∑ Fn ��∞−∞  

A 

x(t)) 

C(t) 

m(t) 
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Where Fn = � ∫ � − ��/−�/  

 

               ==  � P(n�) 

 

Substitute Fn value in equation 2 

 

p(t)=∑ �   P nω �∞= −∞  

 

p(t) = � ∑   P nω �∞= −∞  

 

Substitute p(t) in equation 1 

 

Y(t) =x(t)×p(t) 

 

Y(t) =x(t)× � ∑   P nω �∞= −∞  

 

To get the spectrum of sampled signal, consider the Fourier transform on both sides. 

 

F.T.[y(t)]= F.T.[� ∑   P nω x t �∞= −∞ ] 

 

According to frequency shifting property 

 

y(t)] � ∑   P nω x ω − nω∞= −∞  

 

Flat top sampling. A very common, and easily implemented method of sampling of an analog signal 

uses the sample-and-hold operation. During transmission, noise is introduced at top of the 

transmission pulse which can be easily removed if the pulse is in the form of flat top. Here, the top 

of the samples are flat i.e. they have constant amplitude. Hence, it is called as flat top sampling or 

practical sampling. Flat top sampling makes use of sample and hold circuit. 
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Flat Top sampling 

 

Theoretically, the sampled signal can be obtained by convolution of rectangular pulse p(t) with 

ideally sampled signal say yδ(t) as shown in the diagram: 

 

 y(t) = p(t)× δ(t)......(1) 

 

By the knowledge of convolution property, 

 

Y[ω]=P(ω)Yδ(ω) 

 

Here P(ω)=T Sa(
��

)=2si ωT/ω 

 

Equalizers 

In telecommunication, equalization is the reversal of distortion incurred by a signal transmitted 

through a channel. Equalizers are used to render the frequency response—for instance of a 

telephone line—flat from end-to-end. When a channel has been equalized the frequency 

domain attributes of the signal at the input are faithfully reproduced at the output. 

Telephones, DSL lines and television cables use equalizers to prepare data signals for transmission. 

Equalizers are critical to the successful operation of electronic systems such as analog broadcast 

television. In this application the actual waveform of the transmitted signal must be preserved, not 

just its frequency content. Equalizing filters must cancel out any group delay and phase 

delay between different frequency components. 

 

Signal reconstruction 

By passing the ideally sampled signal gδ(t) through an low pass filter ( called Reconstruction filter ) 

having the transfer function HR(f) with bandwidth, B satisfying the condition W≤ B ≤ f s – W) , we  

A 

x(t)) 

C(t) 

m(t) 
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can reconstruct the signal g(t).  For an ideal reconstruction filter the bandwidth B is equal to W. 

 

The output of LPF is, gR(t) = gδ (t) * hR(t) 

 

Where hR(t) is the impulse response of the filter. 

 

Reconstruction filters 

From the sampled signals gI(nTs) and gQ(nTs), the signals gI(t) and gQ(t) are obtained. To reconstruct 

the original band pass signal, multiply the signals gI t   os πf t  a d si πf t  espe ti el  a d 
then add the results. 

 
Aliasing and Antialiasing filter 

Aliasi g a  e efe ed to as the phe o e o  of a high-frequency component in the spectrum of 

a signal, taking on the identity of a low-frequency component in the spectrum of its sampled version. 

The corrective measures taken to reduce the effect of Aliasing are  

 In the transmitter section of PCM, a low pass anti-aliasing filter is employed, before the 

sampler, to eliminate the high frequency components, which are unwanted. 

 The signal which is sampled after filtering, is sampled at a rate slightly higher than the Nyquist 

rate. 

 

Pulse Width Modulation (PWM) 

It is a type of analog modulation. In pulse width modulation or pulse duration modulation, the width 

of the pulse carrier is varied in accordance with the sample values of message signal or modulating 

signal or modulating voltage. In pulse width modulation, the amplitude is made constant and width 

of pulse and position of pulse is made proportional to the amplitude of the signal. We can generate 

pulse width using different circuitry. In practical, we use 555 Timer which is the best way for 

generating the pulse width modulation signals. By configuring the 555 timer as mono stable or a 

stable multi vibrator, we can generate the PWM signals. 

                                                

 
Generation of PWM 

Advantages of Pulse Width Modulation (PWM): 

 As like pulse position modulation, noise interference is less due to amplitude has been made 

constant. 

 Signal can be separated very easily at demodulation and noise can also be separated easily. 

 Synchronization between transmitter and receiver is not required unlike pulse position 

modulation. 
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Disadvantages of Pulse Width Modulation (PWM): 

 Power will be variable because of varying in width of pulse. Transmitter can handle the power 

even for maximum width of the pulse. 

 Bandwidth should be large to use in communication, should be huge even when compared to 

the pulse amplitude modulation. 

 

Applications of Pulse Width Modulation (PWM): 

 PWM is used in telecommunication systems. 

 PWM can be used to control the amount of power delivered to a load without incurring the 

losses. So, this can be used in power delivering systems. 

 Audio effects and amplifications purposes also used. 

 PWM signals are used to control the speed of the robot by controlling the motors. 

 PWM is also used in robotics. 

 Embedded applications. 

 Analog and digital applications etc. 

 

Pulse Position Modulation (PPM): 

In the pulse position modulation, the position of each pulse in a signal by taking the reference signal 

is varied according to the sample value of message or modulating signal instantaneously. In the pulse 

position modulation, width and amplitude is kept constant. It is a technique that uses pulses of the 

same breath and height but is displaced in time from some base position according to the amplitude 

of the signal at the time of sampling. Pulse width generator is used for generating pulse width 

modulation signal which will help to trigger the mono stable multi vibrator; here trial edge of the 

PWM signal is used for triggering the mono stable multi vibrator. After triggering the mono stable 

multi vibrator, PWM signal is converted into pulse position modulation signal. For demodulation, it 

requires reference pulse generator, flip-flop and pulse width modulation demodulator. 

 

 
                                                       Generation of PWM and PPM 

 

Advantages of Pulse Position Modulation (PPM): 

 Pulse position modulation has low noise interference when compared to PAM because 

amplitude and width of the pulses are made constant during modulation. 

 Noise removal and separation is very easy in pulse position modulation. 

 Power usage is also very low when compared to other modulations due to constant pulse 

amplitude and width. 

 

Disadvantages of Pulse Position Modulation (PPM): 

 The synchronization between transmitter and receiver is required, which is not possible for 

every time and we need dedicated channel for it. 

 Large bandwidth is required for transmission same as pulse amplitude modulation. 
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 Special equipments are required in this type of modulations. 

 Applications of Pulse Position Modulation (PPM): 

 Used in non-coherent detection where a receiver does not need any Phase lock loop for 

tracking the phase of the carrier. 

 Used in radio frequency (RF) communication. 

 Also used in contactless smart card, high frequency, RFID (radio frequency ID) tags and etc. 

 

Digital transmission of Analog Signals 

To transmit analog message signals, such as voice and video signals, by digital means, the signal has 

to be converted to a digital signal. This process is known as the analog-to-digital conversion, or 

sometimes referred as digital pulse modulation. 

 

Quantization 

The process of transforming sampled amplitude values of a message signal into a discrete 

amplitude value is referred to as Quantization. 

The quantization Process has a two-fold effect: 

1. The peak-to-peak range of the input sample values is subdivided into a finite set of decision 

levels or decision thresholds that are aligned with the risers of the staircase. 

2. The output is assigned a discrete value selected from a finite set of representation levels 

that are aligned with the treads of the staircase. 

A Quantizer is memory less in that the Quantizer output is determined only by the value of a 

corresponding input sample, independently of earlier analog samples applied to the input. 

 

Types of Quantizer: 

1. Uniform Quantizer    2.Non Uniform Quantizer     

In Uniform type, the quantization levels are uniformly spaced, whereas in non-uniform type the 

spacing between the levels will be unequal and mostly the relation is logarithmic. 

Types of Uniform Quantizer: (based on I/P - O/P Characteristics) 

1. Mid-Rise type Quantizer 

2. Mid-Tread type Quantizer 

In the stair case like graph, the origin lies the middle of the tread portion in mid –Tread 

type whereas the origin lies in the middle of the rise portion in the Mid-Rise type. 

Mid – tread type: Quantization levels – odd number. 

Mid – Rise type: Quantization levels – even number. 

 

 

 

 

 

 

 

 

 

              

                    

                      

 

 

Input output characteristics of Mid-Tread type Quantizer 
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Input output characteristics of Mid-Rice type Quantizer 

 

Quantization error 

For any system, during its functioning, there is always a difference in the values of its input and 

output. The processing of the system results in an error, which is the difference of those values. The 

difference between an input value and its quantized value is called a Quantization Error. A Quantizer 

is a logarithmic function that performs Quantization (rounding off the value). An analog-to-digital 

converter (ADC) works as a Quantizer. 

 

Pulse Code Modulation (PCM) 

Pulse Code Modulation (PCM) is an extension of PAM wherein each analogue sample value is 

quantized into a discrete value for representation as a digital code word. PAM system can be 

converted into a PCM system by adding a suitable analogue-to-digital (A/D) converter at the source 

and a digital-to-analogue (D/A) converter at the destination. PCM is a true digital process as 

compared to PAM. In PCM the speech signal is converted from analogue to digital form.  

PCM is standardized for telephony by the ITU-T (International Telecommunications Union - Telecoms, 

a branch of the UN), in a series of recommendations called the G series. For example the ITU-T 

recommendations for out-of-band signal rejection in PCM voice coders require that 14 dB of 

attenuation is provided at 4 kHz. Also, the ITU-T transmission quality specification for telephony 

terminals require that the frequency response of the handset microphone has a sharp roll-off from 

3.4 kHz. 

                                                                     PCM Transmitter  

 

 

 

 

 

 

 

 

 

In quantization the levels are assigned a binary code word. All sample values falling between two 

quantization levels are considered to be located at the center of the quantization interval. In this 

manner the quantization process introduces a certain amount of error or distortion into the signal 

samples. This error known as by establishing a large number of small quantization intervals. Of 

course, as the number of quantization intervals increase, so must the number or bits increase to 
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uniquely identify the quantization intervals. For example, if an analogue voltage level is to be 

converted to a digital system with 8 discrete levels or quantization steps three bits are required. In 

the ITU-T version there are 256 quantization steps, 128 positive and 128 negative, requiring 8 bits. A 

positive level is represented by having bit 8 (MSB) at 0, and for a negative level the MSB is 

1.Quantization noise, is minimized. 

                                                                     PCM Receiver 

 

Companding                                                         

The word Companding is a combination of Compressing and Expanding, which means that it does 

both. This is a non-linear technique used in PCM which compresses the data at the transmitter and 

expands the same data at the receiver. The effects of noise and crosstalk are reduced by using this 

technique. 

There are two types of Companding techniques. They are  

 

A-law Companding Technique 

 Uniform quantization is achieved at A = 1, where the characteristic curve is linear and no 

compression is done. 

 A-law has mid-rise at the origin. Hence, it contains a non-zero value. 

 A-law companding is used for PCM telephone systems. 

 

µ-law Companding Technique 

 Uniform quantization is achieved at µ = 0, where the characteristic curve is linear and no 

compression is done. 

 µ-law has mid-tread at the origin. Hence, it contains a zero value. 

 µ-law companding is used for speech and music signals. 

 µ-law is used in North America and Japan. 

 

 

Scrambling 

Scrambling is process by which long bit stream at receiver side are broken. Sometimes it is difficult 

to identify correct bit or voltage level in long bit stream .hence scrambler is device which perform 

scrambling process. 

 

TDM-PCM 

When sending samples of a signal instead of the signal itself there is time available between each of 

the samples. Samples from other analogue signals can be put into this space. The process of splitting 

up the time into slots and putting different signals into the time slots is known as Time Division 

Multiplexing (TDM). A basic real TDM system interleaves 32 signals and uses electronic switches.  This 

is a diagram of a 3 channel PAM-TDM system. 

The switches connect the transmitter and the receiver to each of the channels in turn for a specific 

interval of time. In effect each channel is sampled and the sample is transmitted when the switches 

are in the channel 1 position, channel 1 forms a PAM channel with an LPF for reconstruction, and 

so on for channels 2 and 3. The result is that the amplitudes samples from each channel share the 

line sequentially, becoming interleaved to form a complex PAM wave, as shown above. 
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TDM-PCM 

 

 

A major problems in any TDM system is the synchronization of the transmitter and receiver timing 

circuits. The transmitter and receiver must switch at the same time and frequency. Also SW1 must 

be in the channel 1 position when SW2 is in the channel 1 position, so that the switches must be 

synchronized in position also. In a system that uses analogue modulation (PAM) the time slots are 

separated by guard slots to prevent crosstalk between channels. 

 

Differential PCM 

For the samples that are highly correlated, when encoded by PCM technique, leave redundant 

information behind. To process this redundant information and to have a better output, it is a wise 

decision to take a predicted sampled value, assumed from its previous output and summarize them 

with the quantized values. Such a process is called as Differential PCM (DPCM) technique. 

 

DPCM Transmitter 

The DPCM Transmitter consists of Quantizer and Predictor with two summer circuits. Following is the 

block diagram of DPCM transmitter 
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DPCM Receiver 

The block diagram of DPCM Receiver consists of a decoder, a predictor, and a summer circuit. 

Following is the diagram of DPCM Receiver.  

 

 
DPCM Receiver 

The notation of the signals is the same as the previous ones. In the absence of noise, the encoded 

receiver input will be the same as the encoded transmitter output. As mentioned before, the 

predictor assumes a value, based on the previous outputs. The input given to the decoder is 

processed and that output is summed up with the output of the predictor, to obtain a better output. 

The sampling rate of a signal should be higher than the Nyquist rate, to achieve better sampling. If 

this sampling interval in Differential PCM is reduced considerably, the sample to-sample amplitude 

difference is very small, as if the difference is 1-bit quantization, then the step-size will be very small 

i.e., Δ (delta). 

 

Delta Modulation 

The type of modulation, where the sampling rate is much higher and in which the step size after 

quantization is of a smaller value Δ, such a modulation is termed as delta modulation. 

 

Features of Delta Modulation 

Following are some of the features of delta modulation. 

 An over-sampled input is taken to make full use of the signal correlation. 

 The quantization design is simple. 

 The input sequence is much higher than the Nyquist rate. 

 The quality is moderate. 

 The design of the modulator and the demodulator is simple. 

 The stair-case approximation of output waveform. 

 The step-size is very small, i.e., Δ (delta). 

 The bit rate can be decided by the user. 

 This involves simpler implementation. 

Delta Modulation is a simplified form of DPCM technique, also viewed as 1-bit DPCM scheme. As the 

sampling interval is reduced, the signal correlation will be higher. 

 

Delta Modulator 

The Delta Modulator comprises of a 1-bit Quantizer and a delay circuit along with two summer 

circuits. Following is the block diagram of a delta modulator. 
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Delta Modulator 

 

Delta Demodulator 

The delta demodulator comprises of a low pass filter, a summer, and a delay circuit. The predictor 

circuit is eliminated here and hence no assumed input is given to the demodulator. Following is the 

diagram for delta demodulator. 

 

 
                                     Delta Demodulator 

A binary sequence will be given as an input to the demodulator. The stair-case approximated output 

is given to the LPF. 

Low pass filter is used for many reasons, but the prominent reason is noise elimination for out-of-

band signals. The step-size error that may occur at the transmitter is called granular noise, which is 

eliminated here. If there is no noise present, then the modulator output equals the demodulator 

input. 

 

Advantages of DM Over DPCM 

 1-bit Quantizer 

 Very easy design of the modulator and the demodulator 

However, there exists some noise in DM. 

 Slope Over load distortion (when Δ is small) 

 Granular noise (when Δ is large) 
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Adaptive Delta Modulation (ADM) 

In digital modulation, we have come across certain problem of determining the step-size, which 

influences the quality of the output wave. A larger step-size is needed in the steep slope of 

modulating signal and a smaller stepsize is needed where the message has a small slope. The minute 

details get missed in the process. So, it would be better if we can control the adjustment of step-size, 

according to our requirement in order to obtain the sampling in a desired fashion. This is the concept 

of Adaptive Delta Modulation. Following is the block diagram of Adaptive delta modulator 

 

 

 
                                                      Adaptive delta modulator 

The gain of the voltage controlled amplifier is adjusted by the output signal from the sampler. The 

amplifier gain determines the step-size and both are proportional. ADM quantizes the difference 

between the value of the current sample and the predicted value of the next sample. It uses a variable 

step height to predict the next values, for the faithful reproduction of the fast varying values. 

 

Voice coders (vocoder) 

A vocoder (short for voice encoder) is an analysis/synthesis system, used to reproduce human 

speech. In the encoder, the input is passed through a multiband filter, each band is passed through 

an envelope follower, and the control signals from the envelope followers are communicated to the 

decoder. The decoder applies these (amplitude) control signals to corresponding filters in the 

(re)synthesizer. 
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We hope you find these notes useful. 

You can get previous year question papers at  

https://qp.rgpvnotes.in . 

 

If you have any queries or you want to submit your 

study notes please write us at 
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