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UNIT-II 

1.1 MULTIPLEXING  

In telecommunications and computer networks, multiplexing (sometimes contracted to muxing) is a method 

by which multiple analog or digital signals are combined into one signal over a shared medium. The aim is to 

share a scarce resource. For example, in telecommunications, several telephone calls may be carried using one 

wire. Multiplexing originated in telegraphy in the 1870s, and is now widely applied in communications. In 

telephony, George Owen Squier is credited with the development of telephone carrier multiplexing in 1910. 

The multiplexed signal is transmitted over a communication channel such as a cable. The multiplexing divides 

the capacity of the communication channel into several logical channels, one for each message signal or data 

stream to be transferred. A reverse process, known as demultiplexing, extracts the original channels on the 

receiver end. 

A device that performs the multiplexing is called a multiplexer (MUX), and a device that performs the reverse 

process is called a demultiplexer (DEMUX or DMX). 

Inverse multiplexing (IMUX) has the opposite aim as multiplexing, namely to break one data stream into 

several streams, transfer them simultaneously over several communication channels, and recreate the original 

data stream. 

The set of techniques that allows the simultaneous transmission of multiple signals across a single data link. 

1. Frequency-Division Multiplexing (FDM)  

2. Wavelength-Division Multiplexing (WDM)  

3. Time-Division Multiplexing (TDM)  

4. Code-Division Multiplexing (CDM) 

 

2.1a Frequency-Division Multiplexing Division Multiplexing (FDM)  

• Ea h logi al ha el is t a s itted o  a sepa ate f e ue .  
• Tele isio  a d adio uses FDM to oad ast a  ha els o e  the sa e edia.  
• Filte s sepa ate the ultiplexed signal back into its constituent component signals 

 
Fig 2.1a 
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Fig 2.1b 

2.1b Wavelength Division Multiplexing  

• Theo eti all  ide ti al to F e ue  Di isio  Multiple i g.  
• Used i  opti al s ste s hile FDM is used i  ele t i al s ste s.  
• Re uires more spacing between channels 

In fiber-optic communications, wavelength-division multiplexing (WDM) is a technology which multiplexes a 

number of optical carrier signals onto a single optical fiber by using different wavelengths (i.e., colors) of laser 

light. This technique enables bidirectional communications over one strand of fiber, as well as multiplication of 

capacity. 

The term wavelength-division multiplexing is commonly applied to an optical carrier, which is typically 

described by its wavelength, whereas frequency-division multiplexing typically applies to a radio carrier which 

is more often described by frequency. This is purely convention because wavelength and frequency 

communicate the same information. 

 

Fig 2.2 

2.1c Time-Division Multiplexing Division Multiplexing (TDM)  

• ultiple t a s issio s a  o up  a si gle li k  su di idi g the  a d i te lea i g the po tio s  
• We efe  to TDM as a ou d o i  use of a f e ue   
• TDM a  e i ple e ted i  t o a s: . “ h o ous TDM . As h onous TDM 

2.1c.a  Synchronous TDM 

The multiplexer allocates exactly the same time slot to each device at all times, whether or not a device has 

anything to transmit  
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• A f a e o sists of o e o plete le of ti e slots. Thus the u e  of slots i  f a e is equal to the 

number of inputs. 

 
 

Fig 2.3 

2.1c.b Asynchronous TDM (or statistical time (or statistical time-division multiplexing) 

Each slot in a frame is not dedicated to the fix device  

• The u e  of slots i  a f a e is ot e essa  to e e ual to the number of input devices. More than one 

slots in a frame can be allocated for an input device. Asynchronous TDM (or statistical time (or statistical time-

division multiplexing) division multiplexing)  

• Allo s a i u  utilizatio  of the li k. It allo s a number of lower speed input lines to be multiplexed to a 

single higher speed line 

 
Fig 2.4 

 

 
 

Fig 2.5 

Code Division Multiplexing  
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• “e ds a  sig als o  hips  pe  it.  
• Ea h se de  uses a u i ue patte  of hips.  
• Ma  use ultiple f e ue ies for spread spectrum communication.  

• Co o  ith i eless s ste s. 
 

2.2 NORTH AMERICAN DIGITAL TELEPHONE HIERARCHY 

To take advantage of merits of TDM and digital transmission, the common carriers employ a hierarchy of 

multiplexing. 

 

 
Fig 2.6 

T1 Carrier System 

T1 carrier systems were designed to combine PCM and TDM Techniques for the transmission of 24 64Kbps 

channels with each channel Capable of Carrying Digitally encoded voice band telephone signals or data. The 

transmission bit rate (line speed) for a T1 carrier is 1.544 Mbps. 

All 24 DS-0 channels combined has a data rate of 1.544Mbps, this digital signal level is called DS-1. Therefore 

T1 lines are referred as DS-1 lines. 

 

Fig 2.7 

T2 Carrier System 

T2 carriers time division multiplex 96 64-Kbps voice or data channels into a single 6.312 Mbps data signal for 

transmission over twisted pair copper wire upto 500 miles over a special metallic cable. 

 

T3 Carrier system 

T3 carriers Time division multiplex 672 64-kbps voice or data channels for transmission over a single coaxial 

cable. The transmission rate is 44.736 Mbps. 
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T4 Carrier System 

T4 carriers time division multiplex 4032 64-kbps voice or data channels for transmitting over a single T4 coaxial 

cable upto 500 mile. The transmission rate is very high i.e. 274.16Kbps. 

 

T5 Carrier System 

T5 carriers time division multiplex 8064 64Kbps voice or data channels and transmit them at 560.16Mbps over 

a single coaxial cable. 

 

2.3 EUROPEAN TDM 

The E-carrier is a member of the series of carrier systems developed for digital transmission of many 

simultaneous telephone calls by time-division multiplexing. The European Conference of Postal and 

Telecommunications Administrations (CEPT) originally standardized the E-carrier system, which revised and 

improved the earlier American T-carrier technology, and this has now been adopted by the International 

Telecommunication Union Telecommunication Standardization Sector (ITU-T). It was widely adopted in almost 

all countries outside the US, Canada, and Japan. E-carrier deployments have steadily been replaced by 

Ethernet as telecommunication networks transitions towards all IP. 

 

E1 frame structure 

An E1 link operates over two separate sets of wires, usually Unshielded twisted pair (balanced cable) or using 

coaxial (unbalanced cable). A nominal 3 volt peak signal is encoded with pulses using a method avoiding long 

periods without polarity changes. The line data rate is 2.048 Mbit/s (full duplex, i.e. 2.048 Mbit/s downstream 

and 2.048 Mbit/s upstream) which is split into 32 timeslots, each being allocated 8 bits in turn. Thus each 

timeslot sends and receives an 8-bit PCM sample, usually encoded according to A-law algorithm, 8,000 times 

per second (8 × 8,000 × 32 = 2,048,000). This is ideal for voice telephone calls where the voice is sampled at 

that data rate and reconstructed at the other end. The timeslots are numbered from 0 to 31. 

Frame alignment 

In an E1 channel, communication consists of sending consecutive frames from the transmitter to the receiver. 

The receiver must receive an indication showing when the first interval of each frame begins, so that, since it 

knows to which channel the information in each time slot corresponds, it can demultiplex correctly. This way, 

the bytes received in each slot are assigned to the correct channel. A synchronization process is then 

established, and it is known as frame alignment.The E1 frame defines a cyclical set of 32 time slots of 8 bits. 

The time slot 0 is devoted to transmission management and time slot 16 for signaling; the rest were assigned 

originally for voice/data transport. 

Frame-alignment signal 

In order to implement the frame alignment system so that the receiver of the frame can tell where it begins, 

there is so called a frame alignment signal (FAS). In the 2 Mbit/s frame system, the FAS is a combination of 

seven fixed bits ("0011011") transmitted in the first time slot in the frame (time slot zero or TS0). For the 

alignment mechanism to be maintained, the FAS does not need to be transmitted in every frame. Instead, this 

signal can be sent in alternate frames (in the first, in the third, in the fifth, and so on). In this case, TS0 is used 

as the synchronization slot. The TS0 of the rest of the frames is therefore available for other functions, such as 

the transmission of the alarms. 

Special timeslots 

One timeslot (TS0) is reserved for framing purposes, and alternately transmits a fixed pattern. This allows the 

receiver to lock onto the start of each frame and match up each channel in turn. The standards allow for a full 
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cyclic redundancy check to be performed across all bits transmitted in each frame, to detect if the circuit is 

losing bits (information), but this is not always used. An alarm signal may also be transmitted using timeslot 

TS0. Finally, some bits are reserved for national use. 

One timeslot (TS16) is often reserved for signalling purposes, to control call setup and teardown according to 

one of several standard telecommunications protocols. This includes channel-associated signaling (CAS) where 

a set of bits is used to replicate opening and closing the circuit (as if picking up the telephone receiver and 

pulsing digits on a rotary phone), or using tone signalling which is passed through on the voice circuits 

themselves. More recent systems use common-channel signaling (CCS) such Signalling System 7 (SS7) where 

no timeslot is reserved for signalling purposes, the signalling protocol being transmitted on a different physical 

channel. 

 
Fig 2.8 

 

2.4 SPREAD SPECTRUM 

spread-spectrum techniques are methods by which a signal (e.g., an electrical, electromagnetic, or acoustic 

signal) generated with a particular bandwidth is deliberately spread in the frequency domain, resulting in a 

signal with a wider bandwidth. These techniques are used for a variety of reasons, including the establishment 

of secure communications, increasing resistance to natural interference, noise and jamming, to prevent 

detection, and to limit power flux density. 

This is a technique in which a telecommunication signal is transmitted on a bandwidth considerably larger 

than the frequency content of the original information. Frequency hopping is a basic modulation technique 

used in spread spectrum signal transmission. 

Spread-spectrum telecommunications is a signal structuring technique that employs direct sequence, 

frequency hopping, or a hybrid of these, which can be used for multiple access and/or multiple functions. This 

technique decreases the potential interference to other receivers while achieving privacy. Spread spectrum 

generally makes use of a sequential noise-like signal structure to spread the normally narrowband information 

signal over a relatively wideband (radio) band of frequencies. The receiver correlates the received signals to 

retrieve the original information signal. Originally there were two motivations: either to resist enemy efforts 

to jam the communications (anti-jam, or AJ), or to hide the fact that communication was even taking place, 

sometimes called low probability of intercept (LPI), low probability of detection. 

 

Frequency-hopping spread spectrum (FHSS), direct-sequence spread spectrum (DSSS), time-hopping spread 

spectrum (THSS), chirp spread spectrum (CSS), and combinations of these techniques are forms of spread 

spectrum. Each of these techniques employs pseudorandom number sequences—created 
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using pseudorandom number generators—to determine and control the spreading pattern of the signal across 

the allocated bandwidth. Wireless standard IEEE 802.11 uses either FHSS or DSSS in its radio interface. 

 

2.4a Direct-sequence spread spectrum 

In telecommunications, direct-sequence spread spectrum (DSSS) is a spread spectrum modulation technique 

used to reduce overall signal interference. The spreading of this signal makes the resulting wideband channel 

more noisy, allowing for greater resistance to unintentional and intentional interference.  

A method of achieving the spreading of a given signal is provided by the modulation scheme. With DSSS, the 

message signal is used to modulate a bit sequence known as a Pseudo Noise (PN) code; this PN code consists 

of a radio pulse that is much shorter in duration (larger bandwidth) than the original message signal. This 

modulation of the message signal scrambles and spreads the pieces of data, and thereby resulting in a 

bandwidth size nearly identical to that of the PN sequence. In this context, the duration of the radio pulse for 

the PN code is referred to as the chip duration. The smaller this duration, the larger the bandwidth of the 

resulting DSSS signal; more bandwidth multiplexed to the message signal results in better resistance against 

interference.  

Some practical and effective uses of DSSS include the Code Division Multiple Access (CDMA) channel access 

method and the IEEE 802.11b specification used in Wi-Fi networks. 

Direct-sequence spread-spectrum transmissions multiply the data being transmitted by a "noise" signal. This 

oise sig al is a pseudo a do  se ue e of  a d −  alues; at a f e ue  u h highe  tha  that of the 
original signal. 

The resulting signal resembles white noise, like an audio recording of "static". However, this noise-like signal is 

used to exactly reconstruct the original data at the receiving end, by multiplying it by the same pseudorandom 

se ue e e ause  ×  = , a d −  × −  = . This p o ess, k o  as "de-spreading", mathematically 

constitutes a correlation of the transmitted PN sequence with the PN sequence that the receiver already 

knows the transmitter is using. 

The resulting effect of enhancing signal to noise ratio on the channel is called process gain. This effect can be 

made larger by employing a longer PN sequence and more chips per bit, but physical devices used to generate 

the PN sequence impose practical limits on attainable processing gain. 

While for useful process gain the transmitted DSSS signal must occupy much wider bandwidth than simple 

wave of the original signal alone would require, its frequency spectrum can be somewhat restricted for 

spectrum economy by a conventional analog bandpass filter to give a roughly bell-shaped envelope centered 

on the carrier frequency. In contrast, frequency-hopping spread spectrum which pseudo-randomly re-tunes 

the carrier, instead of adding pseudo-random noise to the data, requires a uniform frequency response since 

any bandwidth shaping would cause amplitude modulation of the signal by the hopping code. 

If an undesired transmitter transmits on the same channel but with a different PN sequence (or no sequence 

at all), the de-spreading process has reduced processing gain for that signal. This effect is the basis for the 

code division multiple access (CDMA) property of DSSS, which allows multiple transmitters to share the same 

channel within the limits of the cross-correlation properties of their PN sequences. 
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DSSS-Direct Sequence Spread Spectrum 

 

Fig 2.9 

In DSSS, which stands for Direct Sequence Spread Spectrum, information bits are modulated by PN 

codes(chips). PN codes are Pseudonoise code symbols. This PN codes have short duration compare to 

information bits. Here transmitted information over the air occupies more bandwidth compare to user 

informaion bits. DSSS is the modulation technique adopted in IEEE 802.11 based WLAN compliant products. In 

DSSS systems entire system bandwidth is available for each user all the time. 

The figure drawn above depicts DSSS Transmitter and DSSS receiver Block Diagram. PRS stands for Pseudo-

Random Sequence.  

 

2.4 b FHSS-Frequency Hopping Spread Spectrum 

 

Fig 2.10 

In FHSS, which stands for Frequency Hopping Spread Spectrum, RF carrier frequency is changed according to 

the Pseudo-random sequence(PRS or PN sequence). This PN sequence is known to both transmitter and 

Receiver and hence help demodulate/decode the information. Within one chip duration, RF frequency does 

not vary. Based on this fact there are two types of FHSS, fast hopped FHSS and slow hopped FHSS. 

In Fast hopped FHSS, hopping is done at the rate faster than message(information) bit rate. In slow hopped 

FHSS, hopping is done at the rate slower than information bit rate. 

The figure2.7  drawn above depicts FHSS Transmitter and DSSS receiver Block Diagram. 
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Difference between DSSS and FHSS 

 

Fig 2.11 

This figure 2.11depicts DSSS spectrum and FHSS spectrum. 

• As FHSS systems rely on varying RF carrier frequency, it leads to bursty nature of errors due to frequency 

selective fading mainly. For more information on different types of channel models rayleigh, rician fading refer 

to page on channel model by William Stallings.  

 

• In DSSS, information bits are spread across both frequency and time planes, hence minimizes effect of 

interference as well as fading. Hence DSSS system prone to errors but at low level compare to FHSS systems. 

FHSS produces strong bursty errors.  

 

• DSSS delivers capacity upto 11 Mbps while FHSS supports upto 3 Mbps.  

 

• DSSS is very sensitive technology while FHSS is very robust technology. This is observed in harsh 

environment comprising large coverage, noises, collocated cells, multi-path and presence of bluetooth 

frequency waves etc.  

 

DSSS is ideal for point to point applications while FHSS can be used in point to multipoint deployment with 

excellent performance. 

Modem short for modulator-demodulator. In communication modem convert the digital data in to analog so 

that it transmit over the phone line because phone line transmit analog data. in the same way on the other 

hand when data is received modem again convert this analog data in to digital single so that computer store 

and process on this information. 

 

2.5 TERMINAL HANDLING PRINCIPLES 

• Te i al a ess to ai f a e a d i i o pute s used ha d i ed te i als t pi all  o e ted th ough a 
RS232 serial line.  

• Toda  the o al o a d li e i te fa e to F eeB“D use a pseudo te i al.  
• A pseudo te i al is uilt f o  a de i e pai  te ed the aste  a d sla e de i es.  
• The aste  side is a ed /de /pt XX a d the sla e side is a ed /de /tt XX.  
• The slave device provides to a process an interface identical to that historically provided by a hardware 

device.  

• A thi g itte  o  a aste  de i e appea s as i put o  the sla e de i e a d a thi g itte  o  a sla e 
appears as input on the master device.  

• Pseudo te i als a e used  the te i al e ulato , te , a d  e ote logi  p og a s su h as ssh.  
• Xte  ope s the aste  side of the pseudo te i al a d di e ts the ke st okes to its output a d i put f o  
the pseudo terminal is directed to the window.  
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• Xte  fo ks a hild p o ess that ope s the sla e side of the pseudo te i al a d e e s a use  shell.  

 
Fig. 2.12 

Terminal Modes-The terminal processing can be set to two different modes, canonical mode (clocked mode) 

and noncanonical mode (raw mode).  

Canonical mode properties:  

• Cha a te s a e e hoed  the ope ati g s ste  as the  a e t ped ut a e uffe ed i te all  u til a e li e 
character ,NL, is typed.  

• O l  afte  a NL ha a te  is e ei ed the e ti e li e is ade a aila le to the eading process.  

• If the p o ess t ies to ead efo e a NL ha a te  is e ei ed it is put to sleep u til a  NL ha a te  a i es.  
• T pi g e o s a  e o e ted  e te i g spe ial e ase a d kill ha a te s. 
• “i ple output p o essi g is pe fo ed - normally converting a NL character to NL + CR (carriage return).  

• Whe  a p o ess has filled the te i al output ueue it ill e put to sleep.  
• The s ste  akes ea h t ped ha a te  a aila le to the eadi g p o ess as soo  as it is e ei ed.  
• No li e editing or other processing is performed. In reality many combinations of these modes can be 

specified. 

 

2.6 POLLING 

Polling is the process where the computer or controlling device waits for an external device to check for its 

readiness or state, often with low-level hardware. For example, when a printer is connected via a parallel port, 

the computer waits until the printer has received the next character. These processes can be as minute as only 

eadi g o e it. Τhis is so eti es used s o ousl  ith us -wait polling. In this situation, when an I/O 

operation is required, the computer does nothing other than check the status of the I/O device until it is 

ready, at which point the device is accessed. In other words, the computer waits until the device is ready. 

Polling also refers to the situation where a device is repeatedly checked for readiness, and if it is not, the 

computer returns to a different task. Although not as wasteful of CPU cycles as busy waiting, this is generally 

not as efficient as the alternative to polling, interrupt-driven I/O. 
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In a simple single-purpose system, even busy-wait is perfectly appropriate if no action is possible until the I/O 

access, but more often than not this was traditionally a consequence of simple hardware or non-multitasking 

operating systems. 

Polling is often intimately involved with very low-level hardware. For example, polling a parallel printer port to 

check whether it is ready for another character involves examining as little as one bit of a byte. That bit 

represents, at the time of reading, whether a single wire in the printer cable is at low or high voltage. The I/O 

instruction that reads this byte directly transfers the voltage state of eight real world wires to the eight circuits 

(flip flops) that make up one byte of a CPU register. Polling has the disadvantage that if there are too many 

devices to check, the time required to poll them can exceed the time available to service the I/O device. 

Algorithm 

Polling can be described in the following steps : 

1. The host repeatedly reads the busy bit of the controller until it becomes clear. 

2. When clear, the host writes in the command register and writes a byte into the data-out register. 

3. The host sets the command-ready bit (set to 1). 

4. When the controller senses command-ready bit is set, it sets busy bit. 

5. The controller reads the command register and since write bit is set, it performs 

necessary I/O operations on the device. If the read bit is set to one instead of write bit, data from device 

is loaded into data-in register, which is further read by the host. 

6. The controller clears the command-ready bit once everything is over, it clears error bit to show 

successful operation and reset busy bit (0). 

TYPES 

A. A polling cycle is the time in which each element is monitored once. The optimal polling cycle will vary 

according to several factors, including the desired speed of response and the overhead (e.g., processor 

time and bandwidth) of the polling. 

B. In roll call polling, the polling device or process queries each element on a list in a fixed sequence. 

Because it waits for a response from each element, a timing mechanism is necessary to prevent lock-ups 

caused by non-responding elements. Roll call polling can be inefficient if the overhead for the polling 

messages is high, there are numerous elements to be polled in each polling cycle and only a few 

elements are active. 

C. In hub polling, also referred to as token polling, each element polls the next element in some fixed 

sequence. This continues until the first element is reached, at which time the polling cycle starts all over 

again. 

D. Polling can be employed in various computing contexts in order to control the execution or transmission 

sequence of the elements involved. For example, in multitasking operating systems, polling can be used 

to allocate processor time and other resources to the various competing processes. 

E. In networks, polling is used to determine which nodes want to access the network. It is also used by 

routing protocols to retrieve routing information, as is the case with EGP (exterior gateway protocol). 

F. An alternative to polling is the use of interrupts, which are signals generated by devices or processes to 

indicate that they need attention, want to communicate, etc. Although polling can be very simple, in 

many situations (e.g., multitasking operating systems) it is more efficient to use interrupts because it can 

reduce processor usage and/or bandwidth consumption. 
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Fig. 2.13 

2.7 SWITCHED COMMUNICATION NETWORK 

Switching Techniques - In large networks there might be multiple paths linking sender and receiver. 

Information may be switched as it travels through various communication channels. 

There are four typical switching techniques available for digital traffic.  

1. Circuit Switching 

2. Packet Switching 

3. Message Switching 

4. Cell Switching 

 

2.7a Circuit Switching 

1. Circuit switching is a technique that directly connects the sender and the receiver in an unbroken path. 

2. Telephone switching equipment, for example, establishes a path that connects the caller's telephone to 

the receiver's telephone by making a physical connection. 

3. With this type of switching technique, once a connection is established, a dedicated path exists between 

both ends until the connection is terminated. 

4. Routing decisions must be made when the circuit is first established, but there are no decisions made 

after that time. 

5. Circuit switching in a network operates almost the same way as the telephone system works. 

6. A complete end-to-end path must exist before communication can take place. 

7. The computer initiating the data transfer must ask for a connection to the destination. 

8. Once the connection has been initiated and completed to the destination device, the destination device 

must acknowledge that it is ready and willing to carry on a transfer. 

9. The communication channel (once established) is dedicated. 

 

Disadvantages: 

•   Possi le lo g ait to esta lish a o e tion, (10 seconds, more on  long- distance or international calls.) 

during which no data can be transmitted. 
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•    Mo e e pe si e tha  a  othe  s it hi g te h i ues, e ause a dedi ated path is e ui ed fo  ea h 
connection. 

•   I effi ie t use of the o u i ation channel, because the channel is not used when the connected 

systems are not using it. 

 
Fig 2.14 

2.7b Packet Switching 

Advantages: 

* Packet switching can be seen as a solution that tries to combine the advantages of message and circuit 

switching and to minimize the disadvantages of both.  

* There are two methods of packet switching: Datagram and virtual circuit. 

* In both packet switching methods, a message is broken into small parts, called packets. 

* Each packet is tagged with appropriate source and destination addresses. 

* Since packets have a strictly defined maximum length, they can be stored in main memory instead of 

disk; therefore access delay and cost are minimized. 

* Also the transmission speeds, between nodes, are optimized. 

* With current technology, packets are generally accepted onto the network on a first-come, first-served 

basis. If the network becomes overloaded, packets are delayed or discarded (``dropped''). 

The size of the packet can vary from 180 bits, the size for the Datakit virtual circuit switch designed by Bell 

Labs for communications and business applications; to 1,024 or 2,048 bits for the 1PSS switch, also 

designed by Bell Labs for public data networking; to 53 bytes for ATM switching, such as Lucent 

Technologies' packet switches. 

* In packet switching, the analog signal from your phone is converted into a digital data stream. That series 

of digital bits is then divided into relatively tiny clusters of bits, called packets. Each packet has at its 

beginning the digital address -- a long number -- to which it is being sent. The system blasts out all those 

tiny packets, as fast as it can, and they travel across the nation's digital backbone systems to their 

destination: the telephone, or rather the telephone system, of the person you're calling. 

* They do not necessarily travel together; they do not travel sequentially. They don't even all travel via the 

same route.But eventually they arrive at the right point -- that digital address added to the front of each 

string of digital data -- and at their destination are reassembled into the correct order, then converted to 

analog form, so your friend can understand what you're saying. 

* Datagram packet switching is similar to message switching in that each packet is a self-contained unit 

with complete addressing information attached. 

* This fact allows packets to take a variety of possible paths through the network. 

* So the packets, each with the same destination address, do not follow the same route, and they may 

arrive out of sequence at the exit point node (or the destination). 

* Reordering is done at the destination point based on the sequence number of the packets. 

* It is possible for a packet to be destroyed if one of the nodes on its way is crashed momentarily. Thus all 

its queued packets may be lost. 

* In the virtual circuit approach, a preplanned route is established before any data packets are sent. 
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* A logical connection is established when a sender send a "call request packet" to the receiver and the 

receiver send back an acknowledge packet "call accepted packet" to the sender if the receiver agrees on 

conversational parameters. 

• The o e satio al pa a ete s a  e a i u  pa ket sizes, path to e take , a d othe  a ia les 
necessary to establish and maintain the conversation. 

• Vi tual i uits i pl  a k o ledge e ts, flo  o t ol, a d e o  o t ol, so i tual i uits a e elia le. 
That is, they have the capability to inform upper-protocol layers if a transmission problem occurs 

• I  i tual i uit, the oute et ee  stations does not mean that this is a dedicated path, as in circuit 

switching. 

* A packet is still buffered at each node and queued for output over a line. 

 

The difference between virtual circuit and datagram approaches: 

* With virtual circuit, the node does not need to make a routing decision for each packet. 

* It is made only once for all packets using that virtual circuit. VC's offer guarantees that the packets sent 

arrive in the order sent with no duplicates or omissions with no errors (with high probability) regardless of 

how they are implemented internally. 

Advantages:   

• Pa ket s it hi g is ost effe ti e, e ause s it hi g de i es do ot eed assi e a ou t of se o da  
storage. 

• Pa ket s it hi g offe s i p o ed dela  ha a te isti s, e ause the e a e o    long messages in the 

queue (maximum packet size is fixed). 

• Pa ket a  e e outed if the e is a  p o le , su h as, us  o  disa led li ks. 
* The advantage of packet switching is that many network users can share the same channel at the same 

time. Packet switching  can maximize link efficiency by making optimal use of link bandwidth.  

Disadvantages: 

• P oto ols fo  pa ket s it hi g a e t pi all  o e o ple . 
• It a  add so e i itial osts i  i ple e tatio . 
• If pa ket is lost, se de  eeds to et ansmit the data. Another disadvantage is that packet-switched 

s ste s still a ’t deli e  the sa e ualit  as dedi ated i uits i  appli atio s e ui i g e  little dela  - 

like voice conversations or   moving images.  

 
Fig 2.15 

 

2.7c Message Switching: 

•   With essage s it hi g the e is o eed to esta lish a dedi ated path et ee  t o statio s.  
•  Whe  a statio  se ds a essage, the desti atio  add ess is appe ded to the essage. 
•  The essage is the  t a s itted th ough the et o k, i  its e ti et , from node to node. 

•   Ea h ode e ei es the e ti e essage, sto es it i  its e ti et  o  disk, a d the  t a s its the essage 
to the next node. 

•   This t pe of et o k is alled a sto e-and-forward network. 
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A message-switching node is typically a general-purpose computer. The device needs sufficient secondary-

storage capacity to store the incoming messages, which could be long. A time delay is introduced using this 

type of scheme due to store- and-forward time, plus the time required to find the next node in the 

transmission path. 

Advantages: 

• Cha el effi ie  a  e g eate  o pa ed to i uit-switched systems, because more devices are 

sharing the channel. 

•  T affi  o gestio  a  e edu ed, e ause essages a  e te po a il  sto ed i  oute. 
•  Message priorities can be established due to store-and-forward technique. 

•  Message oad asti g a  e a hie ed ith the use of oad ast add ess appe ded i  the essage. 
Disadvantages 

•     Message s it hi g is ot o pati le ith i te a ti e appli atio s. 

• “to e-and-forward devices are expensive, because they must have large disks to hold potentially long 

messages  
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Fig 2.16 

Cell Switching 

Cell Switching is similar to packet switching, except that the switching does not necessarily occur on packet 

boundaries. This is ideal for an integrated environment and is found within Cell-based networks, such as ATM. 

Cell-switching can handle both digital voice and data signals. 

 
Fig 2.17 

 

1.8 SOFT SWITCH ARCHITECTURE WITH THEIR COMPARATIVE STUDY 

A softswitch (software switch) is a central device in a telecommunications network which connects telephone 

calls from one phone line to another, across a telecommunication network or the public Internet, entirely by 

means of software running on a general-purpose computer system. Most landline calls are routed by purpose-

built electronic hardware; however, soft switches using general purpose servers and VoIP technology are 

becoming more popular. 

Many telecommunications networks now make use of combinations of softswitches and more traditional 

purpose-built hardware. 

Although the term softswitch technically refers to any such device, it is more conventionally applied to a 

device that handles IP-to-IP phone calls, while the phrase "access server" or "media gateway" is used to refer 

to devices that either originate or terminate traditional "land line" (hard wired) phone calls. In practice, such 

devices can often do both. As a practical distinction, a Skype-to-Skype phone call is entirely IP (internet) based, 

and so uses a softswitch somewhere in the middle connecting the calling party with the called party. In 

contrast, access servers might take a mobile call or a call originating from a traditional phone line, convert it to 

IP traffic, then send it over the internet to another such device, which terminates the call by reversing the 
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process and converting the Voice over IP call back to older circuit switched digital systems using traditional 

digital ISDN / PSTN protocols that transmit voice traffic using non-IP systems. 

A softswitch is typically used to control connections at the junction point between circuit-switched and 

packet-switched networks. A single device containing both the switching logic and the switched fabric can be 

used for this purpose; however, modern technology has led to a preference for decomposing this device into a 

Call Agent and a Media Gateway. 

The Call Agent takes care of functions such as billing, call routing, signaling, call services and the like, supplying 

the functional logic to accomplish these telephony meta-tasks. A call agent may control several different 

media gateways in geographically dispersed areas via a TCP/IP link. It is also used to control the functions of 

media gateway, in order to connect with media as well as other interfaces. This procedure is utilized to keep 

the interfaces clear as crystal for receiving calls from any phone lines. 

The media gateway connects different types of digital media stream together to create an end-to-end path for 

the media (voice and data) in the call. It may have interfaces to connect to traditional PSTN networks, such as 

DS1 or DS3 ports (E1 or STM1 in the case of non-US networks). It may also have interfaces to connect to ATM 

and IP networks, and the most modern systems will have Ethernet interfaces to connect VoIP calls. The call 

agent will instruct the media gateway to connect media streams between these interfaces to connect the call - 

all transparently to the end-users. 

The softswitch generally resides in a building owned by the telephone company called a telephone exchange 

(UK/IRL/AUS/NZ) or central office (US/CAN). The central office or telephone exchange has high capacity 

connections to carry calls to other offices owned by the telecommunication company and to other 

telecommunication companies via the PSTN. 

Looking towards the end users from the switch, the softswitch may be connected to several access devices via 

TCP/IP network. These access devices can range from small Analog Telephone Adaptors (ATA) which provide 

just one RJ11 telephone jack to an Integrated Access Device (IAD), eMTA s (embedded Multimedia Terminal 

Adapters) using MGCP/NCS protocol over cable (VoCable) or PBX which may provide several hundred 

telephone connections 

Note here that Analogue (ATA), PSTN telephone devices can only be reached by a softswitch that has 

embedded SS7 or SIGTRAN cards, software in terms of signalling AND Trunking Gateway for Voice traffic 

IP/TDM, TDM/IP, TDM/TDM functions. 

Typically the larger access devices will be located in a building owned by the telecommunication company 

near to the customers they serve. Each end user can be connected to the IAD by a simple pair of copper wires. 

The medium-sized devices and PBXs are most commonly used by business that locate them on their own 

premises, and single-line devices are mostly found at private residences. 

At the turn of the 21st century with IP Multimedia Subsystem (or IMS), the Softswitch element is represented 

by the Media Gateway Controller (MGC) element, and the term "Softswitch" is rarely used in the IMS context. 

Rather, it is called an AGCF (Access Gateway Control Function). 
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Fig 2.18 

2.9 X.25 

X.25 is a standard for WAN communications that defines how connections between user devices and network 

devices are established and maintained. X.25 is designed to operate effectively regardless of the type of 

systems connected to the network. It is typically used in the packet-switched networks (PSNs) of common 

carriers, such as the telephone companies. Subscribers are charged based on their use of the network.  

X.25 network devices fall into three general categories: data terminal equipment (DTE), data circuit-

terminating equipment (DCE), and packet-switching exchange (PSE). 

Data terminal equipment (DTE) devices are end systems that communicate across the X.25 network. They are 

usually terminals, personal computers, or network hosts, and are located on the premises of individual 

subscribers. Data communication Equipments (DCEs) are communications devices, such as modems and 

packet switches that provide the interface between DTE devices and a PSE, and are generally located in the 

carrier's facilities.  

Session Establishment  

X. 5 sessio s a e esta lished he  o e DTE de i e o ta ts a othe  to e uest a o u i atio  sessio . It’s 
up to the receiving DTE whether to accept or refuse the connection. If the request is accepted, the two 

systems begin full-duplex communication. Either DTE device can terminate the connection. After the session is 

terminated, any further communication requires the establishment of a new session.  

Virtual Circuits  

The X.25 is a packet-switched virtual circuit network. A virtual circuit is a logical connection created to ensure 

reliable communication between two network devices. A virtual circuit denotes the existence of a logical, 

bidirectional path from one DTE device to another across an X.25 network. Physically, the connection can pass 

through any number of intermediate nodes, such as DCE devices and PSEs. Virtual circuits in X.25 are created 

at the network layer such that multiple virtual circuits (logical connections) can be multiplexed onto a single 

physical circuit (a physical connection). Virtual circuits are demultiplexed at the remote end, and data is sent 

to the appropriate destinations.  
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Fig 2.19 

X.25 Protocol Suite 

The X.25 protocol suite maps to the lowest three layers of the OSI reference model. 

 The layers are:  

• Ph si al la e : Deals ith the ph si al i te fa e et ee  a  atta hed statio  a d the li k that atta hes that 
station to the packet-switching node.  

 X.21 is the most commonly used physical layer standard. 

 • F a e la e : Fa ilitates elia le t a sfe  of data a oss the ph si al li k  t a s itti g the data as a 
sequence of frames. Uses a subset of HDLC known as Link Access Protocol Balanced (LAPB), bit oriented 

protocol.  

• Pa ket layer: Responsible for end-to-end connection between two DTEs. Functions performed are:  

1. Establishing connection 

2. Transferring data  

3. Terminating a connection  

4. Error and flow control  

5. With the help of X.25 packet layer, data are transmitted in packets over external virtual circuits. 

2.9 INTEGRATED SERVICES DIGITAL NETWORK 

Integrated Services Digital Network (ISDN) is a set of communication standards for simultaneous digital 

transmission of voice, video, data, and other network services over the traditional circuits of the public 

switched telephone network. Prior to ISDN, the telephone system was viewed as a way to transport voice, 

with some special services available for data. The key feature of ISDN is that it integrates speech and data on 

the same lines, adding features that were not available in the classic telephone system. The ISDN standards 

define several kinds of access interfaces, such as Basic Rate Interface (BRI), Primary Rate Interface (PRI), 

Narrowband ISDN (N-ISDN), and Broadband ISDN (B-ISDN). 

ISDN is a circuit-switched telephone network system, which also provides access to packet switched networks, 

designed to allow digital transmission of voice and data over ordinary telephone copper wires, resulting in 

potentially better voice quality than an analog phone can provide. It offers circuit-switched connections (for 
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either voice or data), and packet-switched connections (for data), in increments of 64 kilobit/s. In some 

countries, ISDN found major market application for Internet access, in which ISDN typically provides a 

maximum of 128 kbit/s bandwidth in both upstream and downstream directions. Channel bonding can achieve 

a greater data rate; typically the ISDN B-channels of three or four BRIs (six to eight 64 kbit/s channels) are 

bonded. 

ISDN is employed as the network, data-link and physical layers in the context of the OSI model, or could be 

considered a suite of digital services existing on layers 1, 2, and 3 of the OSI model. In common use, ISDN is 

often limited to usage to Q.931 and related protocols, which are a set of signaling protocols establishing and 

breaking circuit-switched connections, and for advanced calling features for the user.  

In a videoconference, ISDN provides simultaneous voice, video, and text transmission between individual 

desktop videoconferencing systems and group (room) videoconferencing systems. 

The entry level interface to ISDN is the Basic Rate Interface (BRI), a 128 kbit/s service delivered over a pair of 

standard telephone copper wires.[4] The 144 kbit/s payload rate is broken down into two 64 kbit/s bearer 

channels ('B' channels) and one 16 kbit/s signaling channel ('D' channel or data channel). This is sometimes 

referred to as 2B+D.[5] 

The interface specifies the following network interfaces: 

The U interface is a two-wire interface between the exchange and a network terminating unit, which is usually 

the demarcation point in non-North American networks. 

The T interface is a serial interface between a computing device and a terminal adapter, which is the digital 

equivalent of a modem. 

The S interface is a four-wire bus that ISDN consumer devices plug into; the S & T reference points are 

commonly implemented as a single interface labeled 'S/T' on a Network termination 1 (NT1). 

The R interface defines the point between a non-ISDN device and a terminal adapter (TA) which provides 

translation to and from such a device. 

BRI-ISDN is very popular in Europe but is much less common in North America. It is also common in Japan — 

where it is known as INS64. 

The other ISDN access available is the Primary Rate Interface (PRI), which is carried over an E1 (2048 kbit/s) in 

most parts of the world. An E1 is 30 'B' channels of 64 kbit/s, one 'D' channel of 64 kbit/s and a timing and 

alarm channel of 64 kbit/s. This is often referred to as 30B+2D. 

In North America PRI service is delivered on one or more T1 carriers (often referred to as 23B+D) of 1544 

kbit/s (24 channels). A PRI has 23 'B' channels and 1 'D' channel for signalling (Japan uses a circuit called a J1, 

which is similar to a T1). Inter-changeably but incorrectly, a PRI is referred to as T1 because it uses the T1 

carrier format. A true T1 (commonly called "Analog T1" to avoid confusion) uses 24 channels of 64 kbit/s of in-

band signaling. Each channel uses 56 kb for data and voice and 8 kb for signaling and messaging. PRI uses out 

of band signaling which provides the 23 B channels with clear 64 kb for voice and data and one 64 kb 'D' 

channel for signaling and messaging. In North America, Non-Facility Associated Signalling allows two or more 

PRIs to be controlled by a single D channel, and is sometimes called "23B+D + n*24B". D-channel backup 

allows for a second D channel in case the primary fails. NFAS is commonly used on a T3. 

PRI-ISDN is popular throughout the world, especially for connecting private branch exchanges to the public 

network. 

Even though many network professionals use the term "ISDN" to refer to the lower-bandwidth BRI circuit, in 

North America BRI is relatively uncommon whilst PRI circuits serving PBXs are commonplace. 
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Fig 2.20 

 

 

 

Video Link:- 

1. https://www.ovation.co.uk/Video-Link-Expanders.html 

2. https://www.ovation.co.uk/Gemini/Gemini-4.html 

3. http://www.videoconferencebridge.com 

4. http://www.videoconferencinglondon.co.uk/ip-to-isdn-videobridging 
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