
Module -2
Physical Layer-2: Analog to digital conversion 
(only PCM). 
Transmission Modes.
Analog Transmission: Digital to analog conversion
Bandwidth Utilization: Multiplexing and Spread 
Spectrum.
Switching: Introduction, Circuit Switched
Networks and Packet switching.  



1) Explain different stages of PCM(pulse code modulation).
2) Explain the different types of transmission modes.
3) What is multiplexing? With neat diagram, explain FDM
4) What is multiplexing? With neat diagram, explain TDM
5) What is multiplexing? With neat diagram, explain WDM
6) What is  spread spectrum? Explain with an example direct 

sequence spread spectrum(DSSS).
7) What is  spread spectrum? Explain with an example 

frequency hopping spread spectrum.(FHSS).
8) What is multiplexing ? Differentiate  synchronous TDM with  

statistical TDM giving the working of both procedures in 
brief.

9) Explain the types of Digital to Analog 
conversion(FSK,ASK,PSK).



Analog to Digital conversion
• It is a process of converting Analog signal into digital data.
• Pulse Code Modulation
The technique to change analog signal to digital data is called pulse 

code modulation.
PCM has three processes
1)The analog signal is sampled.
2) The sampled signal is quantized.
3) The quantized values are encoded as stream of bits.





• Sampling The first step in PCM is sampling. The analog signal is 
sampled every Ts sec, where Ts is the sample interval or period. The 
inverse of the sampling interval is called the sampling rate or sampling 
frequency as Fs = 1/Ts. The sampling process is sometimes referred to as 
pulse amplitude modulation (PAM). 

Note: the result of PAM is still an analog signal with non integral values. 
There are three sample methods.

In ideal sampling , pulses from analog are sampled.
In natural sampling, high speed switch is turned on for only small period 

of time when the sampling occurs.
Flat-top , samples is done by using circuit.





• Quantization The result of sampling is a series of pulses with 
amplitude values between the maximum and minimum amplitudes 
of the signal.

• In example, assume that we have a sampled signal and the sample 
amplitudes are between -20 and +20v. We decide to have L=8. This 
means our ∆ = Vmax –Vmin / L. 

Step 1: Normalized PAM values (actual amplitude/∆) 
Step2: Normalized quantized values (middle value between two levels)
Step3: Quantization error (difference between Step 1 and step 2 values)
Step 4:Quantization code for each sample
Step5: encoded words





• Encoding The last step in PCM is encoding. After each sample is 
quantized and the number of bits per sample is decided, each sample can 
be changed to an n bit code word. 

• Note: the number of bits for each sample is determined from the number 
of quantization levels. 
Bit rate=sampling rate x number of bits per sample=fsxnb
The recovery of the original signal requires the PCM decoder.





Transmission modes
• The transmission of binary data across a link can be accomplished in 

either parallel or serial mode

Data 
transmission

serial

synchronous Asynchronous Isochronous

parallel



• Parallel transmission
Binary data consisting of 0’s and 1’s , may be organized into group of n
bits each. computers produce and consume data in group of bits.By
grouping we can send data n bits at a time instead of 1. This called
parallel transmission
Advantage: speed
Disadvantage: cost, It is limited to short distance.





Serial transmission
In serial transmission one bit follows another so we need one 

communication channel rather than n to transmit data between two 
communicating devices.

Advantage: cost is reduced by using one communication channel rather 
than n.

There are three subclasses of serial transmission: asynchronous, 
synchronous, and isochronous.

In asynchronous transmission, we send 1 start bit (0) at the beginning 
and 1 or more stop bits (1s) at the end of each byte. There may be a 
gap between each byte.

Asynchronous here means “asynchronous at the byte level,” but the 
bits are still synchronized; their durations are the same.

In synchronous transmission, we send bits one after another without 
start or stop bits or gaps. It is the responsibility of the receiver to 
group the bits





Isochronous transmission guarantees that data arrive at the fixed rate .

• Asynchronous transmission



• synchronous transmission



Analog Transmission
•• DIGITALDIGITAL--TOTO--ANALOG CONVERSIONANALOG CONVERSION
DigitalDigital--toto--analoganalog conversion is the process of changing one of theconversion is the process of changing one of the
characteristics of an analog signal based on the information in digital data. characteristics of an analog signal based on the information in digital data. 

 Aspects of Digital-to-Analog Conversion
 Amplitude Shift Keying
 Frequency Shift Keying
 Phase Shift Keying
 Quadrature Amplitude Modulation



• Digital to Analog Conversion
• Digital data needs to be carried on an analog signal.
• A carrier signal (frequency fc) performs the function of transporting 

the digital data in an analog waveform.
• The analog carrier signal is manipulated to uniquely identify the 

digital data being carried.

Fig: Digital-to-analog conversion



Fig:Types of digital-to-analog conversion



Aspects of Digital-to-Analog Conversion
Data element: It represents piece of information. Data element are what we need to send.

Signal element: It carries data elements. Signal elements are what we can send.

Data rate(bit rate): It defines the number of data elements sent in 1s,unit is 
bits per second(bps).

Signal rate(pulse rate,modulation rate,baud rate): It is the number of 
signals elements sent in 1s,unit is baud.



Amplitude Shift Keying
• ASK is implemented by changing the amplitude of a carrier signal to 

reflect amplitude levels in the digital signal.
• For example: a digital “1” could not affect the signal, where as a digital 

“0” would, by making it zero. 
• The line encoding will determine the values of the analog waveform to 

reflect the digital data being carried.
• Bandwidth of ASK
• The bandwidth B of ASK is proportional to the signal rate S.

B = (1+d)S
• “d” is due to modulation and filtering, lies between 0 and 1.



Fig:Binary amplitude shift keying

Fig: Implementation of binary ASK



Frequency Shift Keying

• The digital data stream changes the frequency of the carrier signal, 
fc.

• For example, a “1” could be represented by f1=fc +f, and a “0” 
could be represented by f2=fc-f.

• Bandwidth of FSK
• If the difference between the two frequencies (f1 and f2) is 2f, 

then the required BW B will be:
B = (1+d)xS +2f

Fig:Binary frequency shift keying

Fig:Binary frequency shift keying



Coherent and Non Coherent
• In a non-coherent FSK scheme, when we change from one 

frequency to the other, we do not adhere to the current phase of the 
signal. 

• In coherent FSK, the switch from one frequency signal to the other 
only occurs at the same phase in the signal.

Multi level FSK
• Similarly to ASK, FSK can use multiple bits per signal element.
• That means we need to provision for multiple frequencies, each one 

to represent a group of data bits.
• The bandwidth for FSK can be higher
• B = (1+d)xS + (L-1)/2f = LxS



Fig:Bandwidth of MFSK



Phase Shift Keying

• We vary the phase shift of the carrier signal to represent digital data.
• The bandwidth requirement, B is:
• B = (1+d)xS
• PSK is much more robust than ASK as it is not that vulnerable to 

noise, which changes amplitude of the signal.

Fig: Binary phase shift keying



• The simplest PSK is binary PSK in which we have only two signal 
elements , one with phase of 0 degree and other with 180 degree.one
advantage when compared binary ASK is :binary PSK less 
susceptible to noise.



Quadrature PSK

• Quadrature amplitude modulation is a combination of ASK and 
PSK.

• To increase the bit rate, we can code 2 or more bits onto one signal 
element.

• In QPSK, we parallelize the bit stream so that every two incoming 
bits are split up and PSK a carrier frequency. One carrier frequency 
is phase shifted 90o from the other - in quadrature.

• The two PSKed signals are then added to produce one of 4 signal 
elements. L = 4 here.



QPSK and its implementation



Fig:Constellation Diagrams

• A constellation diagram helps us to define the amplitude and phase of a 
signal when we are using two carriers, one in quadrature of the other.

• The X-axis represents the in-phase carrier and the Y-axis represents 
quadrature carrier

Fig: Concept of a constellation diagram



Categories of multiplexing
There are 3 types of Multiplexing.

1) Frequency Division Multiplexing ( FDM )

2) Wavelength Division Multiplexing (WDM)

3) Time Division Multiplexing ( TDM )



1) Frequency Division Multiplexing ( FDM)

FDM is an analog multiplexing technique that combines analog signal.

In FDM, Signals generated by each sending device modulate different
carrier frequencies. These modulated signals are then combined into a
single composite signal that can be transported by the link.

Guard Band – is the strip of unused Bandwidth to prevent signals from
overlapping.

In the figure, the transmission path is divided into three channels.



FDM  multiplexing process
Each telephone generates a signal of similar frequency . Inside the
multiplexer, these similar signals are modulated onto different carrier
frequencies f1, f2, f3. The resulting modulated signals are then
combined in to a single composite signal that is sent out over a media.



FDM demultiplexing example
The demultiplexer uses a series of filters to decompose the

multiplexed signal into its constituent component signals. The individual
signals are then passed to a demodulator that separates them from their
carriers and passes them to the receivers.



The  FDM hierarchy

To maximize the efficiency, Telephone connections use hierarchy of
multiplexed signals from low-band width lines to high bandwidth lines.
The hierarchy is made up of Groups, Super groups, Master groups, and
Jumbo group.



Examples of FDM

Broadcast radio- FM, AM, & television with 10 kHz, 200 kHz, & 6 MHz

Cellular Phones- A pool of frequency slots of 30 kHz each are shared by

the users with in a geographic cell.



2. Wave Division Multiplexing 
•WDM is an analog multiplexing technique to combine optical signals.

•WDM is conceptually the same as FDM, except that the multiplexing
and demultiplexing involve optical signals transmitted through fiber-
optic channels.

•The idea is the same: We are combining different signals of different
frequencies. The difference is that the frequencies are very high.



Prisms in WDM multiplexing and demultiplexing
A prism has the property of Combining and splitting of light
sources. A prism bends a beam of light based on the angle of
incidence and frequency. Using this technique, a multiplexer can be
made to combine several input beams into one output beam of a
wider band of frequencies. A demultiplexer can also be made to
reverse the process.



Advantages of WDM
1) Full duplex transmission is possible.
2) Easier to reconfigure.
3) Optical components are simpler, more reliable.
Disadvantages of WDM
1) Signals cannot be placed so close.
2) Light wave carrying WDM are limited to two point circuit.
Applications
SONET network in which multiple optical fiber lines are multiplexed 

and demultiplexed.



3.  Time – Division  Multiplex (TDM)

TDM is a single path and carrier frequency is used.TDM is a digital 

technology.Each user is assigned unique time slot for their operation.

TDM system is applied when the data rate capacity of the transmission 
medium is greater than the data rate required by sending and receiving 
devices.

TDM is more efficient than FDM because it doesn’t require guard bands 
and it operate in digital form.

TDM is a serial system, because the signal from each user follows, in time, 
the signal from another user.

The two basic forms of TDM

1)Synchronous Time Division Multiplexing.

2) Asynchronous Time Division Multiplexing or Statistical TDM



In the figure, connections 1,2,3, & 4 occupy a 
portion of the link. Fig:TDM



•In synchronous TDM, the data flow of each input connection is divided into units.

Each unit occupies one input time slot.A unit can be 1 bit,one character or one

block of data. Combination of units is called a frame.In synchronous TDM the data

rate of the link is n times faster and the unit duration is n times shorter.



Interleaving in TDM
TDM can be visualized as two fast rotating switches, one on

the multiplexing side and the other on the demultiplexing side. The
switches are synchronized and rotate at the same speed but in the
opposite directions. On the multiplexing side, as the switch opens in
front of a connection, that connection has the opportunity to send a
unit onto the path. This process is called interleaving. On the
demultiplexing side, as the switch opens in front of a connection, that
connection has the opportunity to receive a unit from the path.



Framing bits & Synchronization
If the multiplexer and demultiplexer are not

synchronized, a bit belongs to one channel may be received by the
wrong channel. For this reason, one or more synchronization bits are
added to the beginning of each frame. These bits are called framing
bits. These framing bits follow a pattern (Alternating 0 & 1) from
frame to frame.



Statistical time division multiplexing

• In statistical time division multiplexing, slots are dynamically 
allocated to improve bandwidth efficiency.

• Here, number of slots in each frame is less than the number of input 
lines. The number of time slots are used when they require and 
delete them when they are idle.

Advantages of TDM
1) TDM uses single link.
2) Use of capacity is high.
3) Easy to expand the number of users on a system simply and at a 

low cost.
Disadvantages of TDM
1) Sensitivity to user problem is high.
2) Noise problem
3) Technical complexity is more.



Spread Spectrum
• In Spread Spectrum(SS), we combine signals from different source to 

fit into larger bandwidth but our goal are to prevent eavesdropping 
and jamming. To achieve these goals Spread Spectrum techniques add 
redundancy.

• A signal that occupies a bandwidth of B is spread out to occupy a 
bandwidth of Bss

• All the signals are spread to occupy the same bandwidth Bss. Signals 
are spread in frequency domain or time domain.

• Spread Spectrum achieve its goals by two principles.
1) The bandwidth allocated to each station needs to be by far, larger 

than what is needed.This allows redundancy.
2) The expanding of the original bandwidth B to bandwidth Bss must 

be done by process that is independent of original signal.
• There are two techniques to spread bandwidth
1) Frequency hopping spread spectrum(FHSS)
2) Direct sequence spread spectrum(DSSS)





Frequency hopping spread spectrum(FHSS)
• The FHSS technique uses M different carrier frequencies that are 

modulated by the source signal.
• At one moment the signal modulates one carrier frequency; at the 

next moment the signal modulates another carrier frequency.
• The bandwidth occupied by source after sending is BFHSS>>B
• Fig shows general layout for FHSS.
• A Pseudorandom code generator called pseudorandom noise (PN) 

creates k bit pattern for every hopping period Th
• The frequency table uses the pattern to find the frequency to be 

used for the hopping period and passes it to the frequency 
synthesizer.

• The frequency synthesizer creates a carrier signal of that frequency 
and the source signal modulates the carrier signal.



• Suppose we have decided to have eight hopping frequencies.In this 
case M=8 and k=3.

• The pseudorandom code generator will create eight different 3 bit 
patterns. These are mapped in eight different frequency in the 
frequency table.







Direct sequence spread spectrum(DSSS)
• The DSSS technique also expands the bandwidth of the original signal 

but the process is different.
• In DSSS each bit is assigned a code of n bits called chips 
• In fig chips and result of multiplying the original data by the chips to get 

spread signal.
• The spreading code is 11 chips having the pattern 10110111000
• If the original rate is N the rate of spread signal is 11N
• This means that required bandwidth for the spread signal is 11 times 

larger than the bandwidth of original signal.







Switching
• A switched network consist of series interlinked nodes. These nodes 

are called switches .The switches provides temporary connection 
between two or more links within the network.



• A circuit switched network
• A circuit switched network consist of set of switches connected by 

physical links.Each physical link contains n channels by using FDM 
or TDM.

• A trivial circuit switched network having four switches and four 
links.

• The circuit switching takes place at physical layer.The resources 
need to be reserved during entire data transfer process.The data is 
transferred as a continuous flow.There is no addressing involved 
when data transfer takes place.

• Three phases
In circuit switched network data transfer takes place in three phases
1) Connection setup:For successful communication there is need to 

establish end to end connection.This is done by dedicated link to 
the switches.

2) Data transfer phase:once dedicated connection is established data 
transfer takes place.

3) Tear down phase:When any of the end device needed to 
disconnect, a signal is sent to all switches to release resource.





• Efficiency
• The circuit switched networks are not efficient because resources are 

dedicated.The resources are not available to other connections.
• The circuit switched network used in telephony is terminated as 

subscriber disconnects the link.
• Delay
• In circuit switched network, during data transfer the data are not 

delayed at each switch



• Circuit switched technology in telephone
• Actually telephone system is analog system but it employs 

considerable digital techniques for transmission and control.
• Each telephone has unique 10 digit identification code.Telephone

can be connected by switching system.
• Major components of Telephone networks
1)Local loops/Subscriber loop
The two wire twisted pair connection between telephone and central 

office is called local loop.
By using these two wires full duplex communication with dialling and 

signaling is possible.
2) Trunks
Trunks are transmission media which performs communication 

between offices.Transmission is usually through optic fibres,leased
line or satellites links.

3) Switching office
A switching office contains number of switches that connects two 

subscriber through physical link





Packet Switched Network


