
 

 

 



 

 

 



Q1) a Solution: 

Public switched telephone networks (PSTNs) – initially designed to provide speech services.  

However, due to the advances in Digital Signal Processing (DSP) hardware and software 

now can support multimedia applications. 

Data networks that initially supported data applications (email and ftp) now support much 

complex multimedia applications. 

Text: Block of characters, each represented by a fixed number of binary digits (bits) known 

as codeword 

Digitized image: Two-dimensional block of picture elements represented by a fixed number 

of bits 

Audio and Video: Type of signal is known as an analogue signal and varies continuously with 

time (e.g: a telephone conversation can last for several minutes while a movie (audio + 

video) can last for a number of hours. 

Single type of media -  basic form of representation of a specific media type used 

Mixed media – applications involving text and images or audio and video their basic form is 

used 

Integrated media (text,images,audio,video)- Must convert all the four media into a suitable 

digital form. 

PSTN – Now known as Plain Old Telephone Service (POTs) 

 The term switched means a subscriber can make a call to any other telephone on the ‘total’ 

network. 

 

Fig.1 - Telephone Networks 

 

 



PSTN (public switched telephone network) is the world's collection of interconnected voice-

oriented public telephone networks, both commercial and government-owned.  

It's the aggregation of circuit-switching telephone networks that has evolved from the days of 

Alexander Graham Bell.  

Today, it is almost entirely digital in technology except for the final link from the central (local) 

telephone office to the user. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q1b) Solution : 



1)Telephone Networks - Telephony 

2)Data Networks – Data Communications 

3)Broadcast Television Networks – Broadcast TV 

4)Integrated Services Digital Networks (ISDN) – Multi service 

5)Broadband Multiservice Networks – Multi service 

1) 

PSTN (public switched telephone network) is the world's collection of interconnected voice-

oriented public telephone networks, both commercial and government-owned.  

It's the aggregation of circuit-switching telephone networks that has evolved from the days of 

Alexander Graham Bell.  

Today, it is almost entirely digital in technology except for the final link from the central (local) 

telephone office to the user. 

 

2) 

Designed to provide basic data communication services such as email and general file 

transfer 

 Most widely deployed networks: X.25 network (low bit rate data)  not suitable for multimedia 

and the Internet (Interconnected Networks) 

Communication protocol: set of rules (defines the sequence and syntax of the messages) 

that are adhered to by all communicating parties for the exchange of information/data 

Packet: Container for a block of data, at its head, is the address of the intended recipient 

computer which is used to route the packet through the network. 

 

3) 

Broadcast television networks support the diffusion of analogue television programs to a 

wider geographical area via a cable distribution network, a satellite network  

 A cable modem integrated into the STB (set-top-box) provides both a low bit rate channel 

(connects the subscriber to the PSTN ) and a high bit rate channel (connects to the Internet) 

from the subscriber back to the cable head-end. 

In Satellite and broadcast networks by integrating an H-S modem into the STB a range of 

interactive services can be supported. This is the origin of the term “interactive television”. 

 

4) 

Started to develop in the early 1980s to provide PSTN users the capability to have additional 

services 

Integrated Services Digital Network (ISDN) in concept is the integration of both analogue or 

voice data together with digital data over the same network. 



ISDN is a set of ITU standards for digital transmission over ordinary telephone copper wire 

as well as over other media. Home and business users who install an ISDN adapter (in place 

of a modem) can see highly-graphic Web pages arriving very quickly (up to 128 Kbps). ISDN 

requires adapters at both ends of the transmission so your access provider also needs an 

ISDN adapter. ISDN is generally available from your phone company. 

 

5) 

Broadband – Circuits associate with a call could have bit rates in excess of the maximum bit 

rate of 2Mbps – 30X64 kbps – provided by ISDN 

Broadband integrated services digital network (B-ISDN) – All different media types are 

converted in the source equipment into a digital form, integrated togeather and divided into 

multiple fixed-sized packets (cells). 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q2)a Solution: 



 

   Interactive television (Cable network) 

  The set-top box (STB) provides both a low bit rate connection to the PSTN and a high bit 

rate connection to the internet 

 Through the connection to the PSTN, the subscriber is able to actively respond to the 

information being broadcast. 

 

Interactive television (Satellite/terrestrial broadcast network) 

 

 

The STB associated requires a high speed modem to provide the connections to the PSTN 

and the Internet. 

 

 

 

Q2b) Solution : 

 



 

 

Simplex: The information associated with the application flows in one direction only. 

 Half-Duplex: Information flows in both directions but alternatively (two-way alternative). 

 Duplex: Information flows in both directions simultaneously (Two-way simultaneous). 

 

 

 

 



 

Broadcast: The information output by a single node is received by all the other nodes 

connected to the same network 

 Multicast: The information output by the source is received by only a specific subset of the 

nodes (Latter form known as multicast group). 

 

Communication mode Examples 

In half-duplex and duplex communications, the bit rate associated with the flow of 

information in each direction can be equal (symmetric) or different (asymmetric). 

Video Telephony – Symmetric duplex communication 

 Web browsing – Asymmetric half-duplex mode (as different bit rates for downloading and 

uploading). 

 

 

 

 

 

 

 

 

 

 

 

Q3a) Solution : 



 

 

A bandlimiting filter and an analog-to-digital converter(ADC), the latter comprising a sample-

and-hold and a quantizer 

Fig2.2 

Remove selected higher-frequency components from the source signal (A) 

(B) is then fed to the sample-and-hold circuit 

Sample the amplitude of the filtered signal at regular time intervals (C) and hold the sample 

amplitude constant between samples (D). 

Quantizer circuit which converts each sample amplitude into a binary value known as a 

codeword (E) 

The signal to be sampled at a rate which is higher than the maximum rate of change of the 

signal amplitude 

The number of different quantization levels used to be as large as possible 

Nyquist sampling theorem states that: in order to obtain an accurate representation of a 

time-varying analog signal, its amplitude must be sampled at a minimum rate that is equal to 

or greater than twice the highest sinusoidal frequency component that is present in the 

signal. 

 



 

 

Bandlimiting filter: Removes the selected higher frequency components from the source 

signal 

 Sample and hold Circuit: Samples amplitude of the filtered signal at regular intervals and 

holds the sampled amplitudes between samples  

Quantizer: Converts the samples into their corresponding binary form. 

The most significant bit of the codeword represents the sign of the sample 

 A binary 0 indicates a positive value and a binary 1 indicates a negative value 

 The signal must be sampled at a much higher rate than the maximum rate of change of the 

signal amplitude 

 The number of quantization levels should be as large as possible to represent the signal 

accurately. 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q3b) Solution : 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q4a) Solution : 

Color principles 



A whole spectrum of colors─ known as a color gamut ─can be produced by using different 

proportions of red(R), green(G), and blue (B) 

Fig 2.12 

Additive color mixing producing a color image on a black surface 

Subtractive color mixing for producing a color image on a white surface 

Fig 2.13 

 

 

 



 

 

Raster-scan principles 

Progressive scanning  

Each complete set of horizontal scan is called a frame 

The number of bits per pixel is known as the pixel depth and determines the range of 

different colors. 

Aspect ratio 

Both the number of pixels per scanned line and the number of lines per frame 

The ratio of the screen width to the screen height 



National Television Standards Committee (NTSC), PAL(UK), CCIR(Germany), SECAM 

(France) 

Table 2.1 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



Q4b) Soluton : 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q5a) Solution : 



 

 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q5b) Solutions : 

 



 

 

 

 

 



 

 

 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q6b) Solution : 

 



 

 



 

 

 



 

 

 

 



 

 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q7a) Solution : 

DPCM is a derivative of standard PCM  

 

for most audio signals, the range of the differences  in amplitude between successive 

samples of the audio waveform is less than the range of the actual sample amplitudes. 

Figure4.1 



 

 

 

The previous digitized sample value is held in  reg R 

 

Difference signal is by subtracting (Ro) from the digitized sample of ADC 



 

Reg R is updated with the difference signal 

 

The decoder  adds the DPCM with previously computed signal in the reg 

 

The o/p of ADC is also known as residual 

 

There are schemes to predict  the more accurate  previous signal  

 

The proportions used are determined by predictor co-efficients 

 

 

Q7b) Solution : 

 



 

 

 

 

 

 

 

 

Q8a) Solution : 

All algorithms – sampling, digitization and quantization  using DPCM / ADPCM  

 

DSP crcuits help in analyzing the signal based on  the required features (perceptual) and 

then quantized  

 

Origin of sound is also important – vocal  tract excitation parameters 

 

Voiced sounds-generated through vocal chords 

 

Unvoiced sounds – vocal chords are open 

 

These are used with proper model of vocal tract to produce synthesized speech 



After analyzing the audio waveform , These are then quantized and sent and the destination 

uses them,together with a sound synthesizer,to regenerate a sound that is perceptually 

comparable with the source audio signal.this is LPC technique. 

Three feature which determine the perception of a signal by the ear are its: 

Pitch 

Period 

Loudness 

Basic feature of an LPC encoder/decoder: figure 4.4 

 

 



 

The i/p waveform is first sampled and quantized at a  defined rate 

 

Segment- block of sampled signals  are analyzed to define perceptual parameters of speech 

 

The speech signal  generated by the vocal tract model  in the decoder is the present  o/p 

signal  of speech synthesizers and linear combination of previous set of model coefficients  

 

Hence the vocal tract model is adaptive 

 

Encoder determines and sends a new set of coefficients for each quantized segment 

 

The output of  encoder is a set of  frames ,each frame consists of fields for pitch and 

loudness   

 

Bit rates as low as 2.4 or 1.2 kbps. Generated sound at these rates is very synthetic and 

LPC encoders are used in military applications, where bandwidth is important. 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q8b) Solution : 

For the provision of video telephony and videoconferencing services over an ISDN 

Transmission channels multiples of 64kbps 

Digitization format used is either the common intermediate format(CIF) or the quarter 

CIF(QCIF) 

Progressive scanning used with frame refresh rate of 30fps for CIF  and 15or 7.5fps for 

QCIF  

CIF:Y=352X288,   Cb=Cr=176X144 

QCIF:Y=176X144, Cb=Cr=88X72 

 

H.261 encoding format show figure 4.15 

I Frame and pframes are used with 3 p frames between each pair of I frames 

 

Each macroblock has an address for identification  

 

Type field indicates the macroblock is intracoded or intercoded 

 



Quantization value is threshold  value and mv is the encoded vector 

 

Coded block pattern defines which of six 8x8 pixel block make up macroblock  and the JPEG  

encoded DCT COEFFICIENTS are given in each block 

 

Picture start code- Start of each video frame  

 

Temporal ref field- time stamp to synchronize video block with the associated audio block of 

the same time stamp 

 

Picture type field- type of frame ( I or P frame) 

 

GOB- GROUP OF MACROBLOCKS  (size is chosen such that CIF and QCIF has integral 

number of GOBs) 

 

EACH GOB – Unique start code – resynchronization marker 

Each GOB also has group no.   

For bandwidth optimization  variable bit rate of encoder is converted into const bit rate  

By passing through FIFO buffer 

 

Feedback is provided to quantizer  

 

o/p of the buffer is defined  by the transmission bit rate, two threshold values are defined low 

and high 

 

If contents of buffer is below the low threshold ,quantization threshold is reduced and the o/p 

rate is increased, if it is above high threshold then the threshold is increased and the o/p rate 

is reduced 

 

Control proceedure is implemented for GOB 



 

 

 

 

 



 

 

 

Video encoder principles 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q9a) Solution : 



Ethernet networks – and the more recent derivative IEEE802.3 – are used extensively in 

technical and office environment 

CSMA/CD 

All the stations are attached directly to the same cable/bus ,it is said to operate in a multiple 

access mode 

The bus operates in the broadcast mode which means that every frames transmitted is 

received by all the other stations that are attached to the bus 

Because of the broadcast mode ,this will result in the contents of the two frames being 

corrupted and a collision is said to have occurred. 

 

 

Frame format : 

 

Preamble field- sent at the head of all frames, for synchronization of bits  

Start of frame delimiter  after preamble, single byte and informs the valid frame start. 

Destination and source address – MAC address as used by MAC layer 

First bit in the destination address specifies the address is individual or group address 

Type of grouping is specified in second bit and can be locally or centrally administered 

Group address is used for multicasting 

Two byte type field indicates network layer protocol 



Length field indicates number of bytes in the data field 

Maximum size of data field – MTU (Maximum Transmission Unit) 

FCS – Frame Check Sequence used for error detection. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Q9b) Solution : 



 

 

 

 

 



Physical layer has been divided in to 2 sub layers. Physical medium dependent PMD and 

convergence sub layer CS. MMI media independent interface use between these two layers. 

CS role is to make the use of different media types transparent to the MAC sub layer. 

 

Standard se of user service primitives are 

MA_UNITDATA.request -  includes required destination address, service data unit and the 

required class of service 

MA_UNITDATA.indication 

MA_UNITDATA.confirm -  includes a parameter that specifies a success or failure of data 

primitive. 

 

 

 

 

 

 

 

 

 

 

Q10b) Solution : 



 

 

 



 

All the stations are connected together by a set of unidirectional links in the form of a ring 

and all frame transmissions between any of the stations take place over it by circulating the 

frame around the ring 

Only one frame transfer can be in progress over the ring at a time 

Fig 8.5 



 

 



 

 

 

Concentrated / Single Hub – all stations attached by two twisted pairs  

SCU- Station Coupling Unit – interconnected to form a unidirectional ring 

It contains relay and driving circuits  

When a station is switched off, SCU is in a bypass state and a transmission path exists 

through the SCU 

When the station is switched on, insertion of a station into the ring is initiated 

In this state, all signals are routed through MAC unit of the station, the received signal is sent 

to the transmit site if the station is not the originator of the ring or remove the received signal 

from the ring if it initiated transmission. 

Two pairs of relays – to detect open ckt or short ckt faults  

 

In bypassed state, MAC can conduct self test  

 

Any data o/p on the transmit pair is looped back to receive pair 



 

SCU is connected to STATION using three twisted pair, for transmission, reception and 

supply power  

 

For larger configuration – connect multiple nodes/concentrators by STP/ Optical fibre 

 

TCU-Trunk coupling unit – second relay unit 

 

MAC unit does frame encapsulation, de-encapsulation, FCS generation, error detection and 

implementation of MAC algorithm. 

Master station -  active ring monitor, supplies clock for the ring 

 

Active monitor selection – bidding process 

 

Active monitor ensures min latency time 

 

Ring should have min latency time to see that the token is not corrupted. 

 

To maintain const ring latency additional elastic (variable) buffer  with a length of 6 bits  is 

added to the fixed 24 bit buffer 

 

The buffer bits are altered based on the received signal. 



 

 

 

 



Two types of formats – Normal token and Control Token 

 

Control Token – Right to transmit is passed from one station to other 

 

Normal Frame – used by station to send data or MAC information round the ring 

 

SD & ED – bit sequences for data transparency 

 

The J & K symbols follow other than normal encoding. J symbol has same polarity as the 

preceding symbol. K symbol has opposite polarity to the preceding symbol 

 

In token both I & E are Zero 

 

In normal frame, I is used to indicate whether the frame is first or last and E is for error 

detection. 

AC field consists of priority bits, token , monitor bits and reservation bits. 

 

FC field defines type of frame and other control functions 

 

INFO field use to carry user data or control information  

 

FCS – for error checking 

 

FS – consists of two fields, the address recognized bits A and the frame copied bits C. 



 

Priority Operation: 

 

Frames with higher priority than the current ring service priority are always transmitted on 

the ring first 

 

All stations holding frames with the same priority have equal access rights to the ring 

 

Two bits R & P are used in this operation 

 

Each MAC unit has two sets of values. First set with three variables, Pm, Pr and Rr 

 

Pm – Specifies highest priority values within the frame 

Pr & Rr – priority registers 

 

The second set of values consists of two stacks Sr and Sx 

 



 

Ring Management: 

 

Connected with transmission of frames and tokens during normal operation of the ring and 

defining initialization procedure for the station which joins an already operation ring 

 

Initialization: A station added to the ring enters an initialization sequence and conforms that 

no stations in the ring are using the same address and also informs its entry to the ring 

 

Stand by Monitor: To monitor the correct operation of the ring. Monitors passage of tokens 

and special active monitors present. 

Active Monitor: An active monitor station inserts its latency buffer and enables its own clock. 

It ensures that there are no other tokens or frames on the ring before it initiates transmission 

of a new token 

 

 

Beaconing: This is to inform each station , the suspension of token passing protocol. 

 


