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Questionl

lintroduction

Analogue Bandwidth is the difference between thghést and lowest
frequencies present in the signal. The units ofilaaith in analogue are
hertz.

Digital Signal is a way of sending voice, video,data that reconstructs
the signals using binary codes (1s and 0s) fostression through wire,
fiber optic...

Digital Bandwidth is the Difference between the lkigt and Lowest how
analogue speech signal of telephone call is coagea digital signal.

The main steps involved in the conversion process,

Filtering

The first step to convert the signal from analogligital is to filter

out the higher frequency component of the signhis Thake things
easier downstream to convert this signal. Mosthe énergy of
spoken language is somewhere between 200 or 3@ dred about
2700 or 2800 hertz. Roughly 3000-hertz bandwidth dimandard
speech and standard voice communication is estallisT herefore,
they do not have to have precise filters (it isyvekpensive). A
bandwidth of 4000 hertz is made from an equipmemtpf view.

This band-limiting filter is used to prevent aliagi(antialiasing).

Sampling

The second step to convert an analog voice sigreligital voice signal
Is to sample the Filtered input signal at a cortstampling frequency. It
Is accomplished by using a process called pulsditaage modulation
(PAM). This step uses the original analog signahtmlulate the
amplitude of a pulse train that has a constant gl and frequency.
The pulse train moves at a constant frequencyea#dtie sampling
frequency. The analog voice signal can be sampgladvallion times per
second or at two to three times per second. Halheisampling
frequency determined? A scientist by the name afyHdyquist
discovered that the original analog signal candoemstructed if enough
samples are taken. He determined that if the samflequency is at
least twice the highest frequency of the originglut analog voice signal,



this signal can be reconstructed by a low—pass fdt the destination.
The Nyquist criterion is stated like this:

Fs > 2(BW)

Fs = Sampling frequency

BW = Bandwidth of original analog voice signal

Figure 1: Analog Sampling

RA-|—~ il

Analog Audio Source Sampling Stage

Digitize Voice

After you filter and sample (using PAM) an inpuoy voice signal, the
next step is to digitize these samples in prepardor transmission over
a Telephony network. The process of digitizing agaloice signals is
called PCM. The only difference between PAM and P&€khat PCM
takes the process one step further. PCM decodesaeatog sample
using binary code words. PCM has an analog—-to-adigdanverter on the
source side and adigital to analog converter om@éstination side. PCM
uses a technique called quantization to encode theanples.

Why the required bit-rate is 64 kbit/s.

¢ The predominance of 64 kbit/s channels in many multiplexing
schemesis a direct result of the fact that thisis the bit-rate used for
single telephone channels.

¢ The minimum theoretical rateis of the order of tens or at most
hundreds of bits per second, and that the 64 kbit/s PCM coding
must be highly redundant.

Quantization and Coding



Pulse Code Modulation—Nyquist Theorem

Voice Bandwidth =
200 Hz to 3400 Hz

Analog Audio Source Sampling Stage

|= Sample
Codec Technique

8 bits per sample
8 kHz (8,000 Samples/Sec)

As the input signal samples enter the quantizailuase, they are
assigned to a quantization interval. All quantizatintervals are equally
spaced (uniform quantization) throughout the dymramnge of the input
analog signal. Each quantization interval is assiigm discrete value in
the form of a binary code word. The standard wazrd gsed is eight bits.
If an input analog signal is sampled 8000 timessgeond and each
sample is given a code word that is eight bits Jahgn the maximum
transmission bit rate for Telephony systems usi@tyls 64,000 bits per
second. Figure illustrates how bit rate is derifggda PCM system.

Question?2

LAN is a high-speed, fault-tolerant data networ&ttbovers a relatively
small geographic area. It typically connects wakehs, personal
computers, printers, and other devices. LANs offanputer users many
advantages, including shared access to devicesapptications, file

exchange between connected users, and communidagiveen users
via electronic mail and other applications. LANitch is a device that
provides much higher port density at a lower canttraditional bridges.
For this reason, LAN switches can accommodate né&twaesigns

featuring fewer users per segment, thereby inangashe average
available bandwidth per user. This chapter provalssmmary of general



LAN switch operation and maps LAN switching to tB&I| reference
model.

A LAN switch is a data link layer device.

OSI Reference Model
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repeater is a physical layer device used to intereot the media
segments of an extended network. A repeater eafigrdgnables a series
of cable segments to be treated as a single c&apeaters receive
signals from one network segment and amplify, refigind retransmit
those signals to another network segment. Thesenacprevent signal
deterioration caused by long cable lengths andelangmbers of
connected devices. Repeaters are incapable of rpenip complex

filtering and other traffic processing. In additjoall electrical signals,
including electrical disturbances and other errass repeated and
amplified. The total number of repeaters and nétvgmgments that can
be connected is limited due to timing and otheueass Figure below
trates a repeater connecting two network segments.

A repeater connects two network segments.
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Bridges, It connects two or more local area net&/¢LANS) together.
The data use the bridge to travel to and from difieareas of the
network. The device is similar to a router, budaes not analyze the data
being forwarded. Because of this, bridges are aflyi¢ast at transferring
data, but not as versatile as a router. For exgragdedge cannot be used



as a firewall like most routers can. A bridge acamsfer data between
different protocols (i.e. a Token Ring and Ethemativork) and operates
at the "data link layer" or level 2 of the OSI (Qpfgystems
Interconnection) networking reference model.

Router is a hardware device that routes data (hd@ceame) from a
local area network (LAN) to another network conr@ttA router acts
like a coin sorting machine, allowing only authedzmachines to
connect to other computer systems. Most routecskadsp log files about
the local network activity.

Bit Rate

A signal received in a wavelength division multiphe system is
delayed and an exclusive OR logical operation rfopmed on the
received signal and the delayed received signanTtne direct current
voltage of a selection signal which is a resulihef operation is measured
to identify the bit-rate of the received signal. &iha mixture of various
signals having different bit-rates are used oveetavork in the
wavelength division multiplexing system, a recegvterminal can
automatically recognize information on the bit-rafea received optical
signal and extract a reference clock signal froenrdceived signal,
thereby reproducing the received optical signahaut distortion, using
the clock signal.

Bit rate through a to f, its move from router toiteW. The bandwidth of
bit rate between Routers to switch is back to tkedimspeed and so on
the contrary. A protocol is used between the reutea Multi Protocol
Label Switching (MPLS) network to assign label$Raetwork and
exchange label information with other routers. st commonly used
protocol currently used today is Label Distributi®rotocol (LDP Port
number 646), which is TCP-based and runs on the 3MRdibel Switch
Router (LSR).

LAN protocols function at the lowest two layerstioé OSI reference
model between the physical layer and the dataléiypér. Figures below
illustrate how several popular LAN protocols maphe OSI reference
model.
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Satellite Communications Systems (SCS) was found&879 to make it
easier for individuals and organizations to aceesbutilize sophisticated
technologies in order to improve the way they comicate. Satellite
Communication Systems, Inc. (SG# a rapidly growing facilities-based
international telecommunications carrier. SCSI pes
telecommunications services

A communications satellite (sometimes abbreviatecbimsat) is an
artificial satellite stationed in space for thegpases of
telecommunications. Modern communications satellitge a variety of
orbits including geostationary orbits, Molniya dghiother elliptical

orbits and low (polar and non-polar) Earth orbits.

Propagation delay is the length of time starting from when the inputa
logic gate becomes stable and valid, to the tinae the output of that
logic gate is stable and valid.



In a wide variety of broadband applications, thiera need to distribute
information to a potentially large number of reagigites that are widely
dispersed from each other. Communication satellaes a natural
technology option and are extremely well suited @arrying such

services because of the inherent broadcast capabilithe satellite

channel. Despite the potential of satellite multcahere exists little
support for multicast services over satellite nekso Although several
multicast protocols have been proposed for use tineinternet, they are
not optimized for satellite networks. One of thg kaulticast components
that is affected when satellite networks are inedlvin the

communication is the transport layer.

The maximum propagation delay is:

Time for the reception of the data:

v=d/t

t=d/v = 20000/3.06108 = 6533 s.

Time for the retransmission of the received dalang into account the
circumference of the circle to be covered by tigaai:

t = (d+]r)/v = (20000 + Z[*30000)/3.06108 = 68.08*103 s
So the propagation delay is:
(6.533*103 + 68.08*103 ) = 74.613*103 s = 149.226 m
For a geostationary system, d = 36 Mm
The propagation delay is 23582.102 ms.
Reference
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