
TELECOMMUNICATION AND TECHNOLOGY

Topic Objective:

At the end of this topic student would be able to:

 Learn about Basic elements of Telecommunications

 Understand Analogue or digital transmission

 Understand Networks

 Understand Channels

 Understand Modulation

 Learn about Economic impact of Telecommunications

Definition/Overview:

Telecommunication:is the assisted transmission of signals over a distance for the purpose of

communication. In earlier times, this may have involved the use of smoke signals, drums,

semaphore, flags, or heliograph. In modern times, telecommunication typically involves the

use of electronic transmitters such as the telephone, television, radio or computer. Early

inventors in the field of telecommunication include Antonio Meucci, Alexander Graham Bell,

Guglielmo Marconi and John Logie Baird. Telecommunication is an important part of the

world economy and the telecommunication industry's revenue has been placed at just under 3

percent of the gross world product.

Key Points:

1. Basic elements of Telecommunications

A basic telecommunication system consists of three elements:

 a transmitter that takes information and converts it to a signal;

 a transmission medium that carries the signal; and,

 a receiver that receives the signal and converts it back into usable information.

For example, in a radio broadcast the broadcast tower is the transmitter, free space is the

transmission medium and the radio is the receiver. Often telecommunication systems are two-

way with a single device acting as both a transmitter and receiver or transceiver. For
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example, a mobile phone is a transceiver. Telecommunication over a telephone line is called

point-to-point communication because it is between one transmitter and one receiver.

Telecommunication through radio broadcasts is called broadcast communication because it is

between one powerful transmitter and numerous receivers.

2. Analogue or digital

Signals can be either analogue or digital. In an analogue signal, the signal is varied

continuously with respect to the information. In a digital signal, the information is encoded as

a set of discrete values (for example ones and zeros). During transmission the information

contained in analogue signals will be degraded by noise. Conversely, unless the noise

exceeds a certain threshold, the information contained in digital signals will remain intact.

This noise resistance represents a key advantage of digital signals over analogue signals.

3. Networks

A collection of transmitters, receivers or transceivers that communicate with each other is

known as a network. Digital networks may consist of one or more routers that route

information to the correct user. An analogue network may consist of one or more switches

that establish a connection between two or more users. For both types of network, repeaters

may be necessary to amplify or recreate the signal when it is being transmitted over long

distances. This is to combat attenuation that can render the signal indistinguishable from

noise.

4. Channels

A channel is a division in a transmission medium so that it can be used to send multiple

streams of information. For example, a radio station may broadcast at 96.1 MHz while

another radio station may broadcast at 94.5 MHz. In this case, the medium has been divided

by frequency and each channel has received a separate frequency to broadcast on.

Alternatively, one could allocate each channel a recurring segment of time over which to

broadcastthis is known as time-division multiplexing and is sometimes used in digital

communication.

5. Modulation

The shaping of a signal to convey information is known as modulation. Modulation can be

used to represent a digital message as an analogue waveform. This is known as keying and

several keying techniques exist (these include phase-shift keying, frequency-shift keying and

amplitude-shift keying). Bluetooth, for example, uses phase-shift keying to exchange

information between devices.
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Modulation can also be used to transmit the information of analogue signals at higher

frequencies. This is helpful because low-frequency analogue signals cannot be effectively

transmitted over free space. Hence the information from a low-frequency analogue signal

must be superimposed on a higher-frequency signal (known as a carrier wave) before

transmission. There are several different modulation schemes available to achieve this (two

of the most basic being amplitude modulation and frequency modulation). An example of this

process is a DJ's voice being superimposed on a 96 MHz carrier wave using frequency

modulation (the voice would then be received on a radio as the channel 96 FM).

6. Economic impact of Telecommunications

6.1 Microeconomics

On the microeconomic scale, companies have used telecommunication to help build

global empires. This is self-evident in the case of online retailer Amazon.com but,

according to academic Edward Lenert, even the conventional retailer Wal-Mart has

benefited from better telecommunication infrastructure compared to its competitors.

In cities throughout the world, home owners use their telephones to organize many

home services ranging from pizza deliveries to electricians. Even relatively poor

communities have been noted to use telecommunication to their advantage. In

Bangladesh's Narshingdi district, isolated villagers use cell phones to speak directly to

wholesalers and arrange a better price for their goods. In Cote d'Ivoire, coffee growers

share mobile phones to follow hourly variations in coffee prices and sell at the best

price.

6.2 Macroeconomics

On the macroeconomic scale, Lars-Hendrik Rller and Leonard Waverman suggested a

causal link between good telecommunication infrastructure and economic growth.

Few dispute the existence of a correlation although some argue it is wrong to view the

relationship as causal. Because of the economic benefits of good telecommunication

infrastructure, there is increasing worry about the inequitable access to

telecommunication services amongst various countries of the worldthis is known as

the digital divide. A 2003 survey by the International Telecommunication Union

(ITU) revealed that roughly one-third of countries have less than 1 mobile

subscription for every 20 people and one-third of countries have less than 1 fixed line

subscription for every 20 people. In terms of Internet access, roughly half of all

countries have less than 1 in 20 people with Internet access. From this information, as

well as educational data, the ITU was able to compile an index that measures the
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overall ability of citizens to access and use information and communication

technologies. Using this measure, Sweden,Denmark and Iceland received the highest

ranking while the African countries Niger, Burkina Faso and Mali received the

lowest.

6.3 Social impact

Telecommunication is playing an increasingly important role in social relationships.

In recent years, the popularity of social networking sites has increased dramatically.

These sites allow users to communicate with each other as well as post photographs,

events and profiles for others to see. The profiles can list a person's age, interests,

sexuality and relationship status. In this way, these sites can play important role in

everything from organising social engagements to courtship. Prior to social

networking sites, technologies like SMS and the telephone also had a significant

impact on social interactions. In 2000, market research group Ipsos MORI reported

that 81% of 15 to 24 year-old SMS users in the United Kingdom had used the service

to coordinate social arrangements and 42% to flirt.

Topic : Digital Transmission

Topic Objective:

At the end of this topic student would be able to:

 Learn about the analog to digital converter

 Learn about response type of conversion

 Learn about Sampling rate in conversion

 Learn about the concept of Aliasing in conversion

 Learn about the concept of Dither in conversion

Definition/Overview:

Digital Communication: Digital communications refers to the transmission of digital data.

This is in contrast to analog communications. While analog communications use a

continuously varying signal, a digital transmission can be broken down into discrete
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messages. Transmitting data in discrete messages allows for greater signal processing

capability. The ability to process a communications signal means that errors caused by

random processes can be detected and corrected.

Key Points:

1. Analog to Digital Converter

An analog-to-digital converter(abbreviated ADC, A/D or A to D) is a device which converts

continuous signals to discrete digital numbers. The reverse operation is performed by a

digital-to-analog converter (DAC). Typically, an ADC is an electronic device that converts an

input analog voltage (or current) to a digital number. However, some non-electronic or only

partially electronic devices, such as rotary encoders, can also be considered ADCs. The

digital output may use different coding schemes, such as binary, Gray code or two's

complement binary. The resolution of the converter indicates the number of discrete values it

can produce over the range of analog values. The values are usually stored electronically in

binary form, so the resolution is usually expressed in bits. In consequence, the number of

discrete values available, or "levels", is usually a power of two. For example, an ADC with a

resolution of 8 bits can encode an analog input to one in 256 different levels, since 28 = 256.

The values can represent the ranges from 0 to 255 (i.e. unsigned integer) or from -128 to 127

(i.e. signed integer), depending on the application.Resolution can also be defined electrically,

and expressed in volts. The voltage resolution of an ADC is equal to its overall voltage

measurement range divided by the number of discrete intervals as in the formula:

Where:

Q is resolution in volts per step (volts per output code),

EFSR is the full scale voltage range = VRefHi − VRefLo,

M is the ADC's resolution in bits, and

N is the number of intervals, given by the number of available levels (output codes), which is:

N = 2M
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In practice, the smallest output code ("0" in an unsigned system) represents a voltage range

which is 0.5X of the ADC voltage resolution (Q)(meaning half-wide of the ADC voltage Q )

while the largest output code represents a voltage range which is 1.5X of the ADC voltage

resolution (meaning 50% wider than the ADC voltage resolution). The other N − 2 codes are

all equal in width and represent the ADC voltage resolution (Q) calculated above. Doing this

centers the code on an input voltage that represents the Mth division of the input voltage

range. For example, with the 3-bit ADC spanning an 8 V range, each of the Ndivisions would

represent 1 V, except the 1st ("0" code) which is 0.5 V wide, and the last ("7" code) which is

1.5 V wide. Doing this the "1" code spans a voltage range from 0.5 to 1.5 V, the "2" code

spans a voltage range from 1.5 to 2.5 V, etc. Thus, if the input signal is at 3/8ths of the full-

scale voltage, then the ADC outputs the "3" code, and will do so as long as the voltage stays

within the range of 2.5/8ths and 3.5/8ths. This practice is called "Mid-Tread" operation. This

type of ADC can be modeled mathematically as:

2. Response Type of Conversion

2.1 Linear ADCs

Most ADCs are of a type known as linear, although analog-to-digital conversion is an

inherently non-linear process (since the mapping of a continuous space to a discrete

space is a piecewise-constant and therefore non-linear operation). The term linearas

used here means that the range of the input values that map to each output value has a

linear relationship with the output value, i.e., that the output value k is used for the

range of input values from

m(k+ b) to m(k + 1 + b),

where m and b are constants. Here b is typically 0 or −0.5. When b = 0, the ADC is

referred to as mid-rise, and when b = −0.5 it is referred to as mid-tread.

2.2 Non-linear ADCs

If the probability density function of a signal being digitized is uniform, then the

signal-to-noise ratio relative to the quantization noise is the best possible. Because

this is often not the case, it's usual to pass the signal through its cumulative

distribution function (CDF) before the quantization. This is good because the regions

that are more important get quantized with a better resolution. In the dequantization

process, the inverse CDF is needed.
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This is the same principle behind the companders used in some tape-recorders and

other communication systems, and is related to entropy maximization. For example, a

voice signal has a Laplacian distribution. This means that the region around the lowest

levels, near 0, carries more information than the regions with higher amplitudes.

Because of this, logarithmic ADCs are very common in voice communication systems

to increase the dynamic range of the representable values while retaining fine-

granular fidelity in the low-amplitude region. An eight-bit a-law or the μ-law

logarithmic ADC covers the wide dynamic range and has a high resolution in the

critical low-amplitude region, that would otherwise require a 12-bit linear ADC.

3. Sampling rate in Conversion

The analog signal is continuous in time and it is necessary to convert this to a flow of digital

values. It is therefore required to define the rate at which new digital values are sampled from

the analog signal. The rate of new values is called the sampling rate or sampling frequency of

the converter. A continuously varying bandlimited signal can be sampled (that is, the signal

values at intervals of time T, the sampling time, are measured and stored) and then the

original signal can be exactly reproduced from the discrete-time values by an interpolation

formula. The accuracy is limited by quantization error. However, this faithful reproduction is

only possible if the sampling rate is higher than twice the highest frequency of the signal.

This is essentially what is embodied in the Shannon-Nyquist sampling theorem. Since a

practical ADC cannot make an instantaneous conversion, the input value must necessarily be

held constant during the time that the converter performs a conversion (called the conversion

time). An input circuit called a sample and hold performs this taskin most cases by using a

capacitor to store the analog voltage at the input, and using an electronic switch or gate to

disconnect the capacitor from the input. Many ADC integrated circuits include the sample

and hold subsystem internally.

4. Aliasing in Conversion

All ADCs work by sampling their input at discrete intervals of time. Their output is therefore

an incomplete picture of the behaviour of the input. There is no way of knowing, by looking

at the output, what the input was doing between one sampling instant and the next. If the

input is known to be changing slowly compared to the sampling rate, then it can be assumed

that the value of the signal between two sample instants was somewhere between the two

sampled values. If, however, the input signal is changing fast compared to the sample rate,

then this assumption is not valid.
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If the digital values produced by the ADC are, at some later stage in the system, converted

back to analog values by a digital to analog converter or DAC, it is desirable that the output

of the DAC be a faithful representation of the original signal.If the input signal is changing

much faster than the sample rate, then this will not be the case, and spurious signals called

aliases will be produced at the output of the DAC. The frequency of the aliased signal is the

difference between the signal frequency and the sampling rate. For example, a 2 kHz

sinewave being sampled at 1.5 kHz would be reconstructed as a 500 Hz sinewave. This

problem is called aliasing. To avoid aliasing, the input to an ADC must be low-pass filtered

to remove frequencies above half the sampling rate. This filter is called an anti-aliasingfilter,

and is essential for a practical ADC system that is applied to analog signals with higher

frequency content. Although aliasing in most systems is unwanted, it should also be noted

that it can be exploited to provide simultaneous down-mixing of a band-limited high

frequency signal.

5. Dither in Conversion

In A to D converters, performance can usually be improved using dither. This is a very small

amount of random noise (white noise) which is added to the input before conversion. Its

amplitude is set to be about half of the least significant bit. Its effect is to cause the state of

the LSB to randomly oscillate between 0 and 1 in the presence of very low levels of input,

rather than sticking at a fixed value. Rather than the signal simply getting cut off altogether at

this low level (which is only being quantized to a resolution of 1 bit), it extends the effective

range of signals that the A to D converter can convert, at the expense of a slight increase in

noise - effectively the quantization error is diffused across a series of noise values which is

far less objectionable than a hard cutoff. The result is an accurate representation of the signal

over time. A suitable filter at the output of the system can thus recover this small signal

variation. An audio signal of very low level (with respect to the bit depth of the ADC)

sampled without dither sounds extremely distorted and unpleasant. Without dither the low

level always yields a '1' from the A to D. With dithering, the true level of the audio is still

recorded as a series of values over time, rather than a series of separate bits at one instant in

time. A virtually identical process, also called dither or dithering, is often used when

quantizing photographic images to a fewer number of bits per pixelthe image becomes noisier

but to the eye looks far more realistic than the quantized image, which otherwise becomes

banded. This analogous process may help to visualize the effect of dither on an analogue

audio signal that is converted to digital. Dithering is also used in integrating systems such as

electricity meters. Since the values are added together, the dithering produces results that are
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more exact than the LSB of the analog-to-digital converter. Note that dither can only increase

the resolution of a sampler, it cannot improve the linearity, and thus accuracy does not

necessarily improve.

Topic : T1/T3 Applications And Subscriber Loop Carrier Systems

Topic Objective:

At the end of this topic student would be able to:

 Learn about . DS1 frame synchronization

 Learn about SF framing

 Learn about ESF framing

 Learn about Alarms

 Learn about Real world use

 Learn about Inband T1 versus T1 PRI

 Learn about carrier pricing

 Learn about Higher T systems

 Learn about Digital signal crossconnect

 Learn about Copper Spans

 Learn about Bit robbing

Definition/Overview:

T1 Technology: Digital signal 1 (DS1, also known as T1, sometimes "DS-1") is a T-carrier

signaling scheme devised by Bell Labs. DS1 is a widely used standard in telecommunications

in North America and Japan to transmit voice and data between devices. E1 is used in place

of T1 outside of North America, Japan, and South Korea. Technically, DS1 is the logical bit

pattern used over a physical T1 line; however, the terms "DS1" and "T1" are often used

interchangeably.
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Key Points:

1. DS1 frame synchronization

Frame synchronization is necessary to identify the timeslots within each 24-channel frame.

Synchronization takes place by allocating a framing, or 193rd, bit. This results in 8 kbit/s of

framing data, for each DS1. Because this 8-kbit/s channel is used by the transmitting

equipment as overhead, only 1.536 Mbit/s is actually passed on to the user. Two types of

framing schemes are Super Frame (SF) and Extended Super Frame (ESF). A Super Frame

consists of twelve consecutive 193-bit frames, whereas an Extended Super Frame consists of

twenty-four consecutive 193-bit frames of data. Due to the unique bit sequences exchanged,

the framing schemes are not compatible with each other. These two types of framing (SF and

ESF) use their 8 kbit/s framing channel in different ways.

2. SF framing

In SF Framing, aka Super Frame, the framing channel is divided into two channels of 4 kbit/s

each. One channel is for terminal frame alignment; the second is used to align the signaling

frames. The terminal frame and signaling frame bits are interleaved, rather than consecutive.

(correction per ANSI T1.403 Section 7.2 "A frame is a set of 192 digit time-slots for the

information payload preceded by one digit time-slot containing the framing (F) bit, for a total

of 193 digit time-slots." Meaning the first bit of the frame is a framing bit and not the last

bit.)

The terminal frame alignment channel is carried in odd-numbered frames inside the super

frame and occurs with the DS0 channel synchronization. Since the framing bits occur only

once per frame, in the 193rd position, the bit placement of each DS0 can be calculated. After

the framing bit is sensed, the first DS0 timeslot is taken as the next 1-8 bits. Timeslot 2 is bits

9-16, timeslot 3 is 17-24, through to timeslot 24. . The Terminal frame alignment pattern is

carried in odd-numbered frames, inside the super frame, and consists of alternating 1s and 0s:

101010.

Signaling frame alignment channel is carried in even-numbered frames inside the super frame

and is used for signaling frame alignment. The signaling frame alignment pattern consists of

a 001110. Signaling frames are identified by the framing signal's transition from 1 to 0 and

from 0 to 1; thereby frames six and twelve carry signaling information. .
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The SF format uses bit robbing to pass signaling information. Bit robbing modifies the least

significant bit in each user data timeslot twice per Super Frame. The two modified frames are

the sixth (A) and the twelfth (B). Using two bits, four possible signaling states can be passed

in each direction (00, 01, 10, 11). In order for A/B signaling to work, the exact placement of

the bits must be known by both sides. Information on the frame sequence is necessary to

"pick out" the A and B bits. Channel information must also be known in order to pick out the

last bit of each channel. If the proper alignment (timing) did not occur, the wrong bit could be

modified or read as the robbed bit. This method of signaling is also commonly referred to as

Channel Associated Signaling or CAS.

3. ESF framing

In ESF, aka Extended Super Frame, twenty-four frames make up the (extended) super frame.

ESF divides the 8 kbit/s framing channel into three segments. The frame pattern uses 2 kbit/s,

and a Cyclic redundancy check (CRC) uses 2 kbit/s. The remaining 4 kbit/s make up an

administrative data link (DL) channel. The framing pattern occupies the 4th, 8th, 12th, 16th,

20th and 24th frames. The pattern consists of a 001011 sequence. This is the only pattern

repeated in the ESF format.

The CRC algorithm checks a known segment of data and adds the computed value to it. The

combined data and CRC blocks are both transmitted. The receive circuitry will run the same

CRC algorithm against the data portion and compare the calculation to the transmitter's CRC

value. In this manner, corrupted data can be flagged as "CRC errors". The CRC checksum is

passed in the 2nd, 6th, 10th, 14th, 18th, and 22nd frames.

The administrative channel provides a means to communicate within the DS1 stream (sub-

channel). Statistics on CRC errors can be requested and sent from one end to another. The

data channel occupies the twelve odd numbered frames. Signaling and other information

passes over this channel. Provisions in the ESF standard would allow the normal A/B bit

robbed signal to be enhanced. The A/B bits can be extended to four bits (ABCD). This

provides 16 distinct states. An improvement from A/B, which provides 4. To overcome

incompatibility with A/B signaling, equipment repeats the A&B bits (e.g. C = A and D = B).

These additional signaling bits will offer new features as equipment is built to support it.
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CRC errors can be detected and counted in at least one of four different registers. The

registers are for transmit (in and out) and receive (in and out). Using recovered CRC data, it

is possible to segment and isolate the direction of problems.

4. Alarms

Alarms are normally produced by the receiving terminal equipment when the framing is

compromised. There are three defined alarm states, identified by a legacy color scheme: red,

yellow and blue.

4.1 Red alarmindicates the alarming equipment is unable to recover the framing

reliably. Corruption or loss of the signal will produce red alarm. Connectivity has

been lost toward the alarming equipment. There is no knowledge of connectivity

toward the far end.

4.2 Yellow alarmindicates reception from the far end of a data or framing pattern that

reports the far end is in red alarm. Red alarm and yellow alarm states cannot exist

simultaneously on a single piece of equipment because the yellow alarm pattern must

be received within a framed signal. For ESF framed signals, all bits of the Data Link

channel within the framing are set to data 0; the customer data is undisturbed. For D4

framed signals, the pattern sent to indicate to the far end that inbound framing has

been lost is a coercion of the framed data so that bit 2 of each timeslot is set to data 0

for three consecutive frames. Although this works well for voice circuits, the data

pattern can occur frequently when carrying digital data and will produce transient

yellow alarm states, making ESF a better alternative for data circuits.

4.3 Blue alarmindicates a disruption in the communication path between the terminal

equipment. Communication devices, such as repeaters and multiplexers must see and

produce line activity at the DS1 rate. If no signal is received that fills those

requirements, the communications device produces a series of pulses on its output

side to maintain the required activity. Those pulses represent data 1 in all data and all

framing time slots. This signal maintains communication integrity while providing no

framing to the terminal equipment. The receiving equipment displays a red alarm and

sends the signal for yellow alarm to the far end because it has no framing, but at

maintenance interfaces the equipment will report AIS or Alarm Indication Signal. AIS

isalso called all ones because of the data and framing pattern.These alarm states are

also lumped under the term Carrier Group Alarm (CGA). The meaning of CGA is that

connectivity on the digital carrier has failed. The result of the CGA condition varies

depending on the equipment function. Voice equipment typically coerces the robbed
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bits for signaling to a state that will result in the far end properly handling the

condition, while applying an often different state to the customer equipment

connected to the alarmed equipment. Simultaneously, the customer data is often

coerced to a 0x7F pattern, signifying a zero-voltage condition on voice equipment.

Data equipment usually passes whatever data may be present, if any, leaving it to the

customer equipment to deal with the condition.

5. Real world use

Before the jump in Internet traffic in the mid 1990s, DS1s were found mostly in larger

businesses and telephone company central offices as a means to transport voice traffic

between locations. DS1s have been and still are the primary way cellular phone carriers

connect their central office switches (MSCs) to the cell sites deployed throughout a city.

Today, many smaller companies often use an entire DS1 for Internet traffic, providing 1.544

Mbit/s of shareable synchronous connectivity (allowing for 1.536 Mbit/s of usable traffic, and

8 kbit/s of framing overhead). However, DS1 can be ordered as a channelized circuit, and any

number of channels can be reserved for non-data (for example, voice) traffic. Many radio

stations also use this technology in their broadcasting. A T1 telephone line can be used as a

link to convey the broadcast audio from the studio to the transmitter/tower site, a distance that

can be quite a few miles in length. T1-based solutions, as opposed to IP-based, remain very

attractive to broadcasters because the data is transported in effective real-time.

6. Inband T1 versus T1 PRI

Additionally, for voice T1s there are two types: so-called "plain" or Inband T1s and PRI

(Primary Rate Interface). While both carry voice telephone calls in similar fashion, PRIs are

commonly used in call centers and provide not only the 23 actual usable telephone lines

(Known as "B" channels) but also a 24th line that carries signaling information (Known as

the "D" channel for Data.) This special "D" channel carries: Caller ID (CID) and Automatic

Number Identification (ANI) data (commonly referred to in industry parlance as "signaling

data"), required channel type (usually a B channel), call handle, DNIS info, requested channel

number and a request for response. Inband T1s are also capable of carrying CID and ANI

information if they are configured by the carrier to do so but PRI's handle this as a standard

and thus the PRI's CID and ANI information has a much better chance of getting through to

the destination. While an Inband T1 seemingly has a slight advantage due to 24 lines being

available to make calls (as opposed to a PRI that has 23), each channel in an Inband T1 must

perform its own set up and tear-down of each call. A PRI uses the 24th channel as a data
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channel to perform all the overhead operations of the other 23 channels (including CID and

ANI). So even though an Inband T1 has 24 channels, the 23 channel PRI can actually dial

more calls faster because of the dedicated 24th data (also called "D") signaling channel.

7. Carrier pricing

Carriers price DS1 lines in many different ways. However, most boil down to two simple

components; local loop (the cost the local incumbent charges to transport the signal from the

end user's central office, otherwise known as a CO, to the point of presence, otherwise known

as a POP, of the carrier) and the port (the cost to access the telephone network or the Internet

through the carrier's network). Typically, the port price is based upon access speed and yearly

commitment level while the loop is based on geography. The further the CO and POP, the

more the loop cost.

The loop price has several components built into it, including the mileage calculation

(performed in V/H coordinates, not standard GPS coordinates) and the telco piece. Each local

Belloperating company - namely Verizon, AT&T, and Qwest - charge T-carriers different

price per mile rates. Therefore, the price calculation has two distance steps: geomapping and

the determination of local price arrangements. While most carriers utilize a geographic

pricing model as described above, some Competitive Local Exchange Carriers (CLECs), such

as EarthLink Business Solutions, offer national pricing. Under this DS1 pricing model, a

provider charges the same price in every geography it services. National pricing is an

outgrowth of increased competition in the T-carrier market space and the commoditization of

T-carrier products.Providers that have adopted a national pricing strategy may experience

widely varying margins as their suppliers, the Bell operating companies (e.g., Verizon,

AT&T and Qwest), maintain geographic pricing models, albeit at wholesale prices. For voice

DS1 lines, the calculation is mostly the same, except that the port (required for Internet

access) is replaced by LDU (otherwise known as Long Distance Usage). Once the price of the

loop is determined, only voice-related charges are added to the total. In short, the total price =

loop + LDU x minutes used.

8. Higher T

In the late 1960s and early 1970s Bell Labs developed higher rate systems. T-1C with a more

sophisticated modulation scheme carried 3 Mbit/s, on those balanced pair cables that could
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support it. T-2 carried 6.312 Mbit/s, requiring a special low-capacitance cable with foam

insulation. This was standard for Picturephone. T-4 and T-5 used coaxial cables, similar to

the old L-carriers used by AT&T Long Lines. TD microwave radio relay systems were also

fitted with high rate modems to allow them to carry a DS1 signal in a portion of their FM

spectrum that had too poor quality for voice service. Later they carried DS3 and DS4 signals.

Later optical fiber, typically using SONET transmission scheme, overtook them.

9. Digital signal crossconnect

DS1 signals are interconnected typically at Central Office locations at a common metallic

cross-connect point known as a DSX-1. A DS1 signal at a DSX-1 is measured typically at 6

Volts Peak-to-peak (0dBdsx signal level at 772 kHz Nyquist) at plus or minus 1.2 volts to

permit easy interconnection of DS1 equipment NCI Code=04DS9/ /). When a DS1 is

transported over metallic outside plant cable, the signal travels over conditioned cable pairs

known as a T1 span. A T1 span can have up to -130 Volts of DC power superimposed on the

associated four wire cable pairs to line or "Span" power line repeaters, and T1 NIU's (T1

Smartjacks). T1 span repeaters are typically engineered up to 6000 feet apart, depending on

cable gauge, and at no more than 36 dB of loss before requiring a repeated span. There can be

no cable bridge taps across any pairs.

10. Copper Spans

T1 copper spans are being replaced by optical transport systems, but if a copper (Metallic)

span is used, the T1 is typically carried over an HDSL encoded copper line. Four wire HDSL

does not require as many repeaters as conventional T1 spans. Newer two wire HDSL (HDSL-

2) equipment transports a full 1.54400Bp/s T1 over a single copper wire pair up to

approximately twelve thousand (12,000) feet (3.5 km), if all 24 gauge cable is used. HDSL-2

does not employ repeaters as does conventional four wire HDSL, or newer HDSL-4 systems.

One advantage of HDSL is its ability to operate with a limited number of bridge taps, with no

tap being closer than 500 feet from any HDSL transceiver. Both two or four wire HDSL

equipment transmits and receives over the same cable wire pair, as compared to conventional

T1 service that utilizes individual cable pairs for transit or receive.
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DS3 signals are rare except within buildings, where they are used for interconnections and as

an intermediate step before being muxed onto a SONET circuit. This is because a T3 circuit

can only go about 600 feet (180m) between repeaters. A customer who orders a DS3 usually

receives a SONET circuit run into the building and a multiplexer mounted in a utility box.

The DS3 is delivered in its familiar form, two coax cables (1 for send and 1 for receive) with

BNC connectors on the ends.

11. Bit robbing

T1 carrier can utilize out-of-band (Robbed Bit) signalling, as opposed to earlier forms of in-

band circuit signaling that utilized in-band audio tones typically at 2600 Hz, and more

commonly known as SF signaling. In robbed bit signaling, the eighth bit, which is the least

significant bit in the eight bit PCM sample that comprises the T1 carrier DS0 channel, is used

to carry T1 channel signaling information. Twelve DS1 frames make up a single T1

Superframe (T1 SF). Each T1 Superframe is comprised of two signaling frames. All T1 DS0

channels that employ in-band signaling will have its eighth bit over written, or "robbed",

from the full 64Kb/s DS0 payload, and be overwritten by either a logical ZERO or ONE bit

to signify a circuit signaling state or condition. Hence robbed bit signaling only will restrict a

DS0 channel to a 56KB/s rate during two of the twelve DS1 frames that make up a T1 SF

framed circuit. T1 SF framed circuits yield two independent signaling channels (A&B) T1

ESF framed circuits four signaling frames in a twenty four frame extended frame format that

yield four independent signaling channels (A, B,C,& D).

56KB/s DS0 channels are associated with digital data service (DDS) services typically do not

utilize the eighth bit of the DS0 as voice circuits that employ A&B out of band signaling. One

exception is Switched 56Kb/s DDS. In DDS, bit eight is used to identify DTE request to send

(RTS) condition. With Switched 56 DDS, bit eight is pulsed (Alternately set to logical Zeros

and Ones) to transmit two state dial pulse signaling information between a SW56 DDS

CSU/DSU, and a digital end office switch.

The incident use of robbed-bit signaling in North America has decreased significantly as a

result of Signaling System Seven (SS7) on inter-office dial trunks. With SS7, full the 64KB/s

DS0 channel is available for use on a connection, and allows 64KB/s, and 128KB/s ISDN

data calls to exist over a switched trunk network connection if the supporting T1 carrier entity

is optioned B8ZS (Clear Channel Capable).
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In Section 2 of this course you will cover these topics:
Switching Systems

Computer Telephony

Topic : Switching Systems

Topic Objective:

At the end of this topic student would be able to:

 Understand SMDS Network Components

 Understand SMDS Interface Protocol (SIP)

 Understand Distributed Queue Dual Bus (DQDB)

 Understand Access ClassesSMDS

 Understand CPE Configurations

Definition/Overview:

Switching System: A switching system with major devices constructed of semiconductor

components. A semi-electronic switching system that had reed relays or crossbar matrices for

its talk paths, as well as semiconductor components, was also considered to be an ESS in the

20th Century.

Key Points:

1. SMDS Network Components

SMDS networks feature several underlying entities to provide high-speed data service. These

includecustomer premises equipment (CPE), carrier equipment, and the subscriber network

interface (SNI).CPE is terminal equipment typically owned and maintained by the customer.

CPE includes enddevices, such as terminals and personal computers, and intermediate nodes,

such as routers,modems, and multiplexers. Intermediate nodes, however, sometimes are
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provided by the SMDScarrier. Carrier equipment generally consists of high-speed WAN

switches that must conform tocertain network equipment specifications, such as those

outlined by Bell Communications Research(Bellcore). These specifications define network

operations, the interface between a local carriernetwork and a long-distance carrier network,

and the interface between two switches inside a singlecarrier network.

2. SMDS Interface Protocol (SIP)

The SMDS Interface Protocol (SIP) is used for communications between CPE and SMDS

carrierequipment. SIP provides connectionless service across the subscriber-network

interface (SNI),allowing the CPE to access the SMDS network. SIP is based on the IEEE

802.6 Distributed QueueDual Bus (DQDB) standard for cell relay across metropolitan-area

networks (MANs). The DQDBwas chosen as the basis for SIP because it is an open standard

that supports all the SMDS servicefeatures. In addition, DQDB was designed for

compatibility with current carrier transmissionstandards, and it is aligned with emerging

standards for Broadband ISDN (BISDN), which will allowit to interoperate with broadband

video and voice services.

3. Distributed Queue Dual Bus (DQDB)

The Distributed Queue Dual Bus (DQDB) is a data link layer communication protocol

designed foruse in metropolitan-area networks (MANs). DQDB specifies a network topology

composed of twounidirectional logical buses that interconnect multiple systems. It is defined

in the IEEE 802.6DQDB standard.An access DQDB describes just the operation of the

DQDB protocol (in SMDS, SIP) across auser-network interface (in SMDS, across the SNI).

Such operation is distinguished from theoperation of a DQDB protocol in any other

environment (for example, between carrier equipmentwithin the SMDS PDN).

4. Access ClassesSMDS

Access classes enable SMDS networks to accommodate a broad range of traffic

requirementsand equipment capabilities. Access classes constrain CPE devices to a sustained

or average rate ofdata transfer by establishing a maximum sustained information transfer rate

and a maximum alloweddegree of traffic burstiness. (Burstiness in this context is the

propensity of a network to experiencesudden increases in bandwidth demand.) SMDS access
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classes sometimes are implemented using acredit-management scheme. In this case, a credit-

management algorithm creates and tracks a creditbalance for each customer interface. As

packets are sent into the network, the credit balance isdecremented. New credits are allocated

periodically, up to an established maximum. Creditmanagement is used only on DS-3 rate

SMDS interfaces, not on DS-1 rate interfaces.

5. CPE Configurations

There are two ways to configure CPE on the SMDS access DQDB. In asingle-CPE

configuration, the access DQDB simply connects the switch in the carrier network andone

subscriber-owned station (CPE). In a multi-CPE configuration, the access DQDB consists of

theswitch in the network and multiple interconnected CPE at the subscriber site. In this

latterconfiguration, all CPEs must belong to the same subscriber.

Topic : Computer Telephony

Topic Objective:

At the end of this topic student would be able to:

 Learn about history of Computer Telephony Integration

 Understand Quality of Service

 Understand delay in IP Packets

 Learn about susceptibility to Power failure

 Learn about emergency calls

 Understand VOIP Level

 Learn about Number Portability

 Learn about PSTN Integration

Definition/Overview:

Computer Telephony Integration: Computer telephony integration, also called computer-

telephone integration or CTI, is technology that allows interactions on a telephone and a
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computer to be integrated or co-ordinated. As contact channels have expanded from voice to

include email, web, and fax, the definition of CTI has expanded to include the integration of

all customer contact channels (voice, email, web, fax, etc.) with computer systems

Key Points:

1. History of Computer Telephony Integration

The origins of CTI can be found in simple Screen Population (or "Screen Pop") technology.

This allows data collected from the telephone systems to be used as input data to query

databases with customer information and populate that data instantaneously in the customer

service representative screen. The net effect is the agent already has the required screen on

his/her terminal before speaking with the customer. This technology started gaining

widespread adoption in markets like North America and UK/Northern European countries.

There were several standards which had a major impact in the normalization of in the

industry, previously fully closed and proprietary to each PBX/ACD vendor. On the software

level, the most adopted interface by vendors is the CSTA standard, which is approved by the

standards-body ITU. Other well known CTI standards in the industry are JTAPI, TSAPI and

TAPI: JTAPI, the Java Telephony API is promoted by Sun; TSAPI, originally promoted by

the AT&T (later Lucent then Avaya) and Novell, by far the most adopted in large scale

contact centers; Microsoft pushed their own initiative also, and thus TAPI was born, with

support mostly from Windows applications.

Among the key players in this area, Lucent played a big role and IBM acquired ROLM Inc, a

US pioneer in ACDs, in an attempt to normalize all major PBX vendor interfaces with its

CallPath middleware. This attempt failed when it sold this company to Siemens AG and

gradually divested in the area. A pioneer startup that combined the technologies of voice

digitization, Token Ring networking, and time-division multiplexing was ZTEL of

Wilmington, MA. ZTEL's computer-based voice and data network combined user-

programmable voice call processing features, protocol conversion for automated "data call

processing," database-driven directory and telset definitions, and custom LSI chipset

technology. Unfortunately, ZTEL ran into funding and management problems, and it ceased

operation in 1986. Another player more successful in that mission was Digital Equipment

Corporation which developed CTI software, including a vendor abstraction middleware. It
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was sold to Dialogic, which in turn was purchased by Intel. This CTI software, known as CT

Connect, was subsequently sold in 2005 to Envox Worldwide.

On the hardware level, there was a paradigm shift since 1993, with emerging standards from

IETF, which led to several new players like Dialogic, Brooktrout, NMS offering telephony

interfacing boards for various networks and elements.

Several early CTI vendors and developers have changed hands over the years. An example is

Nabnasset, a Massachusetts firm that developed a CORBA based CTI solution for a client

and then decided to make it into a general product. It merged with Quintus, a customer

relationship management company, which went bankrupt and was purchased by Avaya

Telecommunications. Smaller organisations have also survived from the early days and have

leveraged their heritage to thrive. However, many of the 1980s startups that were inspired by

the "Bell Breakup" and the coming competitive telephony marketplace, did not survive the

decade.

2. Quality of Service

Because the underlying IP network is inherently unreliable, in contrast to the circuit-switched

public telephone network, and does not inherently provide a mechanism to ensure that data

packets are delivered in sequential order, or provide Quality of Service (QoS) guarantees,

VoIP implementations face problems mitigating latency and jitter. Voice travels over IP

networks in packets in the same manner as data, so when you talk over an IP network your

conversation is broken up into small packets. These voice and data packets travel over the

same network with a fixed bandwidth. This system is more prone to congestion and DoS

attacks than traditional circuit switched systems. Fixed delays cannot be controlled (as they

are caused by the physical distance the packets travel), however some delays can be

minimized by marking voice packets as being delay-sensitive. Fixed delays are especially

problematic when satellite circuits are involved, due to long round-trip propagation delay

(400600 milliseconds for links through geostationary satellites). A cause of packet loss and

delay is congestion, which can be avoided by means of teletraffic engineering. The receiving

node must restructure IP packets that may be out of order, delayed or missing, while ensuring

that the audio stream maintains a proper time consistency. Variation in delay is called jitter.

The effects of jitter can be mitigated by storing voice packets in a jitter buffer upon arrival

and before producing analog audio, although this further increases delay. This avoids a
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condition known as buffer underrun, in which the voice engine is missing audio since the

next voice packet has not yet arrived.

3. Delay in IP Packets

When IP packets are lost or delayed at any point in the network between VoIP users there

will be a momentary dropout of voice if all packet delay and loss mechanisms cannot

compensate. It has been suggested to rely on the packetized nature of media in VoIP

communications and transmit the stream of packets from the source phone to the destination

phone simultaneously across different routes (multi-path routing). In such a way, temporary

failures have less impact on the communication quality. In capillary routing it has been

suggested to use at the packet level Fountain codes or particularly raptor codes for

transmitting extra redundant packets making the communication more reliable. A number of

protocols have been defined to support the reporting of QoS/QoE for VoIP calls. These

include RTCP XR (RFC3611), SIP RTCP Summary Reports, H.460.9 Annex B (for H.323),

H.248.30 and MGCP extensions. The RFC3611 VoIP Metrics block is generated by an IP

phone or gateway during a live call and contains information on packet loss rate, packet

discard rate (due to jitter), packet loss/discard burst metrics (burst length/density, gap

length/density), network delay, end system delay, signal / noise / echo level, MOS scores and

R factors and configuration information related to the jitter buffer. RFC3611 VoIP metrics

reports are exchanged between IP endpoints on an occasional basis during a call, and an end

of call message sent via SIP RTCP Summary Report or one of the other signaling protocol

extensions. RFC3611 VoIP metrics reports are intended to support real time feedback related

to QoS problems, the exchange of information between the endpoints for improved call

quality calculation and a variety of other applications.

4.Susceptibility to Power failure

Conventional phones are connected directly to telephone company phone lines, which in the

event of a power failure are kept functioning by backup generators or batteries located at the

telephone exchange. However, IP Phones and the IP infrastructure connect to routers and

servers which typically depend on the availability of mains electricity or another locally

generated power source. Therefore, most VoIP networks and the supporting routers and

servers are also on widely available and relatively inexpensive uninterruptible power supply

(UPS) systems to maintain electricity during a power outage for a predetermined length of
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time. The amount of time typically ranges from as little as an hour and up to three, depending

on the quality of the UPS unit and the power draw and characteristics of the communications

equipment.

5. Emergency calls

The nature of IP makes it difficult to locate network users geographically. Emergency calls,

therefore, cannot easily be routed to a nearby call center. Sometimes, VoIP systems may

route emergency calls to a non-emergency phone line at the intended department. In the

United States, at least one major police department has strongly objected to this practice as

potentially endangering the public. A fixed line phone has a direct relationship between a

telephone number and a physical location. A telephone number represents one pair of wires

that links a location to the telco's exchange. Once a line is connected, the telco stores the

home address that relates to the wires, and this relationship will rarely change. If an

emergency call comes from that number, then the physical location is known. In the IP world

it is not so simple. Your broadband provider may know the location where the wires

terminate, but this does not necessarily let them map an IP address to that location. IP

addresses are often dynamically assigned, so your ISP may allocate an address for you at the

time you go online, or at the time your broadband router is powered on. Your ISP knows your

IP address, but does not necessarily know what physical location that corresponds to. The

broadband service provider knows the physical location, but is not necessarily tracking the IP

addresses in use. There are more complications, since IP allows us a great deal of mobility.

For example many users use their broadband connection to dial a virtual private network that

belongs to their employer. When you do this the IP address you are using will belong to the

range of the employer, rather than the address of the ISP, so this could be many kilometres

away or even in another country. Another example: if you use mobile data (for example a 3G

mobile handset or USB wireless broadband adapter) then the IP address has no relationship

with any physical location, since a mobile user could be anywhere that there is network

coverage, even roaming via another cellco. In short there is no relationship between IP

address and physical location, so the address itself reveals no useful information for the

emergency services.
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6. VOIP Level

At the VoIP level, a phone or gateway may identify itself with a SIP registrar by using a

username and password. So in this case, the Internet Telephony Service Provider (ITSP)

knows that a particular user is online, and can relate a specific telephone number to the user.

However, they do not know how that IP traffic reached them, and as we have seen the IP

address itself does not necessarily give us any location information. Today a "best efforts"

approach will be to look up that user in a database to see what physical address they chose to

associate with that telephone number, and this is clearly an imperfect solution. VoIP

Enhanced 911 (E911) is another method by which VoIP providers in the United Statesare

able to support emergency services. The VoIP E911 emergency-calling system associates a

physical address with the calling party's telephone number as required by the Wireless

Communications and Public Safety Act of 1999. All "interconnected" VoIP providers (those

that provide access to the PSTN system) are required to have E911 available to their

customers. VoIP E911 service generally adds an additional monthly fee to the subscriber's

service per line, similar to analog phone service. Participation in E911 is not required and

customers can opt-out or disable E911 service on their VoIP lines, if desired. VoIP E911 has

been successfully used by many VoIP providers to provide physical address information to

emergency service operators. One shortcoming of VoIP E911 is that the emergency system is

based on a static table lookup. Unlike in cellular phones, where the location of an E911 call

can be traced using Assisted GPS or other methods, the VoIP E911 information is only

accurate so long as subscribers are diligent in keeping their emergency address information

up-to-date. In the United States, the Wireless Communications and Public Safety Act of 1999

leavesthe burden of responsibility upon the subscribers and not the service providers to keep

their emergency information up to date. A tragic example of a miscommunication with VoIP

is the death of 18-month-old Elijah Luck in Calgary, Canada. In an emergency, 911 services

were called. An ambulance was sent to the former home of the Lucks. The VoIP telephone

company knew the correct address, as they were paying their bill from the correct current

billing address the company had on record. "It's up to subscribers to ensure the company has

up-to-date contact information" was the response from the VoIP company. After about a half

hour wait, the Lucks called from a neighbor's land line, whereupon emergency services

arrived in six minutes. Elijah Luck was pronounced dead at the Alberta Children's Hospital.
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7. Number Portability

Local number portability (LNP) and Mobile number portability (MNP) also impact VoIP

business. In November 2007, the Federal Communications Commission in the United

Statesreleased an order extending number portability obligations to interconnected VoIP

providers and carriers that support VoIP providers. Number portability is a service that allows

a subscriber to select a new telephone carrier without requiring a new number to be issued.

Typically, it is the responsibility of the former carrier to "map" the old number to the

undisclosed number assigned by the new carrier. This is achieved by maintaining a database

of numbers. A dialed number is initially received by the original carrier and quickly rerouted

to the new carrier. Multiple porting references must be maintained even if the subscriber

returns to the original carrier. The FCC mandates carrier compliance with these consumer-

protection stipulations. A voice call originating in the VoIP environment also faces

challenges to reach its destination if the number is routed to a mobile phone number on a

traditional mobile carrier. VoIP has been identified in the past as a Least Cost Routing (LCR)

system, which is based on checking the destination of each telephone call as it is made, and

then sending the call via the network that will cost the customer the least. This rating is

subject to some debate given the complexity of call routing created by number portability.

With GSM number portability now in place, LCR providers can no longer rely on using the

network root prefix to determine how to route a call. Instead, they must now determine the

actual network of every number before routing the call.

Therefore, VoIP solutions also need to handle MNP when routing a voice call. In countries

without a central database, like the UK, it might be necessary to query the GSM network

about which home network a mobile phone number belongs to. As the popularity of VoIP

increases in the enterprise markets because of least cost routing options, it needs to provide a

certain level of reliability when handling calls. MNP checks are important to assure that this

quality of service is met. By handling MNP lookups before routing a call and by assuring that

the voice call will actually work, VoIP service providers are able to offer business subscribers

the level of reliability they require. In countries such as Singapore, the most recent Mobile

number portability solution is expected to open the doors to new business opportunities for

non-traditional telecommunication service providers like wireless broadband providers and

voice over IP (VoIP) providers.
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8. PSTN Integration

E.164 is a global numbering standard for both the PSTN and PLMN. Most VoIP

implementations support E.164 to allow calls to be routed to and from VoIP subscribers and

the PSTN/PLMN. VoIP implementations can also allow other identification techniques to be

used. For example, Skype allows subscribers to choose 'Skype names' (usernames) whereas

SIP implementations can use URIs similar to email addresses. Often VoIP implementations

employ methods of translating non-E.164 identifiers to E.164 numbers and vice-versa, such

as the Skype-In service provided by Skype and the ENUM service in IMS and SIP. Echo can

also be an issue for PSTN integration . Common causes of echo include impedance

mismatches in analog circuitry and acoustic coupling of the transmit and receive signal at the

receiving end.

In Section 3 of this course you will cover these topics:
Modem Communications

Protocols And Standards

Topic : Modem Communications

Topic Objective:

At the end of this topic student would be able to:

 Learn about Cable modems

 Learn about history of Cable Modems

 Learn about Cable modems and VoIP

 Understand CMTS

 Understand hardware and bit rates

 Understand Softmodem

 Learn about evolution and technology of Softmodem

 Learn about advantages of Softmodem

 Learn about disadvantages of Soft Modem
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 Understand DSL softmodems

 Understand Wireless Modem

Definition/Overview:

Modem: Modem is a device that modulates an analog carrier signal to encode digital

information, and also demodulates such a carrier signal to decode the transmitted

information. The goal is to produce a signal that can be transmitted easily and decoded to

reproduce the original digital data. Modems can be used over any means of transmitting

analog signals, from driven diodes to radio.

Key Points:

1. Cable modems

A cable modem is a type of modem that provides access to a data signal sent over the cable

television infrastructure. Cable modems are primarily used to deliver broadband Internet

access in the form of cable internet, taking advantage of the high bandwidth of a cable

television network. They are commonly found in Australia,Canada, Europe, Costa Rica, and

the United States. A cable modem does support functionalities at other layers. In physical

layer (or layer 1), the cable modem supports the Ethernet PHY on its LAN interface, and a

DOCSIS defined cable-specific PHY on its HFC cable interface. It is to this cable-specific

PHY that the name cable modem refers. In the network layer (or layer 3), the cable modem is

an IP host in that it has its own IP address used by the network operator to manage and

troubleshoot the device. In the transport layer (or layer 4) the cable modem supports UDP in

association with its own IP address, and it supports filtering based on TCP and UDP port

numbers to, for example, block forwarding of NetBIOS traffic out of the customer's LAN. In

the application layer (layer 5 or layer 7), the cable modem supports certain protocols that are

used for management and maintenance, notably DHCP, SNMP, and TFTP.

Some cable modem devices may incorporate a router along with the cable modem

functionality, to provide the LAN with its own IP network addressing. From a data

forwarding and network topology perspective, this router functionality is typically kept

distinct from the cable modem functionality (at least logically) even though the two may

share a single enclosure and appear as one unit. So, the cable modem function will have its

own IP address and MAC address as will the router.
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2. History of Cable Modems

2.1 Hybrid Networks

Hybrid Networks developed, demonstrated and patented the first high speed,

asymmetrical cable modem systems in 1990. A key Hybrid Networks insight was that

highly asymmetrical communications would be sufficient to satisfy consumers

connected remotely to an otherwise completely symmetric high speed data

communications network. This was important because it was very expensive to

provide high speed in the upstream direction, while the CATV systems already had

substantial broadband capacity in the downstream direction. Also key was that it saw

that the upstream and downstream communications could be on the same or different

communications media using different protocols working in each direction to

establish a closed loop communications system. The speeds and protocols used in

each direction would be very different. The earliest systems used the public switched

telephone network (PSTN) for the return path since very few cable systems were bi-

directional. Later systems used cable for the upstream as well as the downstream path.

2.2 LANcity

LANcity was an early pioneer in cable modems, developing a proprietary system that

saw fairly wide deployment in the US. LANcity was sold to Bay Networks which was

then acquired by Nortel, which eventually spun the cable modem business off as

ARRIS. ARRIS continues to make cable modems and CMTS equipment compliant

with the DOCSIS standard.

2.3 Com21

Com21 was another early pioneer in cable modems, and quite successful until

proprietary systems became obsolete when DOCSIS became the widely accepted

standard. The Com21 system used a ComControlleras central bridge in CATV

network head-ends, the ComPort cable modem in various models and the NMAPS

management system using HP OpenView as platform. Later they also introduced a

return path multiplexer to overcome noise problems when combining return path

signals from multiple areas. The proprietary protocol was based on the ATM protocol.

The central ComController switch was a modular system offering one downstream

channel (transmitter) and one management module. The remaining slots could be used

for upstream receivers (2 per card), dual ethernet 10BaseT and later also Fastethernet

and ATM interfaces. The ATM interface became the most popular as it supported the
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increasing bandwidth demands and also supported VLAN's. Com21 developed a

DOCSIS modem, but didn't survive and filed bankruptcy in 2003.

2.4 CDLP

CDLP was a proprietary system that was made by Motorola. CDLP CPE was capable

of both PSTN (telephone network) and RF (cable network) return paths. The PSTN

return path cable modem service was considered 'one way cable' and had many of the

same drawbacks as satellite Internet service, and as a result it quickly gave way to two

way cable. Cable modems that used the RF cable network for the return path were

considered 'two way cable', and were better able to compete with DSL which was

bidirectional. The standard is more or less defunct now with new providers using, and

existing providers having changed over to, the DOCSIS standard. The Motorola

CDLP Proprietary CyberSURFR is an example of a device that was built to the CDLP

standard, capable of a peak 10 Mbit/s downstream and 1.532 Mbit/s upstream. (CDLP

supported a maximum downstream bandwidth of 30 Mbit/s which could be reached

by using several cable modems.)

2.5 IEEE 802.14

In the mid-1990s the IEEE 802 committee formed a subcommittee (802.14) to

develop a standard for cable modem systems. While significant progress was made,

the group was disbanded when North American MSOs instead backed the fledgling

DOCSIS specification.

2.6 DOCSIS

In the late 1990s, a consortium of US cable operators, known as "MCNS" formed to

quickly develop an open and interoperable cable modem specification. The group

essentially combined technologies from the two dominant proprietary systems at the

time, taking the physical layer from the Motorola CDLP system and the MAC layer

from the LANcity system. When the initial specification had been drafted, the MCNS

consortium handed over control of it to CableLabs. CableLabs took on maintenance

of the specification, promoted it in various standards organizations (notably SCTE

and ITU), developed a certification testing program for cable modem equipment, and

has since drafted multiple extensions to the original specification. Virtually all cable

modems operating in the field today are compliant with one version or another of

DOCSIS. Because of the differences in the European PAL and USA's NTSC systems

two main versions of DOCSIS exist: DOCSIS and EuroDOCSIS. The main

differences are found in the width of RF-channels: 6 MHz for the USA and 8 MHz for
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Europe. Nearly all current cable modem systems use a version of this standard with

the exception of Japan.

3. Cable modems and VoIP

With the advent of Voice over IP telephony, cable modems can also be used to provide

telephone service. Many people who have cable modems have opted to eliminate their Plain

Old Telephone Service (POTS). Because most telephone companies do not offer naked DSL

(DSL service without a POTS line), VoIP use is higher amongst cable modem users.

A cable modem subscriber can make use of VoIP telephony by subscribing to a third party

service (e.g. Vonage or Skype). As an alternative, many cable operators offer a VoIP service

based on PacketCable. PacketCable allows MSOs to offer both High Speed Internet and VoIP

through a single piece of customer premise equipment, known as an Embedded Multimedia

Terminal Adapter (EMTA or E-MTA). An EMTA is basically a cable modem and a VoIP

adapter (known as a Multimedia Terminal Adapter) bundled into a single device.

PacketCable service has a significant technical advantage over third-party providers in that

voice packets are given guaranteed Quality of Service across their entire path so that call

quality can be assured.

4. CMTS

A cable modem termination system or CMTSis equipment typically found in a cable

company's headend, or at cable company hubsite, and is used to provide high speed data

services, such as cable internet or Voice over IP, to cable subscribers. In order to provide

these high speed data services, a cable company will connect its headend to the Internet via

very high capacity data links to a network service provider. On the subscriber side of the

headend, the CMTS enables the communication with subscribers' cable modems. Different

CMTSs are capable of serving different cable modem population sizesranging from 4,000

cable modems to 150,000 or more, depending in part on traffic. A given headend may have

between half a dozen to a dozen or more CMTSs to service the cable modem population

served by that headend or HFC hub.

5. Hardware and bit rates

Downstream, which goes toward the user, bit rates can be as much 400 megabits per second

for business connections, and one hundred megabits for consumers depending on the country.

Upstream, which goes from the user, rates range from 384Kbit/s to more than 20Mbit/s.
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Broadband cable Internet access requires a cable modem at the customer premises and a

CMTS (Cable Modem Termination System) at a cable operator facility (typically a headend

or hub location). The two are connected via coaxial cable or, more commonly, a Hybrid Fiber

Coaxial plant. While access networks are sometimes referred to as "last-mile" (or "first-

mile") technologies, cable Internet systems can typically operate where the distance between

the modem and CMTS is up to 100 miles (160 km). Most Data Over Cable Service Interface

Specification (DOCSIS) cable modems restrict upload and download rates, with customizable

limits. These limits are set in configuration files which are uploaded to the modem using the

Trivial File Transfer Protocol, when the modem first establishes a connection to the

provider's equipment

6. Softmodem

A Softmodem, or software modem, is a modem with minimal hardware capacities, designed

to use a host computer's resources (mostly CPU power and RAM but sometimes even audio

hardware) to perform most of the tasks performed by dedicated hardware in a traditional

modem. A Softmodem is also referred to as a Winmodem because the first commercially

available softmodems mostly targeted the Microsoft Windows family of operating systems

running on IBM PC compatibles. Although their usage has become more widespread on other

operating systems and machines, such as embedded systems and Linux, they are still difficult

to use on operating systems other than Windows due to lack of vendor support and lack of a

standard device interface. The term "Winmodem" is a trademark of U.S. Robotics but it is

usually used to describe other modems with similar technologies.

7. Evolution and technology of Softmodem

As PSTN modem technology advanced, the modulation and encoding schemes became

increasingly more complex, thus forcing the hardware used by the modems themselves to

increase in complexity. The first generations of modems (including acoustic couplers) and

their protocols used relatively simple modulation techniques such as FSK or ASK at low

speeds and with inefficient use of the telephone line's bandwidth. Under these conditions,

modems could be built with the analog discrete component technology used during the late

70s and early 80s.

As more sophisticated transmission schemes were devised, the circuits grew in complexity,

mixing analog with digital parts and eventually incorporating multiple ICs such as logical

gates, PLL's and microcontrollers, while the techniques used in modern v34, v90 and v92
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protocols (like 1024-QAM) are so complex that implementing a modem supporting them

with discrete components or general purpose IC's would be very impractical, and a dedicated

DSP or ASIC is used instead, effectively turning the modem into a special embedded system,

a dedicated computer in its own right.

Furthermore, improved compression and error corrections schemes were introduced in the

newest protocols, requiring processing power by the modem itself. This made the

construction of a mainly analog/discrete component modem impossible, especially when

trying to achieve compatibility with older protocols using completely different modulation

schemes.

This also meant that modems supporting those standards were becoming steadily more

complex and expensive themselves, not to mention the existence of several conflicting

standards in the early days of the various 33.6K (v34) and 56K protocols, which led to

incompatibilities and the construction of modems with upgradeable firmware, which did all

of the processing via a programmable DSP. This is where software based modems really

kicked in, offering (or claiming to offer) the same functionality as a hardware modem at a

fraction of the price and (theoretically) unlimited upgradeability, although they would require

significant advances in home PC's CPU power in order to compete with hardware modems in

terms of performance and reliability.

8. Advantages of Softmodem

Having most of the modulation functions delegated to software does serve to provide the

advantage of easier upgradeability to newer modem standards. However, this is hardly an

advantage as of 2005, with the latest V.92 56K protocol practically bearing the maximum

achievable performance for a normal PSTN modem and telephone line and no significant

future improvements/advancements seeming possible. Nevertheless, this is not yet the case

with the more recent software-based DSL modems, whose easy upgradeability can still be an

advantage. More commonly, however, softmodem drivers are enhanced in regard to their

performance and to eliminate possible software bugs. A more practical advantage of

softmodems is given by the considerable reductions in production costs, component count,

size, weight and power requirements compared to a hardware modem, whether external or

internal, to the point that most modems that are integrated in portable computer systems'

(including high-end laptops and PDAs) are softmodems. Because they do so little by

themselves, a computer program could use a Softmodem as something other than a modem;

for example, it could emulate an answering machine or a signal generator. Most PC serial
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ports, the traditional interface for external hardware modems, are limited to 115,200 bits per

second by UART limitations, though some ports are capable of 230,400 bit/s. V.92 modems

with V.44 compression can have an effective throughput of up to 300,000 bit/s. S

ince a V.92 hardware modem performs V.44 compression internally, the speed of a serial port

can limit a hardware modem's overall speed; this is not an issue for softmodems since the

host PC performs V.44 compression and emulates the serial port. Thus, V.92/V.44

softmodems are potentially capable of outperforming hardware modems.

9. Disadvantages of Soft Modem

Winmodems have earned a certain notoriety for slowing down their host computer systems

and for having buggy drivers, although this reputation was largely garnered during the period

of their introduction to the mass-market, whereupon they were apt to use substandard drivers

and be found in entry-level computers with slow CPUs. Any such reputation has not,

however, halted their market popularity; most internal 56k-modems produced since 1998

have been software-based. Their most serious drawback is that they are operating system and

machine dependent. They cannot always be used on other operating systems and host

machines because the driver support requires far more effort to produce. They consume some

CPU cycles on the computer to which they are attached, which can slow down application

software on older computers. They are sometimes referred to as a "port-on-a-stick". The

advantage of software upgradeability was diminished when many newer hardware modems

gained the ability to upgrade firmware to support new standards. Modems such as those made

by U.S. Robotics used generic digital signal processors architecture, which achieves the

flexibility of softmodems, without sacrificing compatibility.

10. DSL softmodems

Although the term has historically been used to indicate the traditional "analog" PSTN

software modems, there are some software-based DSL modems or even routers, which work

on the same principles as their PSTN ancestors, only on a larger bandwidth and on a more

complex signal. One of the first software based DSL modem chipsets was Motorola's

SoftDSL chipset, for which similar considerations as "ordinary" PSTN modems can be made.

The term WinDSL has shown up on technology sites like Slashdot regarding this trend. DSL

softmodems generally require the same interfaces as PSTN softmodems, such as USB or PCI.

However, the increasing popularity of home networking limited the prospects for DSL

softmodems. Many households and small businesses have a router connected to the DSL

modem, and all their computers are connected by various types of wired or wireless networks

to that router. For that reason, most broadband modems today (cable as well as DSL) are
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external devices with either Ethernet connections for single PCs or routers, or built-in routers

of their own; these interfaces require a full-hardware implementation. Most current

broadband modems with USB jacks also have Ethernet jacks, and thus are full-hardware

modems.

11. Wireless Modem

A wireless modem is a type of modem which connects to a wireless network instead of to the

telephone system. When you connect with a wireless modem, you are attached directly to

your wireless ISP (Internet Service Provider) and you can then access the Internet. Wireless

modems operate at speeds comparable to dialup modems, not anywhere near the speed of

broadband Internet connections. While some analogue mobile phones provided a standard

RJ11 telephone socket into which a normal landline modem could be plugged, this only

provided slow dial-up connections, usually 2.4 kilobit per second (kbit/s) or less.

The next generation of phones, known as 2G (for 'second generation'), were digital, and

offered faster dial-up speeds of 9.6kbit/s or 14.4kbit/s without the need for a separate modem.

A further evolution called HSCSD used multiple GSM channels (two or three in each

direction) to support up to 43.2kbit/s. All of these technologies still required their users to

have a dial-up ISP to connect to and provide the Internet access - it was not provided by the

mobile phone network itself. The release of 2.5G phones with support for packet data

changed this. The 2.5G networks break both digital voice and data into small chunks, and mix

both onto the network simultaneously in a process called packet switching. This allows the

phone to have a voice connection and a data connection at the same time, rather than a single

channel that has to be used for one or the other. The network can link the data connection into

a company network, but for most users the connection is to the Internet. This allows web

browsing on the phone, but a PC can also tap in to this service if it connects to the phone. The

PC needs to send a special telephone number to the phone to get access to the packet data

connection. From the PC's viewpoint, the connection still looks like a normal PPP dial-up

link, but it is all terminating on the phone, which then handles the exchange of data with the

network. Speeds on 2.5G networks are usually in the 30-50kbit/s range.3G networks have

taken this approach to a higher level, using different underlying technology but the same

principles.
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Topic : Protocols And Standards

Topic Objective:

At the end of this topic student would be able to:

 Learn about Typical properties of Protocol

 Learn about Importance of Protocol

 Learn about IP (Internet Protocol)

 Understand UDP

 UnderstandHTTP

 Understand FTP

 Understand Dynamic Host Configuration Protocol

 Learn about Protocol testing

Definition/Overview:

Protocol: In computing, a protocol is a convention standard that controls or enables the

connection, communication, and data transfer between computing endpoints. In its simplest

form, a protocol can be defined as the rules governing the syntax, semantics, and

synchronization of communication. Protocols may be implemented by hardware, software, or

a combination of the two. At the lowest level, a protocol defines the behavior of a hardware

connection.

Key Points:

1. Typical properties of Protocol

While protocols can vary greatly in purpose and sophistication, most specify one or more of

the following properties:

 Detection of the underlying physical connection (wired or wireless), or the existence of the

other endpoint or node
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 Handshaking

 Negotiation of various connection characteristics

 How to start and end a message

 How to format a message

 What to do with corrupted or improperly formatted messages (error correction)

 How to detect unexpected loss of the connection, and what to do next

 Termination of the session and or connection.

2. Importance of Protocol

The widespread use and expansion of communications protocols is both a prerequisite for the

Internet, and a major contributor to its power and success. The pair of Internet Protocol (or

IP) and Transmission Control Protocol (or TCP) are the most important of these, and the term

TCP/IP refers to a collection (or protocol suite) of its most used protocols. Most of the

Internet's communication protocols are described in the RFC data of the Internet Engineering

Task Force (or IETF). The protocols in human communication are separate rules about

appearance, speaking, listening and understanding. All these rules, also called protocols of

conversation, represent different layers of communication. They work together to help people

successfully communicate. The need for protocols also applies to network devices.

Computers have no way of learning protocols, so network engineers have written rules for

communication that must be strictly followed for successful host-to-host communication.

These rules apply to different layers of sophistication such as which physical connections to

use, how hosts listen, how to interrupt, how to say good-bye, and in short how to

communicate, what language to use and many others. These rules, or protocols, that work

together to ensure successful communication are grouped into what is known as a protocol

suite. Object-oriented programming has extended the use of the term to include the

programming protocols available for connections and communication between objects.

Generally, only the simplest protocols are used alone. Most protocols, especially in the

context of communications or networking, are layered together into protocol stacks where the

various tasks listed above are divided among different protocols in the stack. Whereas the

protocol stack denotes a specific combination of protocols that work together, a reference

model is a software architecture that lists each layer and the services each should offer. The

classic seven-layer reference model is the OSI model, which is used for conceptualizing

protocol stacks and peer entities. This reference model also provides an opportunity to teach

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

36
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



more general software engineering concepts like hiding, modularity, and delegation of tasks.

This model has endured in spite of the demise of many of its protocols (and protocol stacks)

originally sanctioned by the ISO.

3. IP (Internet Protocol)

The Internet Protocol (IP) is a protocol used for communicating data across a packet-

switched internetwork using the Internet Protocol Suite, also referred to as TCP/IP.

IP is the primary protocol in the Internet Layer of the Internet Protocol Suite and has the task

of delivering distinguished protocol datagrams (packets) from the source host to the

destination host solely based on their addresses. For this purpose the Internet Protocol defines

addressing methods and structures for datagram encapsulation. The first major version of

addressing structure, now referred to as Internet Protocol Version 4 (IPv4) is still the

dominant protocol of the Internet, although the successor, Internet Protocol Version 6 (IPv6)

is being actively deployed worldwide.

4. UDP

The User Datagram Protocol (UDP) is one of the core members of the Internet Protocol Suite,

the set of network protocols used for the Internet. With UDP, computer applications can send

messages, sometimes known as datagrams, to other hosts on an Internet Protocol (IP)

network without requiring prior communications to set up special transmission channels or

data paths. UDP is sometimes called the Universal Datagram Protocol. The protocol was

designed by David P. Reed in 1980 and formally defined in RFC 768.

UDP uses a simple transmission model without implicit hand-shaking dialogues for

guaranteeing reliability, ordering, or data integrity. Thus, UDP provides an unreliable service

and datagrams may arrive out of order, appear duplicated, or go missing without notice. UDP

assumes that error checking and correction is either not necessary or performed in the

application, avoiding the overhead of such processing at the network interface level. Time-

sensitive applications often use UDP because dropping packets is preferable to using delayed

packets. If error correction facilities are needed at the network interface level, an application

may use the Transmission Control Protocol (TCP) or Stream Control Transmission Protocol

(SCTP) which are designed for this purpose.

UDP's stateless nature is also useful for servers that answer small queries from huge numbers

of clients. Unlike TCP, UDP is compatible with packet broadcast (sending to all on local
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network) and multicasting (send to all subscribers). Common network applications that use

UDP include: the Domain Name System (DNS), streaming media applications such as IPTV,

Voice over IP (VoIP), Trivial File Transfer Protocol (TFTP) and many online games.

5. HTTP

Hypertext Transfer Protocol (HTTP) is an application-level protocol for distributed,

collaborative, hypermedia information systems. Its use for retrieving inter-linked resources

led to the establishment of the World Wide Web. HTTP development was coordinated by the

World Wide Web Consortium and the Internet Engineering Task Force (IETF), culminating

in the publication of a series of Requests for Comments (RFCs), most notably RFC 2616

(June 1999), which defines HTTP/1.1, the version of HTTP in common use. HTTP is a

request/response standard between a client and a server. A client is the end-user, the server is

the web site. The client making a HTTP requestusing a web browser, spider, or other end-

user toolis referred to as the user agent. The responding serverwhich stores or creates

resources such as HTML files and imagesis called the origin server. In between the user agent

and origin server may be several intermediaries, such as proxies, gateways, and tunnels.

HTTP is not constrained to using TCP/IP and its supporting layers, although this is its most

popular application on the Internet. Indeed HTTP can be "implemented on top of any other

protocol on the Internet, or on other networks. HTTP only presumes a reliable transport; any

protocol that provides such guarantees can be used. Typically, an HTTP client initiates a

request. It establishes a Transmission Control Protocol (TCP) connection to a particular port

on a host (port 80 by default; see List of TCP and UDP port numbers). An HTTP server

listening on that port waits for the client to send a request message. Upon receiving the

request, the server sends back a status line, such as "HTTP/1.1 200 OK", and a message of its

own, the body of which is perhaps the requested resource, an error message, or some other

information. Resources to be accessed by HTTP are identified using Uniform Resource

Identifiers (URIs) (or, more specifically, Uniform Resource Locators (URLs)) using the http:

or https URI schemes.

6. FTP

FTP sites are typically used for uploading and downloading files to a central server computer,

for the purpose of file distribution. The process of downloading and uploading files at a FTP

site is accomplished with a FTP client software application. There are both commercial and
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free FTP client products, and some webbrowser-based free FTP programs as well FTP runs

over TCP. It defaults to listen on port 21 for incoming connections from FTP clients. A

connection to this port from the FTP Client forms the control stream on which commands are

passed from the FTP client to the FTP server and on occasion from the FTP server to the FTP

client. FTP uses out-of-band control, which means it uses a separate connection for control

and data. Thus, for the actual file transfer to take place, a different connection is required

which is called the data stream. Depending on the transfer mode, the process of setting up the

data stream is different. Port 21 for control (or program), port 20 for data.

In active mode, the FTP client opens a dynamic port, sends the FTP server the dynamic port

number on which it is listening over the control stream and waits for a connection from the

FTP server. When the FTP server initiates the data connection to the FTP client it binds the

source port to port 20 on the FTP server. In order to use active mode, the client sends a PORT

command, with the IP and port as argument. The format for the IP and port is

"h1,h2,h3,h4,p1,p2". Each field is a decimal representation of 8 bits of the host IP, followed

by the chosen data port. For example, a client with an IP of 192.168.0.1, listening on port

49154 for the data connection will send the command "PORT 192,168,0,1,192,2". The port

fields should be interpreted as p1256 + p2 = port, or, in this example, 192256 + 2 = 49154. In

passive mode, the FTP server opens a dynamic port, sends the FTP client the server's IP

address to connect to and the port on which it is listening (a 16-bit value broken into a high

and low byte, as explained above) over the control stream and waits for a connection from the

FTP client. In this case, the FTP client binds the source port of the connection to a dynamic

port. To use passive mode, the client sends the PASV command to which the server would

reply with something similar to "227 Entering Passive Mode (127,0,0,1,192,52)". The syntax

of the IP address and port are the same as for the argument to the PORT command. In

extended passive mode, the FTP server operates exactly the same as passive mode, however

it only transmits the port number (not broken into high and low bytes) and the client is to

assume that it connects to the same IP address that was originally connected to. Extended

passive mode was added by RFC 2428 in September 1998. While data is being transferred via

the data stream, the control stream sits idle. This can cause problems with large data transfers

through firewalls which time out sessions after lengthy periods of idleness. While the file

may well be successfully transferred, the control session can be disconnected by the firewall,

causing an error to be generated.
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7. Dynamic Host Configuration Protocol

Dynamic Host Configuration Protocol automates network parameter assignment to network

devices from one or multiple, fault-tolerant DHCP servers. Even in small networks, DHCP is

useful because it can make it easy to add new machines to the network. DHCP is also

recommended for servers whose addresses rarely change, so that if a server needs to be

readdressed (RFC 2071), changes need be made in as few places as possible. For devices

such as routers and firewalls that should not use DHCP, it can be useful to put Trivial File

Transfer Protocol (TFTP) or SSH servers on the same host that runs DHCP, which serves to

centralize administration. DHCP can be used to assign addresses directly to servers and

desktop machines on a local link, to dialup and broadband on-demand hosts through a Point-

to-Point Protocol (PPP) proxy, as well as for residential Network address translation (NAT)

gateways.

8. Protocol testing

In general, protocol testers work by capturing the information exchanged between a Device

Under Test (DUT) and a reference device known to operate properly. In the example of a

manufacturer producing a new keyboard for a personal computer, the Device Under Test

would be the keyboard and the reference device, the PC. The information exchanged between

the two devices is governed by rules set out in a technical specification called a

"communication protocol". Both the nature of the communication and the actual data

exchanged are defined by the specification. Since communication protocols are state-

dependent (what should happen next depends on what previously happened), specifications

are complex and the documents describing them can be hundreds of pages. The captured

information is decoded from raw digital form into a human-readable format that permits users

of the protocol tester to easily review the exchanged information. Protocol testers vary in

their abilities to display data in multiple views, automatically detect errors, determine the root

causes of errors, generate timing diagrams, etc.

Some protocol testers can also generate traffic and thus act as the reference device. Such

testers generate protocol-correct traffic for functional testing, and may also have the ability to

deliberately introduce errors to test for the DUT's ability to deal with error conditions.
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In Section 4 of this course you will cover these topics:
Broadband Isdn And Atm

Internetworking With Tcp/Ip

Topic : Broadband Isdn And Atm

Topic Objective:

At the end of this topic student would be able to:

 Learn about ISDN elements

 Learn about Basic Rate Interface

 Learn about Primary Rate Interface

 Learn about ISDN Configurations

 Learn about Types of ISDN

 Understand Broadband Internet Access

 Understand Broadband Speeds

 Learn about Wired Ethernet

 Understand Rural broadband

 Understand Satellite Internet

 Learn about Successes and failures of ATM technology

 Learn about ATM concepts

 Learn about Cells in practice

 Learn about Packet Traffic policing

 Learn about Call admission and connection establishment

Definition/Overview:

ATM: Asynchronous Transfer Mode is an electronic digital data transmission technology.

ATM is implemented as a network protocol and was first developed in the mid 1980s. The

goal was to design a single networking strategy that could transport real-time video and audio
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as well as image files, text and email. Two groups, the International Telecommunications

Union and the ATM Forum were involved in the creation of the standards.

B-ISDN: It is a technology developed in the 1980s through which the telecommunications

industry expected that digital services to follow much the same pattern as voice services did

on the public switched telephone network, and conceived a grandiose vision of end-to-end

circuit switched services, known as the Broadband Integrated Services Digital Network (B-

ISDN). This was designed in the 1990s as a logical extension of the end-to-end circuit

switched data service, ISDN.

Key Points:

1. ISDN elements

 Integrated Services refers to ISDN's ability to deliver at minimum two simultaneous

connections, in any combination of data, voice, video, and fax, over a single line. Multiple

devices can be attached to the line, and used as needed. That means an ISDN line can take

care of most people's complete communications needs at a much higher transmission rate,

without forcing the purchase of multiple analog phone lines.

 Digital refers to its purely digital transmission, as opposed to the analog transmission of plain

old telephone service (POTS). Use of an analog telephone modem for Internet access requires

that the Internet service provider's (ISP) modem converts the digital content to analog signals

before sending it and the user's modem then converts those signals back to digital when

receiving. When connecting with ISDN there is no digital to analog conversion.

 Network refers to the fact that ISDN is not simply a point-to-point solution like a leased line.

ISDN networks extend from the local telephone exchange to the remote user and includes all

of the telecommunications and switching equipment in between. However, some users do

employ the network for a constant point to point connection, such as between offices of a

company or to carry signals for broadcast. This is called a "nailed up" call.

2. Basic Rate Interface

The entry level interface to ISDN is the Basic Rate Interface (BRI), a 144 kbit/s service

delivered over a pair of standard telephone copper wires. The 144 kbit/s rate is broken down

into two 64 kbit/s bearer channels ('B' channels) and one 16 kbit/s signaling channel ('D'
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channel or Data channel). BRI is sometimes referred to as 2B+D. The Interface specifies

three different network interfaces:

 The U interface is a two-wire interface between the exchange and the 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 an 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.

3. Primary Rate Interface

The other ISDN service 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. In North America PRI

service is delivered on one or more T1s (sometimes referred to as 23B+D) of 1544 kbit/s (24

channels). A T1 has 23 'B' channels and 1 'D' channel for signalling (Japan uses a circuit

called a J1, which is similar to a T1). In North America, NFAS 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 you to have a second D channel in case the primary fails. One popular use of

NFAS is on a T3. PRI-ISDN is popular throughout the world, especially for connection of

PSTN circuits to PBXs. Even though many network professionals use the term "ISDN" to

refer to the lower-bandwidth BRI circuit, in North America by far the majority of ISDN

services are in fact PRI circuits serving PBXs.

4. ISDN Configurations

In ISDN, there are two types of channels, B (for "Bearer") and D (for "Delta"). B channels

are used for data (which may include voice), and D channelsare intended for signaling and

control (but can also be used for data). There are two ISDN implementations. Basic Rate

Interface (BRI), also called Basic Rate Access (BRA) in Europe consists of two B channels,

each with bandwidth of 64 kbit/s, and one D channel with a bandwidth of 16 kbit/s. Together

these three channels can be designated as 2B+D. Primary Rate Interface (PRI), also called

Primary Rate Access (PRA) in Europe contains a greater number of B channels and a D

channel with a bandwidth of 64 kbit/s. The number of B channels for PRI varies according to
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the nation: in North America and Japan it is 23B+1D, with an aggregate bit rate of 1.544

Mbit/s (T1); in Europe, India and Australia it is 30B+1D, with an aggregate bit rate of 2.048

Mbit/s (E1). Broadband Integrated Services Digital Network(BISDN) is another ISDN

implementation and it is able to manage different types of services at the same time. It is

primarily used within network backbones and employs ATM.

Another alternative ISDN configuration can be used in which the B channels of an ISDN

basic rate interface are bonded to provide a total duplex bandwidth of 128 kbit/s.

This precludes use of the line for voice calls while the internet connection is in use. The B

channels of several BRIs can be BONDED, a typical use is a 384K videoconferencing

channel. Using bipolar with eight-zero substitution encoding technique, call data is

transmitted over the data (B) channels, with the signaling (D) channels used for call setup and

management. Once a call is set up, there is a simple 64 kbit/s synchronous bidirectional data

channel (actually implemented as two simplex channels, one in each direction) between the

end parties, lasting until the call is terminated. There can be as many calls as there are bearer

channels, to the same or different end-points. Bearer channels may also be multiplexed into

what may be considered single, higher-bandwidth channels via a process called B channel

BONDING, or via use of Multi-Link PPP "bundling" or by using an H0, H11, or H12

channel on a PRI. The D channel can also be used for sending and receiving X.25 data

packets, and connection to X.25 packet network, this is specified in X.31. In practice, X.31

was only commercially implemented in UK, Franceand Japan.

5. Types of ISDN communications

Among the kinds of data that can be moved over the 64 kbit/s channels are pulse-code

modulated voice calls, providing access to the traditional voice PSTN. This information can

be passed between the network and the user end-point at call set-up time. In North America,

ISDN is now used mostly as an alternative to analog connections, most commonly for

Internet access. Some of the services envisioned as being delivered over ISDN are now

delivered over the Internet instead. In Europe, and in Germanyin particular, ISDN has been

successfully marketed as a phone with features, as opposed to a POTS phone (Plain Old

Telephone Service) with few or no features. Meanwhile, features that were first available

with ISDN (such as Three-Way Call, Call Forwarding, Caller ID, etc.) are now commonly

available for ordinary analog phones as well, eliminating this advantage of ISDN.

Another advantage of ISDN was the possibility of multiple simultaneous calls (one call per B

channel), e.g. for big families, but with the increased popularity and reduced prices of mobile
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telephony this has become less interesting as well, making ISDN unappealing to the private

customer. However, ISDN is typically more reliable than POTS, and has a significantly faster

call setup time compared with POTS, and IP connections over ISDN typically have some

3035ms round trip time, as opposed to 120180ms (both measured with otherwise unused

lines) over 56k or V.34/V.92 modems, making ISDN more reliable and more efficient for

telecommuters. Where an analog connection requires a modem, an ISDN connection requires

a terminal adapter (TA). The function of an ISDN terminal adapter is often delivered in the

form of a PC card with an S/T interface, and single-chip solutions seem to exist, considering

the plethora of combined ISDN- and ADSL-routers. ISDN is commonly used in radio

broadcasting. Since ISDN provides a high quality connection this assists in delivering good

quality audio for transmission in radio. Most radio studios are equipped with ISDN lines as

their main form of communication with other studios or standard phone lines. Equipment

made by companies such as Omnia (the popular Zephyr codec) and others are used regularly

by radio broadcasters. Sometimes a dipswitch setting must be changed on one codec to "talk"

with another made by a different manufactuer.

6. Broadband Internet Access

Broadband Internet access, often shortened to just broadband, is high data rate Internet

accesstypically contrasted with dial-up access over a modem. Dial-up modems are generally

only capable of a maximum bitrate of 56 kbit/s (kilobits per second) and require the full use

of a telephone linewhereas broadband technologies supply at least double this bandwidth and

generally without disrupting telephone use. Although various minimum bandwidths have

been used in definitions of broadband, ranging up from 64 kbit/s up to 1.0 Mbit/s, the 2006

OECD report is typical by defining broadband as having download data transfer rates equal to

or faster than 256 kbit/s, while the United States FCC, as of 2008, defines broadband as

anything above 768 kbit/s. The trend is to raise the threshold of the broadband definition as

the marketplace rolls out faster services. Data rates are defined in terms of maximum

download because several common consumer broadband technologies such as ADSL are

"asymmetric"supporting much slower maximum upload data rate than download.

7. Broadband Speeds

Broadband is often called "high-speed" Internet, because it usually has a high rate of data

transmission. In general, any connection to the customer of 256 kbit/s (0.256 Mbit/s) or
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greater is more concisely considered broadband Internet. The International

Telecommunication Union Standardization Sector (ITU-T) recommendation I.113 has

defined broadband as a transmission capacity that is faster than primary rate ISDN, at 1.5 to 2

Mbit/s. The FCC definition of broadband is 768 kbit/s (0.8 Mbit/s). The Organization for

Economic Co-operation and Development (OECD) has defined broadband as 256 kbit/s in at

least one direction and this bit rate is the most common baseline that is marketed as

"broadband" around the world. There is no specific bitrate defined by the industry, however,

and "broadband" can mean lower-bitrate transmission methods. Some Internet Service

Providers (ISPs) use this to their advantage in marketing lower-bitrate connections as

broadband. In practice, the advertised bandwidth is not always reliably available to the

customer; ISPs often allow a greater number of subscribers than their backbone connection

can handle, under the assumption that most users will not be using their full connection

capacity very frequently. This aggregation strategy works more often than not, so users can

typically burst to their full bandwidth most of the time; however, peer-to-peer (P2P) file

sharing systems, often requiring extended durations of high bandwidth, stress these

assumptions, and can cause major problems for ISPs who have excessively overbooked their

capacity. For more on this topic, see traffic shaping. As takeup for these introductory

products increases, telcos are starting to offer higher bit rate services. For existing

connections, this most of the time simply involves reconfiguring the existing equipment at

each end of the connection.

As the bandwidth delivered to end users increases, the market expects that video on demand

services streamed over the Internet will become more popular, though at the present time

such services generally require specialized networks. The data rates on most broadband

services still do not suffice to provide good quality video, as MPEG-2 video requires about 6

Mbit/s for good results. Adequate video for some purposes becomes possible at lower data

rates, with rates of 768 kbit/s and 384 kbit/s used for some video conferencing applications,

and rates as low as 100 kbit/s used for videophones using H.264/MPEG-4 AVC. The MPEG-

4 format delivers high-quality video at 2 Mbit/s, at the low end of cable modem and ADSL

performance.

8. Wired Ethernet

Where available, this method of broadband connection to the Internet would indicate that the

Internet access is very fast. However, just because Ethernet is offered doesn't mean that the
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full 10, 100, or 1000 Mbit/s connection is able to be utilized for direct Internet access. In a

college dormitory for example, the 100 Mbit/s Ethernet access might be fully available to on-

campus networks, but Internet access bandwidths might be closer to 4xT-1 data rate (6

Mbit/s). If you are sharing a broadband connection with others in a building, the access

bandwidth of the leased line into the building would of course govern the end-user's data rate.

However, in certain locations, true Ethernet broadband access might be available. This would

most commonly be the case at a POP or a data center, and not at a typical residence or

business. When Ethernet Internet access is offered, it could be fiber-optic or copper twisted

pair, and the bandwidth will conform to standard Ethernet data rates of up to 10 Gbit/s. The

primary advantage is that no special hardware is needed for Ethernet. Ethernet also has a very

low latency.

9. Rural broadband

One of the great challenges of broadband is to provide service to potential customers in areas

of low population density, such as to farmers, ranchers, and small towns. In cities where the

population density is high, it is easy for a service provider to recover equipment costs, but

each rural customer may require expensive equipment to get connected.

Several rural broadband solutions exist, though each has its own pitfalls and limitations.

Some choices are better than others, but are dependent on how proactive the local phone

company is about upgrading their rural technology. Wireless Internet Service Provider

(WISPs) are rapidly becoming a popular broadband option for rural areas.

10. Satellite Internet

This employs a satellite in geostationary orbit to relay data from the satellite company to each

customer. Satellite Internet is usually among the most expensive ways of gaining broadband

Internet access, but in rural areas it may only compete with cellular broadband. However,

costs have been coming down in recent years to the point that it is becoming more

competitive with other broadband options. German ISP, Filiago, offers the ASTRA2Connect

satellite Internet system for 320 (equipment) plus 100 (registration) and a flat rate monthly

fee dependent on bandwidth - from 20 for 256Kbit/s download, 64Kbits/s upload, to 80 for

2048Kbit/s download, 128Kbits/s upload.Satellite Internet also has a high latency problem
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caused by the signal having to travel 35,000 km (22,000 miles) out into space to the satellite

and back to Earth again. The signal delay can be as much as 500 milliseconds to 900

milliseconds, which makes this service unsuitable for applications requiring real-time user

input such as certain multiplayer Internet games and first-person shooters played over the

connection. Despite this, it is still possible for many games to be played, but the scope is

limited to real-time strategy or turn-based games. The functionality of live interactive access

to a distant computer can also be subject to the problems caused by high latency. These

problems are more than tolerable for just basic email access and web browsing and in most

cases are barely noticeable.

There is no simple way to get around this problem. The delay is primarily due to the speed of

light being 300,000 km/second (186,000 miles per second). Even if all other signaling delays

could be eliminated it still takes the electromagnetic wave 233 milliseconds to travel from

ground to the satellite and back to the ground, a total of 70,000 km (44,000 miles) to travel

from the user to the satellite company. Since the satellite is usually being used for two-way

communications, the total distance increases to 140,000 km (88,000 miles), which takes a

radio wave 466 ms to travel. Factoring in normal delays from other network sources gives a

typical connection latency of 500-700 ms. This is far worse latency than even most dial-up

modem users' experience, at typically only 150-200 ms total latency. Most satellite Internet

providers also have a FAP (Fair Access Policy). Perhaps one of the largest disadvantages of

satellite Internet, these FAPs usually throttle a user's throughput to dial-up data rates after a

certain "invisible wall" is hit (usually around 200 MB a day). This FAP usually lasts for 24

hours after the wall is hit, and a user's throughput is restored to whatever tier they paid for.

This makes bandwidth-intensive activities nearly impossible to complete in a reasonable

amount of time (examples include P2P and newsgroup binary downloading).

11. Successes and failures of ATM technology

ATM has proven very successful in the WAN scenario and numerous telecommunication

providers have implemented ATM in their wide-area network cores. Many ADSL

implementations also use ATM. However, ATM has failed to gain wide use as a LAN

technology, and its complexity has held back its full deployment as the single integrating

network technology in the way that its inventors originally intended. Since there will always

be both brand-new and obsolescent link-layer technologies, particularly in the LAN area, not

all of them will fit neatly into the synchronous optical networking model for which ATM was
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designed. Therefore, a protocol is needed to provide a unifying layer over both ATM and

non-ATM link layers, as ATM itself cannot fill that role. IP already does that; therefore, there

is often no point in implementing ATM at the network layer. In addition, the need for cells to

reduce jitter has declined as transport speeds increased, and improvements in Voice over IP

(VoIP) have made the integration of speech and data possible at the IP layer, again removing

the incentive for ubiquitous deployment of ATM. Most Telcos now plan to integrate their

voice network activities into their IP networks, rather than their IP networks into the voice

infrastructure. MPLS, a generic Layer 2 packet-switching protocol, adopted many technically

sound ideas from ATM. ATM remains widely deployed, and is used as a multiplexing service

in DSL networks, where its compromises fit DSL's low-data-rate needs well. In turn, DSL

networks support IP (and IP services such as VoIP) via PPP over ATM and Ethernet over

ATM (RFC 2684).

ATM will remain deployed for some time in higher-speed interconnects where carriers have

already committed themselves to existing ATM deployments; ATM is used here as a way of

unifying PDH/SDH traffic and packet-switched traffic under a single infrastructure.

However, ATM is increasingly challenged by speed and traffic shaping requirements of

converged networks. In particular, the complexity of SAR imposes a performance bottleneck,

as the fastest SARs known run at 10 Gbit/s and have limited traffic shaping capabilities.

Currently it seems likely that gigabit Ethernet implementations (10Gbit-Ethernet, Metro

Ethernet) will replace ATM as a technology of choice in new WAN implementions. Interest

in using native ATM for carrying live video and audio has increased recently. In these

environments, low latency and very high quality of service are required to handle linear audio

and video streams. Towards this goal standards are being developed such as AES47 (IEC

62365), which provides a standard for professional uncompressed audio transport over ATM.

This is worth comparing with professional video over IP.

12. ATM concepts

The designers of ATM utilized small data cells in order to reduce jitter (delay variance, in

this case) in the multiplexing of data streams. Reduction of jitter (and also end-to-end round-

trip delays) is particularly important when carrying voice traffic, because the conversion of

digitized voice into an analog audio signal is an inherently real-time process, and to do a

good job, the codec that does this needs an evenly spaced (in time) stream of data items. If

the next data item is not available when it is needed, the codec has no choice but to produce

silence or guess - and if the data is late, it is useless, because the time period when it should
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have been converted to a signal has already passed. Now consider a speech signal reduced to

packets, and forced to share a link with bursty data traffic (traffic with some large data

packets). No matter how small the speech packets could be made, they would always

encounter full-size data packets, and under normal queuing conditions, might experience

maximum queuing delays. At the time of the design of ATM, 155 Mbit/s SDH (135 Mbit/s

payload) was considered a fast optical network link, and many PDH links in the digital

network were considerably slower, ranging from 1.544 to 45 Mbit/s in the USA (2 to 34

Mbit/s in Europe).

At this rate, a typical full-length 1500 byte (12000-bit) data packet would take 77.42 s to

transmit. In a lower-speed link, such as a 1.544 Mbit/s T1 link, a 1500 byte packet would take

up to 7.8 milliseconds. The design of ATM aimed for a low-jitter network interface.

However, to be able to provide short queueing delays, but also be able to carry large

datagrams, it had to have cells. ATM broke up all packets, data, and voice streams into 48-

byte chunks, adding a 5-byte routing header to each one so that they could be reassembled

later. The choice of 48 bytes was political rather than technical. When the CCITT was

standardizing ATM, parties from the United States wanted a 64-byte payload because this

was felt to be a good compromise between larger payloads optimized for data transmission

and shorter payloads optimized for real-time applications like voice; parties from Europe

wanted 32-byte payloads because the small size (and therefore short transmission times)

simplify voice applications with respect to echo cancellation. Most of the European parties

eventually came around to the arguments made by the Americans, but France and a few

others held out for a shorter cell length. With 32 bytes, Francewould have been able to

implement an ATM-based voice network with calls from one end of Franceto the other

requiring no echo cancellation. 48 bytes (plus 5 header bytes = 53) was chosen as a

compromise between the two sides, but it was ideal for neither and everybody has had to live

with it ever since.

13. Cells in practice

ATM supports different types of services via ATM Adaptation Layers (AAL). Standardized

AALs include AAL1, AAL2, and AAL5, and the rarely used AAL3 and AAL4. AAL1 is

used for constant bit rate (CBR) services and circuit emulation. AAL2 through AAL4 are

used for variable bit rate (VBR) services, and AAL5 for data. Which AAL is in use for a

given cell is not encoded in the cell. Instead, it is negotiated by or configured at the endpoints

on a per-virtual-connection basis. Following the initial design of ATM, networks have

become much faster. A 1500 byte (12000-bit) full-size Ethernet packet takes only 1.2 s to
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transmit on a 10 Gbit/s optical network, reducing the need for small cells to reduce jitter due

to contention. Some consider that this makes a case for replacing ATM with Ethernet in the

network backbone. However, it should be noted that the increased link speeds by themselves

do not alleviate jitter due to queuing. Additionally, the hardware for implementing the service

adaptation for IP packets is expensive at very high speeds. Specifically, at speeds of OC-3

and above, the cost of segmentation and reassembly (SAR) hardware makes ATM less

competitive for IP than Packet Over SONET (POS). SAR performance limits mean that the

fastest IP router ATM interfaces are OC12 - OC48 (STM4 - STM16), while as of 2004 POS

can operate at OC-192 (STM64) with higher speeds expected in the future. On slow links (2

Mbit/s and below), ATM still makes sense, and for this reason many ADSL systems use

ATM as an intermediate layer between the physical link layer and a Layer 2 protocol like

PPP or Ethernet.

At these lower speeds, ATM provides a useful ability to carry multiple logical circuits on a

single physical or virtual medium, although other techniques exist, such as PPP and Ethernet

VLANs, which are optional in VDSL implementations. DSL can be used as an access method

for an ATM network, allowing a DSL termination point in a telephone central office to

connect to many internet service providers across a wide-area ATM network. In the United

States, at least, this has allowed DSL providers to provide DSL access to the customers of

many internet service providers. Since one DSL termination point can support multiple ISPs,

the economic feasibility of DSL is substantially improved.

14. Packet Traffic policing

To maintain network performance, networks may police virtual circuits against their traffic

contracts. If a circuit is exceeding its traffic contract, the network can either drop the cells or

mark the Cell Loss Priority (CLP) bit (to identify a cell as discardable farther down the line).

Basic policing works on a cell by cell basis, but this is sub-optimal for encapsulated packet

traffic (as discarding a single cell will invalidate the whole packet). As a result, schemes such

as Partial Packet Discard (PPD) and Early Packet Discard (EPD) have been created that will

discard a whole series of cells until the next frame starts. This reduces the number of useless

cells in the network, saving bandwidth for full frames. EPD and PPD work with AAL5

connections as they use the frame end bit to detect the end of packets.

15. Call admission and connection establishment

A network must establish a connection before two parties can send cells to each other. In

ATM this is called a VC ("Virtual Connection"). It can be a PVC ("Permanent Virtual

Connection"), which is created administratively, or an SVC("Switched Virtual Connection"),
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which is created as needed by the communicating parties. SVC creation is done by

"signaling" in which the requesting party indicates the address of the receiving party, the type

of service requested, and traffic parameters if applicable to the selected service. "Call

admission" is then done by the network to confirm that the requested resources are available,

and that a route exists for the connection.

Topic : Internetworking With Tcp/Ip

Topic Objective:

At the end of this topic student would be able to:

 Learn about TCP/IP Model

 Learn about Key architectural principles of TCP/IP

 Understand Application (process-to-process) Layer

 Understand Internet (internetworking) Layer

 Understand Link Layer

 Understand Internet Layer

 Learn about Transport Layer

 Learn about Application Layer

Definition/Overview:

TCP/IP: The Internet Protocol Suite (commonly known as TCP/IP) is the set of

communications protocols used for the Internet and other similar networks. It is named from

two of the most important protocols in it: the Transmission Control Protocol (TCP) and the

Internet Protocol (IP), which were the first two networking protocols defined in this standard.

Today's IP networking represents a synthesis of several developments that began to evolve in

the 1960s and 1970s, namely the Internet and LANs (Local Area Networks), which emerged

in the mid- to late-1980s, together with the advent of the World Wide Web in the early 1990s.
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Key Points:

1. TCP/IP Model

The TCP/IP model is a specification for computer network protocols created in the 1970s by

DARPA, an agency of the United States Department of Defense. It laid the foundations for

ARPANET, whichwas the world's first wide area network and a predecessor of the Internet.

The TCP/IP Model is sometimes called the Internet Reference Model, the DoD Model or the

ARPANET Reference Model. The TCP/IP Suite defines a set of rules to enable computers to

communicate over a network. TCP/IP provides end-to-end connectivity specifying how data

should be formatted, addressed, shipped, routed and delivered to the right destination. The

specification defines protocols for different types of communication between computers and

provides a framework for more detailed standards. TCP/IP is generally described as having

four abstraction layers (RFC 1122). This layer view is often compared with the seven-layer

OSI Reference Model formalized after the TCP/IP specifications. The TCP/IP model and

related protocols are maintained by the Internet Engineering Task Force (IETF).

2. Key architectural principles of TCP/IP

An early architectural document, RFC 1122, emphasizes architectural principles over

layering. End-to-End Principle: This principle has evolved over time. Its original expression

put the maintenance of state and overall intelligence at the edges, and assumed the Internet

that connected the edges retained no state and concentrated on speed and simplicity. Real-

world needs for firewalls, network address translators, web content caches and the like have

forced changes in this principle. Robustness Principle: "In general, an implementation must

be conservative in its sending behavior, and liberal in its receiving behavior. That is, it must

be careful to send well-formed datagrams, but must accept any datagram that it can interpret

(e.g., not object to technical errors where the meaning is still clear) RFC 791." "The second

part of the principle is almost as important: software on other hosts may contain deficiencies

that make it unwise to exploit legal but obscure protocol features. Even when the layers are

examined, the assorted architectural documentsthere is no single architectural model such as

ISO 7498, the OSI reference modelhave fewer and less rigidly-defined layers than the OSI

model, and thus provide an easier fit for real-world protocols. In point of fact, one frequently

referenced document, RFC 1958 , does not contain a stack of layers. The lack of emphasis on

layering is a strong difference between the IETF and OSI approaches. It only refers to the
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existence of the "internetworking layer" and generally to "upper layers"; this document was

intended as a 1996 "snapshot" of the architecture: "The Internet and its architecture have

grown in evolutionary fashion from modest beginnings, rather than from a Grand Plan. While

this process of evolution is one of the main reasons for the technology's success, it

nevertheless seems useful to record a snapshot of the current principles of the Internet

architecture.

3. Application (process-to-process) Layer

This is the scope within which applications create user data and communicate this data to

other processes or applications on another or the same host. The communications partners are

often called peers. This is where the "higher level" protocols such as SMTP, FTP, SSH,

HTTP, etc. operate.Transport (host-to-host) Layer: The Transport Layer constitutes the

networking regime between two network hosts, either on the local network or on remote

networks separated by routers. The Transport Layer provides a uniform networking interface

that hides the actual topology (layout) of the underlying network connections. This is where

flow-control, error-correction, and connection protocols exist, such as TCP. This layer deals

with opening and maintaining connections between Internet hosts.

4. Internet (internetworking) Layer

The Internet Layer has the task of exchanging datagrams across network boundaries. It is

therefore also referred to as the layer that establishes internetworking, indeed, it defines and

establishes the Internet. This layer defines the addressing and routing structures used for the

TCP/IP protocol suite. The primary protocol in this scope is the Internet Protocol, which

defines IP addresses. Its function in routing is to transport datagrams to the next IP router that

has the connectivity to a network closer to the final data destination.

Link Layer: This layer defines the networking methods with the scope of the local network

link on which hosts communicate without intervening routers. This layer describes the

protocols used to describe the local network topology and the interfaces needed to affect

transmission of Internet Layer datagrams to next-neighbor hosts. (cf. the OSI Data Link

Layer).
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The Internet Protocol Suite and the layered protocol stack design were in use before the OSI

model was established. Since then, the TCP/IP model has been compared with the OSI model

in books and classrooms, which often results in confusion because the two models use

different assumptions, including about the relative importance of strict layering.

The layers near the top are logically closer to the user application, while those near the

bottom are logically closer to the physical transmission of the data. Viewing layers as

providing or consuming a service is a method of abstraction to isolate upper layer protocols

from the nitty-gritty detail of transmitting bits over, for example, Ethernet and collision

detection, while the lower layers avoid having to know the details of each and every

application and its protocol.

5. Link Layer

The Link Layer is the networking scope of the local network connection to which a host is

attached. This regime is called the link in Internet literature. This is the lowest component

layer of the Internet protocols, as TCP/IP is designed to be hardware independent. As a result

TCP/IP has been implemented on top of virtually any hardware networking technology in

existence.

The Link Layer is used to move packets between the Internet Layer interfaces of two

different hosts on the same link. The processes of transmitting and receiving packets on a

given link can be controlled both in the software device driver for the network card, as well

as on firmware or specialized chipsets. These will perform data link functions such as adding

a packet header to prepare it for transmission, then actually transmit the frame over a physical

medium. The TCP/IP model includes specifications of translating the network addressing

methods used in the Internet Protocol to data link addressing, such as Media Access Control

(MAC), however all other aspects below that level are implicitly assumed to exist in the Link

Layer, but are not explicitly defined.

The Link Layer is also the layer where packets may be selected to be sent over a virtual

private network or other networking tunnel. In this scenario, the Link Layer data may be

considered application data which traverses another instantiation of the IP stack for

transmission or reception over another IP connection. Such a connection, or virtual link, may

be established with a transport protocol or even an application scope protocol that serves as a
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tunnel in the Link Layer of the protocol stack. Thus, the TCP/IP model does not dictate a

strict hierarchical encapsulation sequence.

6. Internet Layer

As originally defined, the Internet layer (or Network Layer) solves the problem of getting

packets across a single network. Examples of such protocols are X.25, and the ARPANET's

Host/IMP Protocol. With the advent of the concept of internetworking, additional

functionality was added to this layer, namely getting data from the source network to the

destination network. This generally involves routing the packet across a network of networks,

known as an internetwork or internet (lower case). In the Internet Protocol Suite, IP performs

the basic task of getting packets of data from source to destination. IP can carry data for a

number of different upper layer protocols. These protocols are each identified by a unique

protocol number: ICMP and IGMP are protocols 1 and 2, respectively. Some of the protocols

carried by IP, such as ICMP (used to transmit diagnostic information about IP transmission)

and IGMP (used to manage IP Multicast data) are layered on top of IP but perform

internetwork layer functions. This illustrates an incompatibility between the Internet and the

IP stack and OSI model. Some routing protocols, such as OSPF, are also part of the network

layer.

7. Transport Layer

The Transport Layer's responsibilities include end-to-end message transfer capabilities

independent of the underlying network, along with error control, fragmentation and flow

control. End to end message transmission or connecting applications at the transport layer can

be categorized as either:

 connection-oriented e.g. TCP

 connectionless e.g. UDP

The Transport Layer can be thought of literally as a transport mechanism e.g. a vehicle whose

responsibility is to make sure that its contents (passengers/goods) reach its destination safely

and soundly, unless a higher or lower layer is responsible for safe delivery. The Transport

Layer provides this service of connecting applications together through the use of ports. Since

IP provides only a best effort delivery, the Transport Layer is the first layer of the TCP/IP
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stack to offer reliability. Note that IP can run over a reliable data link protocol such as the

High-Level Data Link Control (HDLC). Protocols above transport, such as RPC, also can

provide reliability. For example, TCP is a connection-oriented protocol that addresses

numerous reliability issues to provide a reliable byte stream:

 data arrives in-order

 data has minimal error (i.e. correctness)

 duplicate data is discarded

 lost/discarded packets are resent

 includes traffic congestion control

The newer SCTP is also a "reliable", connection-oriented, transport mechanism. It is

Message-stream-oriented not byte-stream-oriented like TCP and provides multiple streams

multiplexed over a single connection. It also provides multi-homing support, in which a

connection end can be represented by multiple IP addresses (representing multiple physical

interfaces), such that if one fails, the connection is not interrupted. It was developed initially

for telephony applications (to transport SS7 over IP), but can also be used for other

applications. UDP is a connectionless datagram protocol. Like IP, it is a best effort or

"unreliable" protocol. Reliability is addressed through error detection using a weak checksum

algorithm. UDP is typically used for applications such as streaming media (audio, video,

Voice over IP etc) where on-time arrival is more important than reliability, or for simple

query/response applications like DNS lookups, where the overhead of setting up a reliable

connection is disproportionately large. RTP is a datagram protocol that is designed for real-

time data such as streaming audio and video. TCP and UDP are used to carry an assortment

of higher-level applications. The appropriate transport protocol is chosen based on the higher-

layer protocol application. For example, the File Transfer Protocol expects a reliable

connection, but the Network File System (NFS) assumes that the subordinate Remote

Procedure Call protocol, not transport, will guarantee reliable transfer. Other applications,

such as VoIP, can tolerate some loss of packets, but not the reordering or delay that could be

caused by retransmission. The applications at any given network address are distinguished by

their TCP or UDP port. By convention certain well known ports are associated with specific

applications.
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8. Application Layer

The Application Layer refers to the higher-level protocols used by most applications for

network communication. Examples of application layer protocols include the File Transfer

Protocol (FTP) and the Simple Mail Transfer Protocol (SMTP).. Data coded according to

application layer protocols are then encapsulated into one or (occasionally) more transport

layer protocols (such as the Transmission Control Protocol (TCP) or User Datagram Protocol

(UDP)), which in turn use lower layer protocols to effect actual data transfer. Since the IP

stack defines no layers between the application and transport layers, the application layer

must include any protocols that act like the OSI's presentation and session layer protocols.

This is usually done through libraries.

Application Layer protocols generally treat the transport layer (and lower) protocols as "black

boxes" which provide a stable network connection across which to communicate, although

the applications are usually aware of key qualities of the transport layer connection such as

the end point IP addresses and port numbers. As noted above, layers are not necessarily

clearly defined in the Internet protocol suite. Application layer protocols are most often

associated with client-server applications, and the commoner servers have specific ports

assigned to them by the IANA: HTTP has port 80; Telnet has port 23; etc. Clients, on the

other hand, tend to use ephemeral ports, i.e. port numbers assigned at random from a range

set aside for the purpose.

Transport and lower level layers are largely unconcerned with the specifics of application

layer protocols. Routers and switches do not typically "look inside" the encapsulated traffic to

see what kind of application protocol it represents, rather they just provide a conduit for it.

However, some firewall and bandwidth throttling applications do try to determine what's

inside, as with the Resource Reservation Protocol (RSVP). It's also sometimes necessary for

Network Address Translation (NAT) facilities to take account of the needs of particular

application layer protocols. (NAT allows hosts on private networks to communicate with the

outside world via a single visible IP address using port forwarding, and is an almost

ubiquitous feature of modern domestic broadband routers).
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In Section 5 of this course you will cover these topics:
Introduction To Wireless Communications

Multimedia Communication

Topic : Introduction To Wireless Communications

Topic Objective:

At the end of this topic student would be able to:

 Learn about applications of wireless technology

 Learn about early wireless work

 Learn about Wi-Fi

 Understand Uses of Wi-Fi

 Learn about advantages of Wi-Fi

 Understand limitations of Wi-Fi

Definition/Overview:

Wireless communication: Wireless communication is the transfer of information over a

distance without the use of electrical conductors or "wires". The distances involved may be

short (a few meters as in television remote control) or long (thousands or millions of

kilometers for radio communications). When the context is clear, the term is often shortened

to "wireless". Wireless communication is generally considered to be a branch of

telecommunications.

Key Points:

1. Early wireless work

In the history of wireless technology, the demonstration of the theory of electromagnetic

waves by Heinrich Rudolf Hertz in 1888 was important. The theory of electromagnetic waves

were predicted from the research of James Clerk Maxwell and Michael Faraday. Hertz

demonstrated that electromagnetic waves could be transmitted and caused to travel through

space at straight lines and that they were able to be received by an experimental apparatus.
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The experiments were not followed up by Hertz. The practical applications of the wireless

communication and remote control technology were implemented by Nikola Tesla.

2. Applications of wireless technology

2.1 Security systems

Wireless technology may supplement or replace hard wired implementations in

security systems for homes or office buildings.

2.2 Television remote control

Modern televisions use wireless (generally infrared) remote control units. Now radio

waves are also used.

2.3 Cellular telephony (phones and modems)

Perhaps the best known example of wireless technology is the cellular telephone and

modems. These instruments use radio waves to enable the operator to make phone

calls from many locations world-wide. They can be used anywhere that there is a

cellular telephone site to house the equipment that is required to transmit and receive

the signal that is used to transfer both voice and data to and from these instruments.

3. Wi-Fi

Wi-Fi is a trademark of the Wi-Fi Alliance, founded in 1999 as Wireless Ethernet

Compatibility Alliance (WECA), comprising more than 300 companies, whose products are

certified by the Wi-Fi Alliance, based on the IEEE 802.11 standards (also called Wireless

LAN (WLAN) and Wi-Fi). This certification warrants interoperability between different

wireless devices. The alliance was founded because many products did not correctly

implement IEEE 802.11 and some included proprietary extensions. This led to

incompatibilities between products from different manufacturers.

The Wi-Fi Alliance tests the wireless components to their own terms of reference. Products

that pass become Wi-Fi certified and may carry the Wi-Fi logo. Only products of Wi-Fi

Members are tested, because they pay membership and per-item fees. Absence of the Wi-Fi

logo does not necessarily mean non-compliance with the standard. In France, Poland, the

United States, and some other countries, the term Wi-Fi often is used by the public as a

synonym for wireless Internet (WLAN); but not every wireless Internet product has a Wi-Fi

certification, which may be because of certification costs that must be paid for each certified

device type. Wi-Fi certification is provided for technology used in home networks, mobile

phones, video games, and other devices that require wireless networking. It covers IEEE

802.11 standards, including 802.11a, 802.11b, 802.11g, and 802.11n. Wi-Fi is supported by
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most personal computer operating systems, many game consoles, laptops, smartphones,

printers, and other peripherals.

4. Uses of Wi-Fi

A Wi-Fi enabled device such as a PC, game console, mobile phone, MP3 player or PDA can

connect to the Internet when within range of a wireless network connected to the Internet.

The coverage of one or more interconnected access points called a hotspot can comprise an

area as small as a single room with wireless-opaque walls or as large as many square miles

covered by overlapping access points. Wi-Fi technology has served to set up mesh networks,

for example, in London. Both architectures can operate in community networks.

In addition to restricted use in homes and offices, Wi-Fi can make access publicly available at

Wi-Fi hotspots provided either free of charge or to subscribers to various providers.

Organizations and businesses such as airports, hotels and restaurants often provide free

hotspots to attract or assist clients. Enthusiasts or authorities who wish to provide services or

even to promote business in a given area sometimes provide free Wi-Fi access.

Metropolitan-wide Wi-Fi (Muni-Fi) already has more than 300 projects in process. There

were 879 Wi-Fi based Wireless Internet service providers in the Czech Republicas of May

2008. Wi-Fi also allows connectivity in peer-to-peer (wireless ad-hoc network) mode, which

enables devices to connect directly with each other. This connectivity mode can prove useful

in consumer electronics and gaming applications. When wireless networking technology first

entered the market many problems ensued for consumers who could not rely on products

from different vendors working together. The Wi-Fi Alliance began as a community to solve

this issue aiming to address the needs of the end-user and to allow the technology to mature.

The Alliancecreated the branding Wi-Fi Certified to reassure consumers that products will

interoperate with other products displaying the same branding.

Many consumer devices use Wi-Fi. Amongst others, personal computers can network to each

other and connect to the Internet, mobile computers can connect to the Internet from any Wi-

Fi hotspot, and digital cameras can transfer images wirelessly. Routers which incorporate a

DSL-modem or a cable-modem and a Wi-Fi access point, often set up in homes and other

premises, provide Internet-access and internetworking to all devices connected (wirelessly or

by cable) to them. One can also connect Wi-Fi devices in ad-hoc mode for client-to-client

connections without a router. Wi-Fi also enables places which would traditionally not have

network to be connected, for example bathrooms, kitchens and garden sheds. The "father of
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Wi-Fi", Vic Hayes, stated that being able to access the internet whilst answering a call of

nature was "one of life's most liberating experiences". As of 2007 Wi-Fi technology had

spread widely within business and industrial sites. In business environments, just like other

environments, increasing the number of Wi-Fi access-points provides redundancy, support

for fast roaming and increased overall network-capacity by using more channels or by

defining smaller cells. Wi-Fi enables wireless voice-applications (VoWLAN or WVOIP).

Over the years, Wi-Fi implementations have moved toward "thin" access-points, with more

of the network intelligence housed in a centralized network appliance, relegating individual

access-points to the role of mere "dumb" radios. Outdoor applications may utilize true mesh

topologies. As of 2007 Wi-Fi installations can provide a secure computer networking

gateway, firewall, DHCP server, intrusion detection system, and other functions.

5. Advantages of Wi-Fi

Wi-Fi allows local area networks (LANs) to be deployed without wires for client devices,

typically reducing the costs of network deployment and expansion. Spaces where cables

cannot be run, such as outdoor areas and historical buildings, can host wireless LANs.

Wireless network adapters are now built into most laptops. The price of chipsets for Wi-Fi

continues to drop, making it an economical networking option included in even more devices.

Wi-Fi has become widespread in corporate infrastructures. Different competitive brands of

access points and client network interfaces are inter-operable at a basic level of service.

Products designated as "Wi-Fi Certified" by the Wi-Fi Alliance are backwards compatible.

Wi-Fi is a global set of standards. Unlike mobile telephones, any standard Wi-Fi device will

work anywhere in the world. Wi-Fi is widely available in more than 220,000 public hotspots

and tens of millions of homes and corporate and university campuses worldwide. Wi-Fi

Protected Access encryption (WPA and WPA2) is not easily cracked if strong passwords are

used. New protocols for Quality of Service (WMM) make Wi-Fi more suitable for latency-

sensitive applications (such as voice and video), and power saving mechanisms (WMM

Power Save) improve battery operation.

6. Limitations of Wi-Fi

Spectrum assignments and operational limitations are not consistent worldwide. Most of

Europe allows for an additional 2 channels beyond those permitted in the U.S.for the 2.4 GHz

band. (113 vs. 111); Japan has one more on top of that (114). Europe, as of 2007, was

essentially homogeneous in this respect. A very confusing aspect is the fact that a Wi-Fi
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signal actually occupies five channels in the 2.4 GHz band resulting in only three non-

overlapped channels in the U.S.: 1, 6, 11, and three or four in Europe: 1, 5, 9, 13 can be used

if all the equipment on a specific area can be guaranteed not to use 802.11b at all, even as

fallback or beacon. Equivalent isotropically radiated power (EIRP) in the EU is limited to 20

dBm (100 mW).

6.1 Reach

Wi-Fi networks have limited range. A typical Wi-Fi home router using 802.11b or

802.11g with a stock antenna might have a range of 32 m (120 ft) indoors and 95 m

(300 ft) outdoors. Range also varies with frequency band. Wi-Fi in the 2.4 GHz

frequency block has slightly better range than Wi-Fi in the 5 GHz frequency block.

Outdoor range with improved (directional) antennas can be several kilometres or

more with line-of-sight. Wi-Fi performance decreases roughly quadratically as the

range increases at constant radiation levels. Due to reach requirements for wireless

LAN applications, power consumption is fairly high compared to some other low-

bandwidth standards. Especially Zigbee and Bluetooth supporting wireless PAN

applications refer to much lesser propagation range of< 10m (ref. e.g. IEEE Std.

802.15.4 section 1.2 scope). The high power consumption of Wi-Fi makes battery life

a concern for mobile devices.

6.2 Mobility

Because of the very limited practical range of Wi-Fi, mobile use is essentially

confined to such applications as inventory taking machines in warehouses or retail

spaces, barcode reading devices at check-out stands or receiving / shipping stations.

Mobile use of Wi-Fi over wider ranges is limited to move, use, move, as for instance

in an automobile moving from one hotspot to another (Wardriving). Other wireless

technologies are more suitable as illustrated in the graphic.

6.3 Threats to security

The most common wireless encryption standard, Wired Equivalent Privacy or WEP,

has been shown to be easily breakable even when correctly configured. Wi-Fi

Protected Access (WPA and WPA2), which began shipping in 2003, aims to solve

this problem and is now available on most products. Wi-Fi Access Points typically

default to an "open" (encryption-free) mode. Novice usersbenefit from a zero-

configuration device that works out of the box, but this default is without any wireless

security enabled, providing open wireless access to their LAN. To turn security on

requires the user to configure the device, usually via a software graphical user
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interface (GUI). Wi-Fi networks that are open (unencrypted) can be monitored and

used to read and copy data (including personal information) transmitted over the

network, unless another security method is used to secure the data, such as a VPN or a

secure web page.

6.4 Population

Many 2.4 GHz 802.11b and 802.11g access points default to the same channel on

initial startup, contributing to congestion on certain channels. To change the channel

of operation for an access point requires the user to configure the device.

6.5 Channel pollution

Standardization is a process driven by market forces. Interoperability issues between

non-Wi-Fi brands or proprietary deviations from the standard can still disrupt

connections or lower throughput speeds on all user's devices that are within range, to

include the non-Wi-Fi or proprietary product. Moreover, the usage of the ISM band in

the 2.45 GHz range is also common to Bluetooth, WPAN-CSS, ZigBee and any new

system will take its share. Wi-Fi pollution, or an excessive number of access points in

the area, especially on the same or neighboring channel, can prevent access and

interfere with the use of other access points by others, caused by overlapping channels

in the 802.11g/b spectrum, as well as with decreased signal-to-noise ratio (SNR)

between access points. This can be a problem in high-density areas, such as large

apartment complexes or office buildings with many Wi-Fi access points. Additionally,

other devices use the 2.4 GHz band: microwave ovens, security cameras,

Bluetoothdevices and (in some countries) Amateur radio, video senders, cordless

phones and baby monitors, all of which can cause significant additional interference.

General guidance to those who suffer these forms of interference or network crowding

is to migrate to a Wi-Fi 5 GHz product, (802.11a, or the newer 802.11n if it has 5

GHz support) because the 5 GHz band is relatively unused, and there are many more

channels available. This also requires users to set up the 5 GHz band to be the

preferred network in the client and to configure each network band to a different name

(SSID). It is also an issue when municipalities or other large entities such as

universities, seek to provide large area coverage. This openness is also important to

the success and widespread use of 2.4 GHz Wi-Fi.

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

64
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



Topic : Multimedia Communication

Topic Objective:

At the end of this topic student would be able to:

 Learn about categorization of multimedia communication

 Identify major characteristics of multimedia

 Learn about history of the term

 Learn about Use of Multimedia Communication in Games

 Learn about Use of Multimedia Communication in Creative industries

 Learn about Use of Multimedia Communication Commercials

 Learn about Use of Multimedia Communication in Entertainment and fine arts

 Learn about Use of Multimedia Communication in Education

 Learn about Use of Multimedia Communication in Engineering

 Learn about Use of Multimedia Communication in Industry

 Learn about Use of Multimedia Communications in Mathematical and scientific research

 Understand structuring information in a multimedia form

Definition/Overview:

Multimedia: Multimedia is media that utilizes a combination of different content forms. The

term can be used as a noun (a medium with multiple content forms) or as an adjective

describing a medium as having multiple content forms. The term is used in contrast to media

which only utilize traditional forms of printed or hand-produced text and still graphics. In

general, multimedia includes a combination of text, audio, still images, animation, video, and

interactivity content forms.Multimedia is usually recorded and played, displayed or accessed

by information content processing devices, such as computerized and electronic devices, but

can also be part of a live performance. Multimedia (as an adjective) also describes electronic

media devices used to store and experience multimedia content. Multimedia is similar to

traditional mixed media in fine art, but with a broader scope. The term "rich media" is

synonymous for interactive multimedia. Hypermedia can be considered one particular

multimedia application.
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Key Points:

1. Categorization of multimedia communication

Multimedia may be broadly divided into linear and non-linear categories. Linear active

content progresses without any navigation control for the viewer such as a cinema

presentation. Non-linear content offers user interactivity to control progress as used with a

computer game or used in self-paced computer based training. Hypermedia is an example of

non-linear content. Multimedia presentations can be live or recorded. A recorded presentation

may allow interactivity via a navigation system. A live multimedia presentation may allow

interactivity via an interaction with the presenter or performer.

2. Major characteristics of multimedia

Multimedia presentations may be viewed in person on stage, projected, transmitted, or played

locally with a media player. A broadcast may be a live or recorded multimedia presentation.

Broadcasts and recordings can be either analog or digital electronic media technology. Digital

online multimedia may be downloaded or streamed. Streaming multimedia may be live or on-

demand. Multimedia games and simulations may be used in a physical environment with

special effects, with multiple users in an online network, or locally with an offline computer,

game system, or simulator. The various formats of technological or digital multimedia may

be intended to enhance the users' experience, for example to make it easier and faster to

convey information. Or in entertainment or art, to transcend everyday experience. Enhanced

levels of interactivity are made possible by combining multiple forms of media content.

Online multimedia is increasingly becoming object-oriented and data-driven, enabling

applications with collaborative end-user innovation and personalization on multiple forms of

content over time. Examples of these range from multiple forms of content on Web sites like

photo galleries with both images (pictures) and title (text) user-updated, to simulations whose

co-efficients, events, illustrations, animations or videos are modifiable, allowing the

multimedia "experience" to be altered without reprogramming. In addition to seeing and

hearing, Haptic technology enables virtual objects to be felt. Emerging technology involving

illusions of taste and smell may also enhance the multimedia experience.
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3. History of the term

In 1965 the term Multi-media was used to describe the Exploding Plastic Inevitable, a

performance that combined live rock music, cinema, experimental lighting and performance

art. In the intervening forty years the word has taken on different meanings. In the late 1970s

the term was used to describe presentations consisting of multi-projector slide shows timed to

an audio track In the 1990s it took on its current meaning. In common usage the term

multimedia refers to an electronically delivered combination of media including video, still

images, audio, text in such a way that can be accessed interactively. Much of the content on

the web today falls within this definition as understood by millions. Some computers which

were marketed in the 1990s were called "multimedia" computers because they incorporated a

CD-ROM drive, which allowed for the delivery of several hundred megabytes of video,

picture, and audio data. Since media is the plural of medium, the term "multimedia" is a

pleonasm if "multi" is used to describe multiple occurrences of only one form of media such

as a collection of audio CDs. This is why it's important that the word "multimedia" is used

exclusively to describe multiple forms of media and content. The term "multimedia" is also

ambiguous. Static content (such as a paper book) may be considered multimedia if it contains

both pictures and text or may be considered interactive if the user interacts by turning pages

at will. Books may also be considered non-linear if the pages are accessed non-sequentially.

The term "video", if not used exclusively to describe motion photography, is ambiguous in

multimedia terminology. Video is often used to describe the file format, delivery format, or

presentation format instead of "footage" which is used to distinguish motion photography

from "animation" of rendered motion imagery. Multiple forms of information content are

often not considered multimedia if they don't contain modern forms of presentation such as

audio or video. Likewise, single forms of information content with single methods of

information processing (e.g. non-interactive audio) are often called multimedia, perhaps to

distinguish static media from active media. Performing arts may also be considered

multimedia considering that performers and props are multiple forms of both content and

media.

4. Use of Multimedia Communication in Games

Video games may include a combination of text, audio, still images, animation, video, and

interactivity content forms. A presentation using Powerpoint. Corporate presentations may

combine all forms of media content. Virtual reality uses multimedia content. Applications
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and delivery platforms of multimedia are virtually limitless. VVO Multimedia-Terminal in

Dresden WTC (Germany)Multimedia finds its application in various areas including, but not

limited to, advertisements, art, education, entertainment, engineering, medicine, mathematics,

business, scientific research and spatial temporal applications.

5. Use of Multimedia Communication in Creative industries

Creative industries use multimedia for a variety of purposes ranging from fine arts, to

entertainment, to commercial art, to journalism, to media and software services provided for

any of the industries listed below. An individual multimedia designer may cover the spectrum

throughout their career. Request for their skills range from technical, to analytical, to

creative.

6. Use of Multimedia Communication Commercials

Much of the electronic old and new media utilized by commercial artists is multimedia.

Exciting presentations are used to grab and keep attention in advertising. Business to

business, and interoffice communications are often developed by creative services firms for

advanced multimedia presentations beyond simple slide shows to sell ideas or liven-up

training. Commercial multimedia developers may be hired to design for governmental

services and nonprofit services applications as well.

7. Use of Multimedia Communication in Entertainment and fine arts

In addition, multimedia is heavily used in the entertainment industry, especially to develop

special effects in movies and animations. Multimedia games are a popular pastime and are

software programs available either as CD-ROMs or online. Some video games also use

multimedia features. Multimedia applications that allow users to actively participate instead

of just sitting by as passive recipients of information are called Interactive Multimedia. In the

Arts there are multimedia artists, whose minds are able to blend techniques using different

media that in some way incorporates interaction with the viewer. One of the most relevant

could be Peter Greenaway who is melding Cinema with Opera and all sorts of digital media.

Another approach entails the creation of multimedia that can be displayed in a traditional fine

arts arena, such as an art gallery. Although multimedia display material may be volatile, the
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survivability of the content is as strong as any traditional media. Digital recording material

may be just as durable and infinitely reproducible with perfect copies every time.

8. Use of Multimedia Communication inEducation

In Education, multimedia is used to produce computer-based training courses (popularly

called CBTs) and reference books like encyclopedia and almanacs. A CBT lets the user go

through a series of presentations, text about a particular topic, and associated illustrations in

various information formats. Edutainment is an informal term used to describe combining

education with entertainment, especially multimedia entertainment. Learning theory in the

past decade has expanded dramatically because of the introduction of multimedia. Several

lines of research have evolved (e.g. Cognitive load, Multimedia learning, and the list goes

on). The possibilities for learning and instruction are nearly endless.

9. Use of Multimedia Communication inEngineering

Software engineers may use multimedia in Computer Simulations for anything from

entertainment to training such as military or industrial training. Multimedia for software

interfaces are often done as a collaboration between creative professionals and software

engineers.

10. Use of Multimedia Communicationin Industry

In the Industrial sector, multimedia is used as a way to help present information to

shareholders, superiors and coworkers. Multimedia is also helpful for providing employee

training, advertising and selling products all over the world via virtually unlimited web-based

technologies.

11. Use of Multimedia Communications in Mathematical and scientific research

In mathematical and scientific research, multimedia are mainly used for modelling and

simulation. For example, a scientist can look at a molecular model of a particular substance

and manipulate it to arrive at a new substance.

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

69
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



12. Structuring information in a multimedia form

Multimedia represents the convergence of text, pictures, video and sound into a single form.

The power of multimedia and the Internet lies in the way in which information is linked.

Multimedia and the Internet require a completely new approach to writing. The style of

writing that is appropriate for the 'on-line world' is highly optimized and designed to be able

to be quickly scanned by readers. A good site must be made with a specific purpose in mind

and a site with good interactivity and new technology can also be useful for attracting

visitors. The site must be attractive and innovative in its design, function in terms of its

purpose, easy to navigate, frequently updated and fast to download. When users view a page,

they can only view one page at a time. As a result, multimedia users must create a mental

model of information structure.
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