
TELECOMMUNICATION SYSTEMS AND TECHNOLOGY

Topic Objective:

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

 Learn about Analog Signal

 Learn about Disadvantages of Analog Signal

 Learn about Modulation

 Learn about Overview of Analog Signal Processing

 Learn about Types of Analog Signals

Definition/Overview:

Analog Device: Analog device is an apparatus that measures continuous information. The

measured analog signal has an infinite number of possible values. The only limitation on

resolution is the accuracy of the measuring device. Such apparatus operates with variables

which are constituted by continuously measured quantities. These quantities can be voltage,

resistance, rotation and pressure.

Analog Communication: Analog communication usually takes place in an electrical context;

however, mechanical, pneumatic, hydraulic, and other systems may also convey analog

signals. Essentially an analogue signal can be thought of as a simulation or duplication of one

continuous time varying quantity in another, possibly different, time varying quantity. It is

then a mapping of one time varying quantity to another, often with the intent of recording or

transmitting information about the former within the medium of the latter. An analog signal

uses some property of the medium to convey the signal's information.

Key Points:

1. Analog Signal

An analog or analogue signal is any continuous signal for which the time varying feature

(variable) of the signal is a representation of some other time varying quantity, i.e analogous

to another time varying signal. It differs from a digital signal in that small fluctuations in the

signal are meaningful. For example, an aneroid barometer uses rotary position as the signal to
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convey pressure information. Electrically, the property most commonly used is voltage

followed closely by frequency, current, and charge.

Any information may be conveyed by an analog signal; often such a signal is a measured

response to changes in physical phenomena, such as sound, light, temperature, position, or

pressure, and is achieved using a transducer. For example, in sound recording, fluctuations in

air pressure (that is to say, sound) strike the diaphragm of a microphone which causes

corresponding fluctuations in a voltage or the current in an electric circuit. The voltage or the

current is said to be an "analog" of the sound. Data is more easily corrupted in analogue form

due to noise but may also be of higher density and processed more quickly. A 3 hour

Domestic VHS cassette could hold for example 16GB of data.

Any measured analog signal must theoretically have noise and a finite slew rate. Therefore,

both analog and digital systems are subject to limitations in resolution and bandwidth. In

practice, as analog systems become more complex, effects such as non-linearity and noise

ultimately degrade analog resolution to such extent that the performance of digital systems

may surpass it. In analog systems, it is difficult to detect when such degradation occurs.

However, in digital systems, degradation can not only be detected but corrected as well.

2. Disadvantages of Analog Signal

The primary disadvantage of analog signaling is that any system has noise i.e., random

unwanted variation. As the signal is copied and re-copied, or transmitted over long distances,

these random variations become dominant. Electrically, these losses can be diminished by

shielding, good connections, and several cable types such as coaxial or twisted pair.

The effects of noise createssignal loss and distortion. This is impossible to recover, since

amplifying the signal to recover attenuated parts of the signal amplifies the noise

(distortion/interference) as well. Even if the resolution of an analog signal is higher than a

comparable digital signal, in many cases, the difference is overshadowed by the noise in the

signal.

3. Modulation

Another method of conveying an analog signal is to use modulation. In this, some base signal

(e.g., a sinusoidal carrier wave) has one of its properties modulated: amplitude modulation
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involves altering the amplitude of a sinusoidal voltage waveform by the source information,

frequency modulation changes the frequency. Other techniques, such as changing the phase

of the base signal also work.

Analog circuits do not involve quantisationof information into digital format. The concept

being measured over the circuit, whether sound, light, pressure, temperature, or an exceeded

limit, remains from end to end. Clocks with hands are called analog; those that display digits

are called digital. However, many analog clocks are actually digital since the hands do not

move in a smooth continuous motion, but in small steps every second or half a second, or

every minute.

4. Overview of Analog Signal Processing

Analog signal processing is any signal processing conducted on analog signals by analog

means. "Analog" indicates something that is mathematically represented as a set of

continuous values. This differs from "digital" which uses a series of discrete quantities to

represent signal. Analog values are typically represented as a voltage, electric current, or

electric charge around components in the electronic devices. An error or noise affecting such

physical quantities will result in a corresponding error in the signals represented by such

physical quantities. Examples of analog signal processing include crossover filters in

loudspeakers, "bass", "treble" and "volume" controls on stereos, and "tint" controls on TVs.

Common analog processing elements include capacitors, resistors, inductors and transistors.

5. Types of Analog Signals

5.1 Sinusoids

Sinusoids are the building block of analog signal processing. Theorem states that all

real world signals can be represented by a sum of sinusoids. A sinusoid can be

represented by a complex exponential, e^{st}.

5.2 Impulse

An impulse (Dirac delta function) is defined as a signal that has an infinite magnitude

and an infinitesimally narrow width with an area under it of one, centered at zero. An

impulse can be represented as an infinite sum of sinusoids that includes all possible

frequencies. This definition is really hard to use in real life, so most engineers

conceptualize it to a signal that is one at zero and zero everywhere else. The symbol
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for an impulse is delta(t). If an impulse is used as an input to a system, the output is

known as the impulse response. The impulse response defines the system because all

possible frequencies are represented in the input.

5.3 Step

A step function is a signal that has a magnitude of zero before zero and a magnitude

of one after zero. The symbol for a step is u(t). If a step is used as the input to a

system, the output is called the step response. The step response shows how a system

responds to a sudden input, similar to turning on a switch. The period before the

output stabilizes is called the transient part of a signal. The step response can be

multiplied with other signals to show how the system responds when an input is

suddenly turned on.

Topic : The Signaling System 7 Network

Topic Objective:

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

 Learn about SS7 Signals

 Learn about Signaling Links and Linksets

 Learn about Signal Transfer Point

 Learn about Service Switching Point

 Learn about Service Control Point

 Learn about Link Types

 Learn about Signaling Modes

Definition/Overview:

SS7 Signal: SS7 is characterized by high-speed circuit switching and out-of-band signaling

using Service Switching (SSPs), Signal Transfer Points (STPs), and Service Control Points

(SCPs) (collectively referred to as signaling points, or SS7 nodes). Out-of-band signaling is
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signaling that does not take place over the same path as the data transfer (or conversation)--a

separate digital channel is created (called a signaling link), where messages are exchanged

between network elements at 56 or 64 kilobit per second.

Key Points:

1. SS7 Signals

SS7 can employ different types of signaling network structures. The choice between these

different structures can be influenced by factors such as administrative aspects and the

structure of the telecommunication network to be served by the signaling system. The

worldwide signaling network has two functionally independent levels:

 International

 National

This structure makes possible a clear division of responsibility for signaling network

management. It also lets numbering plans of SS7 nodes belonging to the international

network and the different national networks be independent of one another.

SS7 network nodes are called signaling points (SPs). Each SP is addressed by an integer

called a point code (PC). The international network uses a 14-bit PC. The national networks

also use a 14-bit PCexcept North America and China, which use an incompatible 24-bit PC,

and Japan, which uses a 16-bit PC. The national PC is unique only within a particular

operator's national network. International PCs are unique only within the international

network. Other operator networks (if they exist) within a country also could have the same

PC and also might share the same PC as that used on the international network. Therefore,

additional routing information is provided so that the PC can be interpreted correctlythat is,

as an international network, as its own national network, or as another operator's national

network.

2. Signaling Links and Linksets

SPs are connected to each other by signaling links over which signaling takes place. The

bandwidth of a signaling link is normally 64 kilobits per second (kbps). Because of legacy

reasons, however, some links in North America might have an effective rate of 56 kbps. In

recent years, high-speed links have been introduced that use an entire 1.544 Mbps T1 carrier
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for signaling. Links are typically engineered to carry only 25 to 40 percent of their capacity

so that in case of a failure, one link can carry the load of two.

To provide more bandwidth and/or for redundancy, up to 16 links between two SPscan be

used. Links between two SPs are logically grouped for administrative and load-sharing

reasons. A logical group of links between two SP is called a linkset.

A number of linksetsthat may be

used to reach a particular

destination can be grouped logically to form a combined linkset. For each combined linkset

that an individual linksetis a member of, it may be assigned different priority levels relative to

other linksets in each combined linkset.

A group of links within a linkset that have the same characteristics (data rate,

terrestrial/satellite, and so on) are called a link group. Normally the links in a linkset have the

same characteristics, so the term link group can be synonymous with linkset.

3. Signal Transfer Point

A Signal Transfer Point (STP) is responsible for the transfer of SS7 messages between other

SS7 nodes, acting somewhat like a router in an IP network.

An STP is neither the ultimate source nor the destination for most signaling messages.

Generally, messages are received on one signaling link and are transferred out another. The

only messages that are not simply transferred are related to network management and global

title translation. STPs route each incoming message to an outgoing signaling link based on

routing information contained in the SS7 message. Specifically, this is the information found

in the MTP3 routing label.

Additionally, standalone STPs often can screen SS7 messages, acting as a firewall. An STP

can exist in one of two forms:

 Standalone STP

 Integrated STP (SP with STP)

Standalone STPs are normally deployed in "mated" pairs for the purposes of redundancy.

Under normal operation, the mated pair shares the load. If one of the STPs fails or isolation
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occurs because of signaling link failure, the other STP takes the full load until the problem

with its mate has been rectified. Integrated STPscombine the functionality of an SSP and an

STP. They are both the source and destination for MTP user traffic. They also can transfer

incoming messages to other nodes.

4. Service Switching Point

A Service Switching Point (SSP) is a voice switch that incorporates SS7 functionality. It

processes voice-band traffic (voice, fax, modem, and so forth) and performs SS7 signaling.

All switches with SS7 functionality are considered SSPs regardless of whether they are local

switches (known in North America as an end office) or tandem switches. An SSP can

originate and terminate messages, but it cannot transfer them. If a message is received with a

point code that does not match the point code of the receiving SSP, the message is discarded.

5. Service Control Point

A Service Control Point (SCP) acts as an interface between telecommunications databases

and the SS7 network. Telephone companies and other telecommunication service providers

employ a number of databases that can be queried for service data for the provision of

services. Typically the request (commonly called a query) originates at an SSP. A popular

example is freephonecalling (known as toll-free in North America). The SCP provides the

routing number (translates the toll-free number to a routable number) to the SSP to allow the

call to be completed. SCPs form the means to provide the core functionality of cellular

networks, which is subscriber mobility. Certain cellular databases (called registers) are used

to keep track of the subscriber's location so that incoming calls may be delivered. Other

telecommunication databases include those used for calling card validation (access card,

credit card), calling name display (CNAM), and LNP. SCPs used for large revenue-

generating services are usually deployed in pairs and are geographically separated for

redundancy. Unless there is a failure, the load is typically shared between two mated SCPs. If

failure occurs in one of the SCPs, the other one should be able to take the load of both until

normal operation resumes.

6. Link Types

Signaling links can be referenced differently depending on where they are in the network.

Although different references can be used, you should understand that the link's physical

characteristics remain the same. The references to link types A through E are applicable only

where standalone STPsare present, so the references are more applicable to the North

American market.

Six different link references exist:
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 Access links (A links)

 Crossover links (C links)

 Bridge links (B links)

 Diagonal links (D links)

 Extended links (E links)

 Fully associated links (F links)

7. Signaling Modes

The signaling relationship that exists between two communicating SS7 nodes is called the

signaling mode. The two modes of signaling are associated signaling and quasi-associated

signaling. When the destination of an SS7 message is directly connected by a linkset, the

associated signaling mode is being used. In other words, the source and destination nodes are

directly connected by a single linkset. When the message must pass over two or more linksets

and through an intermediate node, the quasi-associated mode of signaling is being used. It's

easier to understand the signaling mode if you examine the relationship of the point codes

between the source and destination node. When using the associated mode of signaling, the

Destination Point Code (DPC) of a message being sent matches the PC of the node at the far

end of the linkset, usually referred to as the far-end PC or adjacent PC. When quasi-

associated signaling is used, the DPC does not match the PC at the far end of the connected

linkset. Quasi-associated signaling requires the use of an STP as the intermediate node

because an SSP cannot transfer messages.

Topic : Analog To Digital Conversion

Topic Objective:

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

 To learn about the analog to digital converter

 To learn about response type of conversion

 To learn about Sampling rate in conversion
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 To learn about the concept of Aliasing in conversion

 To learn about the concept of Dither in conversion

Definition/Overview:

Digital communication: Digital communication refers to the transmission of a sequence of

digital messages (a bit stream) or a digitized analog signal. This is in contrast to analog

communications. While analog communications represents a continuously varying signal by

a continuously varying signal, a digital transmission can be broken down into discrete

messages. The messages are either represented by a sequence of pulses by means of a line

code, or by a limited set of analogue wave forms, using a digital modulation method.

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:
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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

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 Mthdivision 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 linear as

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.
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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.

This is the same principle behind the compandersused in some tape-recorders and

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

voice signal has a Laplaciandistribution. 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 representablevalues 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 bandlimitedsignal 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-

Nyquistsampling 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
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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.

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-aliasing filter, 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
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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 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.

In Section 2 of this course you will cover these topics:
Digital Dataphone Service And Switched 56.

T1 Technology

E1, R2, And Japanese Carrier Technology

Topic : Digital Dataphone Service And Switched 56.

Topic Objective:

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

 Understand the Channel Service Unit (CSU) in DDS

 Understand the Data Service Unit in DDS

 Learn about Switched 56 Circuits

 Learn about Selection of Switched 56

 Learn about Switched 56 Access Lines
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Definition/Overview:

DDS: The term DDS is an acronym for either the transport method, Digital Data System, or

the name of the AT&T service itself, Dataphone Digital Service. In either case, it describes a

North American digitaltransmission method that was initially deployed in the mid-1970s.

Switched 56: A dial-up digital service provided by local and long distance telephone

companies. There is a monthly fee and per-minute charge like the analog voice network. For

connection, a DSU/CSU is used instead of a modem. Switched 56 uses a 64 Kbps channel,

but one bit per byte is used for band signaling, leaving 56 Kbps for data.

Key Points:

1. The Data Service Unit in DDS

The DSU converts unipolar customer data (RS-232, V.35, etc.) to a Bipolar Return-To-Zero

(BPRZ) format for transmission over the local loop. As in T1 AMI encoding, this type of

encoding is useful for transmitting timing information and ensures no DC offset.

Just like T1 AMI systems, large strings of zeroes may cause the complete absence of pulses

on the line, causing timing recovery problems at the receiver. So, Bipolar Violation

sequences are used to workaround this problem. Additionally, specific Bipolar Violation

codes are used for diagnostic tests by the phone company.

For Subrate channels (2.4, 4.8, 9.6 KBPS) the Bipolar Violation codes used are based upon

B6ZS (Bipolar 6 Zero Substitution). For 56 KBPS channels, the Bipolar Violation codes are

based upon B7ZS (Bipolar 7 Zero Substitution). The DSU provides the following functions:

 Clock recovery and "loop timing" functions

 Received signal amplification and equalization

 Recognition and generation of network control codes

 Optionally respond to the "Alternating" DSU loop code by putting a loop up towards the

telephone company
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2. The Channel Service Unit (CSU) in DDS

The CSU provides the actual physical line interconnection and associated circuitry. The CSU

provides the following functions:

 Signal amplification and equalization

 Termination for the simplex current ("span power")

 Mandatory response to a polarity reversal of the local loop by initiating a loopback towards

TELCO.

 Optionally respond to the "Latching" loopback codes by initiating a loopback towards

TELCO

3. Switched 56 Circuits

Switched 56 is another neat little name used to denote the use of 56Kbps circuits as a Wide

Area Net (WAN) technology or strategy. It is really just a souped-up version of plain old

telephone system (POTS) service. The main differences between POTS service and switched

56 service are the speeds that can be obtained. Most POTS circuits are still only capable of

providing between 28.8Kbps and 33.6Kbps. Granted, there are new technology modems such

as USR's X2 technology modem that claim to provide 56Kbps on a standard POTS line, but

the fact remains, the speed of 56Kbps is not a guaranteed thing. If the POTS system in your

area still has old copper wire or carrier facilities, you may not obtain the higher speeds

capable with these types of modems. For that reason, it is sometimes necessary for network

managers to avoid the use of POTS lines and make the jump to a switched line capable of

providing a clean, consistent rate of 56Kbps. When this occurs, we are then entering the

world of switched 56 technology.

4. Selection of Switched 56

Switched 56 service is a digitally switched or "dial-up" technology that has the capacity to

provide a single channel for dependable data connectivity. This single channel has a clock

speed of 56,000 bits per second, which means that theoretically, it can pass about two pages

of documentation per second. To get an idea of where switched 56 service fits in the big

picture of carrier speeds and services, let's look at a brief description of T-1 service and

where switched 56 fits into the picture. A T-1 circuit is divided into 24 channels of 64Kbps.

Control signaling typically requires the isolation of the upper 8K bits of the channel from the

data transport section of the bandwidth. Hence, you are left with 56Kbps of useable data on
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each channel. This 56Kbps of useable data is typically used on a per channel basis to move

data from one point to another.

Now remember, a T-1 circuit refers to a carrier mechanism. In other words, there does not

necessarily have to be a switch or switching device associated with T-1 carrier systems.

Many times, there may be Point-to-Point T-1 circuits used, and it is not necessary that any

switching be performed on the terminating ends of these carrier circuits. It is when the

individual channels are pulled out of a T-1 and route these signals to other channels in

another T-1, or over to a user location, that some type of switching must be performed. When

this 56Kbps of data has been switched out of a T-1 and is sent to a specific user location, the

resulting circuit is referred to as a switched 56 circuit. Some people refer to the process of

allocating the bandwidth of a T-1 channel as dropping-and-inserting. When a 56Kbps circuit

is dropped into a customer or user location and the circuit is terminated, that customer or user

must be provided with a switched 56 circuit. The term switched means that the other end of

the 56Kbps circuit will generally ride a T-1 circuit into the cloud of the Public Switched

Telephone Network (PSTN). Within the PSTN, the individual switched 56 circuits can be

routed or switched to any other termination point connected to the PSTN.

5. Switched 56 Access Lines

Switched 56 access lines were some of the original digital circuits installed by the

telecommunication carriers. The low cost of switched 56 relative to digital leased lines makes

it ideal even today for supporting sporadic high-speed applications that are extending into

new or existing locations. The fast data transmission capabilities and low error rates, relative

to analog dial-up, which is just now gaining this quantity of throughput, make switched 56

access an ideal solution for today's wide area environments. A savvy network manager must

know when it is right to choose this solution versus direct T-1 lines or other methods of

WAN interconnectivity. Cost is always a factor when deciding on a specific technology, and

switched 56 is a very cost-effective solution. Because the connections are only made when

actual data must be transmitted, this is a cost-effective means of transferring data. Further,

because switched 56 has been around a lot longer than other newer technologies, such as

frame relay or ATM, the costs for terminating equipment, circuit turn/up and installation fees,

and the monthly access charges are much lower for switched 56. If T-1 lines are used to

interconnect sites, there will be high flat-rate charges each month, whether any data is

transmitted over the lines or not.

With a switched 56 solution, the costs for termination equipment are cheaper than those of T-

1 terminating equipment. Also, because it is an on-demand connection, there is less wasted
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bandwidth than there would be if you were using T-1 connectivity. There are many vendors

who are doing on-demand switched frame relay connectivity over T-1 circuits, but once again

the cost for this type of service far exceeds the cost of a switched 56 connection. Although

very widespread, especially in populous areas, switched 56 circuits are quickly becoming

outdated with the acceptance and propagation of ISDN. The type of connectivity provided by

a switched 56 service is ISDN-compatible and versatile, with the ability to carry switched

digital signals such as video, voice, and data. The main difference between switched 56

technology and ISDN technology is the dependence of ISDN on D-channel signaling. This

difference creates the absolute limitation of 56Kbps in switched 56 as opposed to ISDN,

which is capable of utilizing the entire channel of 64Kbps. The technical explanation for the

limitation of switched 56 service is that the communication control signaling protocol uses

only 7 of the 8 frame bits that are available in a 64Kbps channel.

Topic : T1 Technology

Topic Objective:

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

 To learn about DS1 frame synchronization

 To learn about SF framing

 To learn about ESF framing

 To learn about Alarms

 To learn about Real world use

 To learn about Inband T1 versus T1 PRI

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
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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.

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.
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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. .

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
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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.

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 alarm

Red alarm indicates 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 alarm

Yellow alarm indicates 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 alarm

Blue alarm indicates 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
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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 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
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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

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.

Topic : E1, R2, And Japanese Carrier Technology.

Topic Objective:

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

 To learn about TSO (Time Slots)

 To learn about Hierarchy levels in E1

 To learn about Basic rate interface

 To learn about 2B1Q line coding

 To learn about B3T line coding

Definition/Overview:

E1 Technology: An E1 link operates over two separate sets of wires, usually twisted pair

cable. A nominal 3 Volt peak signal is encoded with pulses using a method that avoids long

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

Mbit/s downstream and 2.048 Mbit/s upstream) which is split into 32 timeslots, each being

allocated 8 bits in turn. Thus each timeslot sends and receives an 8-bit sample 8000 times per

second (8 x 8000 x 32 = 2,048,000). This is ideal for voice telephone calls where the voice is

sampled into an 8 bit number at that data rate and reconstructed at the other end.
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Key Points:

1. TSO (Time Slots)

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

This allows the receiver to lock onto the start of each frame and match up each channel in

turn. The standards allow for a full Cyclic Redundancy Check to be performed across all bits

transmitted in each frame, to detect if the circuit is losing bits (information), but this is not

always used.

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

teardown according to one of several standard telecommunications protocols. This includes

Channel Associated Signaling (CAS) where a set of bits is used to replicate opening and

closing the circuit (as if picking up the telephone receiver and pulsing digits on a rotary

phone), or using tone signalling which is passed through on the voice circuits themselves.

More recent systems used Common Channel Signaling (CCS) such as ISDN or Signalling

System 7 (SS7) which send short encoded messages with more information about the call

including caller ID, type of transmission required etc. ISDN is often used between the local

telephone exchange and business premises, whilst SS7 is almost exclusively used between

exchanges and operators. SS7 can handle up to 4096 circuits per signalling channel, thus

allowing slightly more efficient use of the overall transmission bandwidth (for example: uses

31 voice channels on an E1). Unlike the earlier T-carrier systems developed in North

America, all 8 bits of each sample are available for each call. This allows the E1 systems to

be used equally well for circuit switch data calls, without risking the loss of any information.

While the original CEPT standard G.703 specifies several options for the physical

transmission, almost exclusively HDB3 format is used.

2. Hierarchy levels in E1

The PDH based on the E0 signal rate is designed so that each higher level can multiplex a set

of lower level signals. Framed E1 is designed to carry 30 E0 data channels + 1

signallingchannel, all other levels are designed to carry 4 signals from the level below.

Because of the necessity for overhead bits, and justification bits to account for rate

differences between sections of the network, each subsequent level has a capacity greater

than would be expected from simply multiplying the lower level signal rate (so for example

E2 is 8.448 Mbit/s and not 8.192 Mbit/s as one might expect when multiplying the E1 rate by

4). Note, because bit interleaving is used, it is very difficult to demultiplex low level
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tributaries directly, requiring equipment to individually demultiplexevery single level down

to the one that is required.

3. Basic rate interface

Basic rate interface (BRI, 2B+D, 2B1D) is an Integrated Services Digital Network (ISDN)

configuration defined in the physical layer standard I.430 produced by the ITU. This

configuration consists of two 64 kbit/s "bearer" channels (B channels) and one 16 kbit/s

"data" channel (D channel). The B channels are used for voice or user data, and the D channel

is used for any combination of: data, control/signallingand X.25 packet networking. The two

B channels can be bonded together giving a total data rate of 128 kbit/s. BRIis the kind of

ISDN interface most likely to be found in residential service. The I.430 protocol defines 48-

bit packets comprising 16 bits from the B1 channel, 16 bits from B2 channel, 4 bits from the

D channel, and 12 bits used for synchronization purposes. These packets are sent at a rate of

4 kHz, giving the data rates listed above for a maximum possible throughput of 144 kbit/s.

Two modulation methods are used to deliver U-Interface signals over an ordinary copper

pair: 2B1Q in North America, and 4B3T elsewhere.

4. 2B1Q line coding

2B1Q coding is the standard used in North America. 2B1Q means that two bits are combined

to form a single Quaternary line state (symbol). 2B1Q combines two bits at a time to be

represented by one of four signal levels on the line. The signal rate, therefore, is 80 kilobaud

and the line rate 160 Kbit/s. It operates with a maximum frequency range (bandwidth) of 40

kHz. 2B1Q coding is defined in ANSI T1.601 and ETR 080, Annex A. It can operate at

distances up to about 18,000 feet (5.5 km) with loss up to 42 dB. An internal termination

impedance of 135 ohms is presented to the line at each end of the U-interface. Echo

cancellation techniques allow full-duplex operation on the line. 2B1Q transmission can be

simply described as an amplitude modulation scheme for DC pulses.

5. B3T line coding

4B3T is a standard used in Europeand elsewhere in the world. 4B3T is a "block code" that

uses Return-to-Zero states on the line. 4B3T converts each group of 4 data bits into 3

"ternary" line signal states (3 symbols). The symbol rate is 3/4ths of the data rate (120

kbaud). 4B3Tis defined in ETR 080, Annex B and other national standards, like Germany's

1TR220. 4B3T can be transmitted reliably at up to 4.2 km over 0.4 mm cable or up to 8.2 km

over 0.6 mm cable. An internal termination impedance of 150 ohms is presented to the line at
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each end of the U-interface. Echo cancellation techniques allow full-duplex operation on the

line. In 4B3T coding, there are three states presented to line: a positive pulse (+), a negative

pulse (-), or a zero-state (no pulse: 0). An analogy here is that operation is similar to B8ZS or

HDB3 in T1/E1 systems, except that there is an actual gain in the information rate by coding

16 possible binary states to one of 27 ternary states. There are many ways to perform this

conversion, but BRI standards define a code known as MMS43 (Modified Monitoring State

43). One requirement for line transmission is that there should be no DC build-up on the line,

so there are some code substitutions based upon the transmission of the previous bits.

In Section 3 of this course you will cover these topics:
T3 And E3 Technology

Integrated Services Digital Network

Frame Relay

Topic : T3 And E3 Technology

Topic Objective:

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

 Learn about Higher T systems

 Learn about Digital signal crossconnect

 Learn about Copper Spans

 Learn about Bit robbing

 Learn about Carrier pricing

Definition/Overview:

E3 Technology: The E-carrier standards such as E3 form part of the Plesiochronous Digital

Hierarchy (PDH) where groups of E1 circuits may be bundled onto higher capacity E3 links

between telephone exchanges or countries. This allows a network operator to provide a
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private end-to-end E1 circuit between customers in different countries that share single high

capacity links in between.

Key Points:

1. 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

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.

2. 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.

3. 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
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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.

DS3 signals are rare except within buildings, where they are used for interconnections and as

an intermediate step before being muxedonto 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.

4. 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 Superframeis 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

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

27
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN

WWW.BSSVE.IN

WWW.BSSVE.IN



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).

5. 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

Bell operating 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.Providersthat 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.
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Topic : Integrated Services Digital Network

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

Definition/Overview:

ISDN: Integrated Services Digital Network is a telephone system network. Prior to the ISDN,

the phone system was viewed as a way to transport voice, with some special services

available for data. The key feature of the ISDN is that it integrates speech and data on the

same lines, adding features that were not available in the classic telephone system. There are

several kinds of access interfaces to the ISDN defined: Basic Rate Interface (BRI), Primary

Rate Interface (PRI) and Broadband-ISDN (B-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
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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'

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
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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

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.
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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

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.
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Topic : Frame Relay

Topic Objective:

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

 Learn about Frame Relay versus X.25

 Learn about. Virtual circuits

 Learn about Frame Relay origins

 Learn about Local Management Interface (LMI)

 Learn about Committed information rate (CIR)

 Learn about Frame Relay Market Reputation

Definition/Overview:

Frame Relay: Frame Relay consists of an efficient data transmission technique used to send

digital information. It is a message forwarding "relay race" like system in which data packets,

called frames, are passed from one or many start-points to one or many destinations via a

series of intermediate node points. Network providers commonly implement frame relay for

voice and data as an encapsulation technique, used between local area networks (LANs) over

a wide area network (WAN). Each end-user gets a private line (or leased line) to a frame-

relay node. The frame-relay network handles the transmission over a frequently-changing

path transparent to all end-users.

Key Points:

1. Frame Relay versus X.25

The design of X.25 aimed to provide error-free delivery over links with high error-rates.

Frame relay takes advantage of the new links with lower error-rates, enabling it to eliminate

many of the procedures used by X.25. The elimination of functions and fields, combined with

digital links, enables frame relay to operate at speeds 20 times greater than X.25.

X.25 specifies processing at layers 1, 2 and 3 of the OSI model, while frame relay operates at

layers 1 and 2 only.This means that frame relay has significantly less processing to do at each

node, which improves throughput by an order of magnitude. X.25 prepares and sends
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packets, while frame relay prepares and sends frames. X.25 packets contain several fields

used for error and flow control, none of which frame relay needs. The frames in frame relay

contain an expanded link layer address field that enables frame relay nodes to direct frames to

their destinations with minimal processing .X.25 has a fixed bandwidth available. It uses or

wastes portions of its bandwidth as the load dictates. Frame relay can dynamically allocate

bandwidth during call setup negotiation at both the physical and logical channel level.

2. Virtual circuits

As a WAN protocol, frame relay is most commonly implemented at Layer 2 (data link layer)

of the Open Systems Interconnection (OSI) seven layer model. Two types of circuits exist:

permanent virtual circuits (PVCs) which are used to form logical end-to-end links mapped

over a physical network, and switched virtual circuits (SVCs). The latter are analogous to the

circuit-switching concepts of the public switched telephone network (PSTN), the global

phone network. While SVCs exist and are part of the frame relay specification, they are

rarely implemented in practice.SVCs are often considered hard to configure and maintain and

are generally avoided without appropriate justification.

3. Frame Relay origins

Frame relay began as a stripped-down version of the X.25 protocol, releasing itself from the

error-correcting burden most commonly associated with X.25. When frame relay detects an

error, it simply drops the offending packet. Frame relay uses the concept of shared-access and

relies on a technique referred to as "best-effort", whereby error-correction practically does not

exist and practically no guarantee of reliable data delivery occurs. Frame relay provides an

industry-standard encapsulation utilizing the strengths of high-speed, packet-switched

technology able to service multiple virtual circuits and protocols between connected devices,

such as two routers. Sprint International (as of 2005 a part of Sprint Nextel) contracted with

StrataCom for the first implementations, and deployed StrataCom hardware in its public data

network to offer the first frame relay public service.

4. Local Management Interface (LMI)

Initial proposals for frame relay were presented to the Consultative Committee on

International Telephone and Telegraph (CCITT) in 1984. Lack of interoperability and

standardization, prevented any significant Frame Relay deployment until 1990 when Cisco,

Digital Equipment Corporation (DEC), Northern Telecom, and StrataComformed a

consortium to focus on its development. They produced a protocol that provided additional
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capabilities for complex inter-networking environments. These Frame Relay extensions are

referred to as the Local Management Interface (LMI).

Datalink connection identifiers (DLCIs) are numbers that refer to paths through the frame

relay network. They are only locally significant, which means that when device-A sends data

to device-B it will most-likely use a different DLCI than device-B would use to reply.

Multiple virtual circuits can be active on the same physical end-points (performed by using

subinterfaces).

The LMI global addressing extension gives Frame Relay data-link connection identifier

(DLCI) values global rather than local significance. DLCI values become DTE addresses that

are unique in the Frame Relay WAN. The global addressing extension adds functionality and

manageability to Frame Relay internetworks. Individual network interfaces and the end nodes

attached to them, for example, can be identified by using standard address-resolution and

discovery techniques. In addition, the entire Frame Relay network appears to be a typical

LAN to routers on its periphery.

LMI virtual circuit status messages provide communication and synchronization between

Frame Relay DTE and DCE devices. These messages are used to periodically report on the

status of PVCs, which prevents data from being sent into black holes (that is, over PVCs that

no longer exist).

5. Committed information rate (CIR)

Frame relay connections are often given a committed information rate (CIR) and an

allowance of burstablebandwidth known as the extended information rate (EIR). The provider

guarantees that the connection will always support the CIR rate, and sometimes the EIR rate

should there be adequate bandwidth. Frames that are sent in excess of the CIR are marked as

discard eligible(DE) which means they can be dropped should congestion occur within the

frame relay network. Frames sent in excess of the EIR are dropped immediately

6. Frame Relay Market Reputation

Frame relay aimed to make more efficient use of existing physical resources, which allow for

the underprovisioningof data services by telecommunications companies (telcos) to their

customers, as clients were unlikely to be utilizing a data service 100 percent of the time. In

more recent years, frame relay has acquired a bad reputation in some markets because of

excessive bandwidth overbooking by these telcos. Telcos often sell frame relay to businesses

looking for a cheaper alternative to dedicated lines; its use in different geographic areas

depended greatly on governmental and telecommunication companies' policies. Some of the
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early companies to make frame relay products included StrataCom (later acquired by Cisco

Systems) and Cascade Communications (later acquired by Ascend Communications and then

by Lucent Technologies).

In Section 4 of this course you will cover these topics:
Atm And B-Isdn

Switched Multimegabit Data Service

Dsl

Topic : Atm And B-Isdn

Topic Objective:

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

 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

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
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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. 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

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
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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.

2. 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

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 inEurope).

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 queueingdelays, 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
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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, France would have been able to

implement an ATM-based voice network with calls from one end of France to 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.

3. 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

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 2004POS

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
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many internet service providers. Since one DSL termination point can support multiple ISPs,

the economic feasibility of DSL is substantially improved.

4. 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 discardablefarther 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.

5. 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"),

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 : Switched Multimegabit Data Service

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)
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 Understand Access ClassesSMDS

 Understand CPE Configurations

Definition/Overview:

Switched MultimegabitData Service: Switched Multimegabit Data Service (SMDS) is a

telecommunications service that provides connectionless, high- performance, packet-

switched data transport. Being neither a protocol nor a technology, it supports standard

protocols and communications interfaces using current (and future) technology.

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

provided by the SMDScarrier. Carrier equipment generally consists of high-speed WAN

switches that must conform tocertainnetwork equipment specifications, such as those outlined

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

the interface between a local carriernetworkand 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.
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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). DQDBspecifies a network topology

composed of twounidirectionallogical buses that interconnect multiple systems. It is defined

in the IEEE 802.6DQDB standard.An access DQDBdescribes 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 SMDSPDN).SMDS

4. Access ClassesSMDS

Access classes enable SMDS networks to accommodate a broad range of

trafficrequirementsand 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 alloweddegreeof traffic burstiness. (Burstinessin this context is

the propensity of a network to experiencesuddenincreases in bandwidth demand.) SMDS

access classes sometimes are implemented using acredit-management scheme. In this case, a

credit-management algorithm creates and tracks a creditbalancefor each customer interface.

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

allocated periodically, up to an established maximum. Creditmanagementis 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

andonesubscriber-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.
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Topic : Dsl

Topic Objective:

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

 Learn about VDSL

 Learn about History of DSL

 Learn about Regular DSL

 Learn about DSL transceivers

 Learn about DSL Protocols and configurations

Definition/Overview:

DSL: DSL is a family of technologies that provides digital data transmission over the wires

of a local telephone network. DSL originally stood for digital subscriber loop, although in

recent years, the term digital subscriber line has been widely adopted as a more marketing-

friendly term for ADSL, which is the most popular version of consumer-ready DSL. DSL can

be used at the same time and on the same telephone line with regular telephone, as it uses

high frequency, while regular telephone uses low frequency.

Key Points:

1. VDSL

VDSL typically works by dividing the frequencies used in a single phone line into two

primary "bands". The ISP data is carried over the high-frequency band (25 kHz and above)

whereas the voice is carried over the lower-frequency band (4 kHz and below). The user

typically installs a DSL filter on each phone. This filters out the high frequencies from the

phone line, so that the phone only sends or receives the lower frequencies (the human voice).

The DSL modem and the normal telephone equipment can be used simultaneously on the line

without interference from each other.
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2. History of DSL

Digital subscriber line technology was originally implemented as part of the ISDN

specification, which is later reused as IDSL. Higher speed DSL connections like HDSL and

SDSL have been developed to extend the range of DS1 services on copper lines.

Technologies are available from RLH Industries, Inc. that allow users the ability to convert

copper serving ADSL, ISDN or HDSL-1, 2 or 4 into Fiber Optics. Consumer oriented ADSL

is designed to operate also on a BRI ISDN line, which itself is another (not IP) form of digital

signal transmission, as well as on an analog phone line. DSL, like many other forms of

communication, stems directly from Claude Shannon's seminal 1948 scientific paper: A

Mathematical Theory of Communication. Employees at Bellcore (now

TelcordiaTechnologies) developed ADSL in 1988 by placing wideband digital signals above

the existing baseband analog voice signal carried between telephone company central offices

and customers on conventional twisted pair cabling.

U.S. telephone companies promote DSL to compete with cable internet. DSL service was

first provided over a dedicated "dry loop", but when the FCC required the incumbent local

exchange carriers ILECs to lease their lines to competing providers such as Earthlink, shared-

line DSL became common. Also known as DSL over Unbundled Network Element, this

allows a single pair to carry data (via a digital subscriber line access multiplexer [DSLAM])

and analog voice (via a circuit switched telephone switch) at the same time. Inline low-pass

filter/splitters keep the high frequency DSL signals out of the user's telephones. Although

DSL avoids the voice frequency band, the nonlinear elements in the phone would otherwise

generate audible intermodulationproducts and impair the operation of the data modem. Older

ADSL standards can deliver 8 Mbit/s to the customer over about 2 km (1.25 miles) of

unshielded twisted-pair copper wire. The latest standard, ADSL2+, can deliver up to 24

Mbit/s, depending on the distance from the DSLAM. Distances greater than 2 km (1.25

miles) significantly reduce the bandwidth usable on the wires, thus reducing the data rate. By

using an ADSL loop extender, these distances can be increased substantially. In 2007, Dr.

John Papandriopoulos, a researcher at Melbourne School of Engineering, University of

Melbourne, patented algorithms that can potentially boost DSL line speeds to a maximum of

250 Mbit/s.
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3. Regular DSL

The local loop of the public switched telephone network (PSTN) was initially designed to

carry POTS voice communication and signaling, since the concept of data communications as

we know it today did not exist. For reasons of economy, the phone system nominally passes

audio between 300 and 3,400 Hz, which is regarded as the range required for human speech

to be clearly intelligible. This is known as voiceband or commercial bandwidth. At the local

telephone exchange (United Kingdom) or central office (United States) the speech is

generally digitized into a 64 kbit/s data stream in the form of an 8 bit signal using a sampling

rate of 8,000 Hz, therefore, according to the Nyquisttheorem, any signal above 4,000 Hz is

not passed by the phone network (and has to be blocked by a filter to prevent aliasing

effects). The laws of physics, specifically the Shannon limit, cap the speed of data

transmission. For a long time, it was believed that a conventional phone line couldn't be

pushed beyond low speed limits (typically under 9600 bit/s). In the 1950s, 4 MHz television

signals were often carried between studios on ordinary twisted pair telephone cable,

suggesting that the Shannon Limit would allow transmitting many megabits per second.

However, these cables had other impairments besides Gaussian noise, preventing such rates

from becoming practical in the field. In the 1980s techniques were developed for broadband

communications that allowed the limit to be greatly extended.

The local loop connecting the telephone exchange to most subscribers is capable of carrying

frequencies well beyond the 3.4 kHz upper limit of POTS. Depending on the length and

quality of the loop, the upper limit can be tens of megahertz. DSL takes advantage of this

unused bandwidth of the local loop by creating 4312.5 Hz wide channels starting between 10

and 100 kHz, depending on how the system is configured. Allocation of channels continues at

higher and higher frequencies (up to 1.1 MHz for ADSL) until new channels are deemed

unusable. Each channel is evaluated for usability in much the same way an analog modem

would on a POTS connection. More usable channels equates to more available bandwidth,

which is why distance and line quality are a factor (the higher frequencies used by DSL travel

only short distances). The pool of usable channels is then split into two different frequency

bands for upstream and downstream traffic, based on a preconfigured ratio. This segregation

reduces interference. Once the channel groups have been established, the individual channels

are bonded into a pair of virtual circuits, one in each direction.
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4. DSL transceivers

Like analog modems, DSL transceivers constantly monitor the quality of each channel and

will add or remove them from service depending on whether they are usable. One of

Lechleider's contributions to DSL was his insight that an asymmetric arrangement offered

more than double the bandwidth capacity of symmetric DSL. This allowed Internet Service

Providers to offer efficient service to consumers, who benefittedgreatly from the ability to

download large amounts of data but rarely needed to upload comparable amounts. ADSL

supports two modes of transport: fast channel and interleaved channel. Fast channel is

preferred for streaming multimedia, where an occasional dropped bit is acceptable, but lags

are less so. Interleaved channel works better for file transfers, where the delivered data must

be error free but latency incurred by the retransmission of erroredpackets is acceptable.

Because DSL operates at above the 3.4 kHz voice limit, it cannot be passed through a load

coil. Load coils are, in essence, filters that block out any non-voice frequency. They are

commonly set at regular intervals in lines placed only for POTS service. A DSL signal cannot

pass through a properly installed and working load coil, while voice service cannot be

maintained past a certain distance without such coils. Therefore, some areas that are within

range for DSL service are disqualified from eligibility because of load coil placement.

Because of this, phone companies are endeavoring to remove load coils on copper loops that

can operate without them, and conditioning lines to avoid them through the use of fiber to the

neighborhood or node FTTN.

5. DSL Protocols and configurations

Many DSL technologies implement an ATM layer over the low-level bitstream layer to

enable the adaptation of a number of different technologies over the same link. DSL

implementations may create bridged or routed networks. In a bridged configuration, the

group of subscriber computers effectively connect into a single subnet. The earliest

implementations used DHCP to provide network details such as the IP address to the

subscriber equipment, with authentication via MAC address or an assigned host name. Later

implementations often use PPP over Ethernet or ATM (PPPoEor PPPoA), while

authenticating with a userid and password and using PPP mechanisms to provide network

details.
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In Section 5 of this course you will cover these topics:
Cable Modem Technology And Catv

Sonet And Sdh

Topic : Cable Modem Technology And Catv

Topic Objective:

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

 Learn about Hardware and bit rates

 History of Cable Modems

 Cable modems and VoIP

 CMTS

 Cable modems in the OSI model or TCP/IP model

Definition/Overview:

CATV: Cable television is a system of providing television to consumers via radio frequency

signals transmitted to televisions through fixed optical fibers or coaxial cables as opposed to

the over-the-air method used in traditional television broadcasting (via radio waves) in which

a television antenna is required. FM radio programming, high-speed Internet, telephony, and

similar non-television services may also be provided. The abbreviation CATVwas often used

to mean "Cable TV". It originally stood for Community Antenna Television, from cable

television's origins in 1948: in areas where over-the-air reception was limited by mountainous

terrain, large "community antennas" were constructed, and cable was run from them to

individual homes.

Cable Modem: 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. In the USA alone there were 22.5 million cable
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modem users during the first quarter of 2005, up from 17.4 million in the first quarter of

2004.

Key Points:

1.Cable modems in the OSI model or TCP/IP model

In network topology, a cable modem is a network bridge that conforms to IEEE 802.1D for

Ethernet networking (with some modifications). The cable modem bridges Ethernet frames

between a customer LAN and the coax cable network.

With respect to the OSI model, a cable modem is a data link layer (or layer 2) forwarder.

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.

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
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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 ComController as 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 ethernet10BaseT and later also

Fastethernetand ATM interfaces. The ATM interface became the most popular as it

supported the 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
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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 MSOsinstead 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 LANcitysystem. 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

Europe. Nearly all current cable modem systems use a version of this standard with

the exception of Japan.
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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 VoIPservice

based on PacketCable. PacketCableallows 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 CMTSenables 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.

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 aheadend or

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

Topic : Sonet And Sdh

Topic Objective:

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

 Learn about key Differences between SONET and PDH

 Learn about the structure of SONET/SDH signals

 Learn about the Framing concept

 Learn about the SDH frame concept

 Learn about the Path virtual envelope concept

Definition/Overview:

SONET and SDH: Synchronous optical networking (SONET) and Synchronous Digital

Hierarchy(SDH), are two closely related multiplexing protocols for transferring multiple

digital bit streams using lasers or light-emitting diodes (LEDs) over the same optical fiber.

The method was developed to replace the Plesiochronous Digital Hierarchy (PDH) system for

transporting larger amounts of telephone calls and data traffic over the same fiber wire

without synchronization problems.
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Key Points:

1.Key Differences between SONET and PDH

Synchronous networking differs from PDH in that the exact rates that are used to transport

the data are tightly synchronized across the entire network, made possible by atomic clocks.

This synchronization system allows entire inter-country networks to operate synchronously,

greatly reducing the amount of buffering required between elements in the network.

Both SONET and SDH can be used to encapsulate earlier digital transmission standards, such

as the PDH standard, or used directly to support either Asynchronous Transfer Mode (ATM)

or so-called Packet over SONET/SDH (POS) networking. As such, it is inaccurate to think of

SDH or SONET as communications protocols in and of themselves, but rather as generic and

all-purpose transport containers for moving both voice and data. The basic format of an SDH

signal allows it to carry many different services in its Virtual Container (VC) because it is

bandwidth-flexible.

2. Structure of SONET/SDH signals

SONET and SDH often use different terms to describe identical features or functions,

sometimes leading to confusion that exaggerates their differences. With a few exceptions,

SDH can be thought of as a superset of SONET. The two main differences between the two:

 SONET can use either of two basic units for framing while SDH has one

 SDH has additional mapping options which are not available in SONET.

2.1 Protocol overview

The protocol is an extremely heavily multiplexed structure, with the header interleaved

between the data in a complex way. This is intended to permit the encapsulated data to

have its own frame rate and to be able to float around relative to the SDH/SONET frame

structure and rate. This interleaving permits a very low latency for the encapsulated data.

Data passing through equipment can be delayed by at most 32 microseconds, compared to

a frame rate of 125 microseconds; many competing protocols buffer the data for at least

one frame or packet before sending it on. Extra padding is allowed for the multiplexed

data to move within the overall framing due to it being on a different clock to the frame

rate, and the decision to allow this at most of the levels of the multiplexing structure

makes the protocol complex, but gives high all-round performance. SONET is the

standard defined by the ANSI T1 for synchronous operation used in North America
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2.2 The basic unit of transmission

The basic unit of framing in SDH is a STM-1 (Synchronous Transport Module level - 1),

which operates at 155.52 Mbit/s. SONET refers to this basic unit as an STS-3c

(Synchronous Transport Signal - 3, concatenated), but its high-level functionality, frame

size, and bit-rate are the same as STM-1.

SONET offers an additional basic unit of transmission, the STS-1 (Synchronous

Transport Signal - 1), operating at 51.84 Mbit/s - exactly one third of an STM-1/STS-3c.

Some manufacturers also support the SDH equivalent STM-0, but this is not part of the

standard.

3. Framing

In packet oriented data transmission such as Ethernet, a packet frame usually consists of a

header and a payload, with the header of the frame being transmitted first, followed by the

payload (and possibly a trailer, such as a CRC). In synchronous optical networking, this is

modified slightly. The header is termed the overhead and the payload still exists, but instead

of the overhead being transmitted before the payload, it is interleaved, with part of the

overhead being transmitted, then part of the payload, then the next part of the overhead, then

the next part of the payload, until the entire frame has been transmitted. In the case of an

STS-1, the frame is 810 octets in size while the STM-1/STS-3c frame is 2430 octets in size.

For STS-1, the frame is transmitted as 3 octets of overhead, followed by 87 octets of payload.

This is repeated nine times over until 810 octets have been transmitted, taking 125

microseconds. In the case of an STS-3c/STM-1 which operates three times faster than STS-1,

9 octets of overhead are transmitted, followed by 261 octets of payload. This is also repeated

nine times over until 2,430 octets have been transmitted, also taking 125 microseconds. For

both SONET and SDH, this is normally represented by the frame being displayed graphically

as a block: of 90 columns and 9 rows for STS-1; and 270 columns and 9 rows for

STM1/STS-3c. This representation aligns all the overhead columns, so the overhead appears

as a contiguous block, as does the payload.

The internal structure of the overhead and payload within the frame differs slightly between

SONET and SDH, and different terms are used in the standards to describe these structures.

However, the standards are extremely similar in implementation, such that it is easy to

interoperate between SDH and SONET at particular bandwidths. It is worth noting that the

choice of a 125 microsecond interval is not an arbitrary one. What it means is that the same

octet position in each frame comes past every 125 microseconds. If one octet is extracted
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from the bitstream every 125 microseconds, this gives a data rate of 8 bits per 125

microseconds - or 64kbit/s, the basic DS0 telecommunications rate. This relation allows an

extremely useful behaviour of synchronous optical networking, which is that low data rate

channels or streams of data can be extracted from high data rate streams by simply extracting

octets at regular time intervals - there is no need to understand or decode the entire frame.

This is not possible in PDH networking. Furthermore, it shows that a relatively simple device

is all that is needed to extract a datastream from an SDH framed connection and insert it into

a SONET framed connection and vice versa. In practice, the terms STS-1 and OC-1 are

sometimes used interchangeably, though the OC-N format refers to the signal in its optical

form. It is therefore incorrect to say that an OC-3 contains 3 OC-1s: an OC-3 can be said to

contain 3 STS-1s.

4. SDH frame

The STM-1 (Synchronous Transport Module level - 1) frame is the basic transmission format

for SDH or the fundamental frame or the first level of the synchronous digital hierarchy. The

STS-1 frame is transmitted in exactly 125 microseconds, therefore there are 8000 frames per

second on a fiber-optic circuit designated OC-1 (optical carrier one). The STM-1 frame

consists of overhead plus a virtual container capacity. The first 9 columns of each frame

make up the Section Overhead, and the last 261 columns make up the Virtual Container (VC)

capacity. The VC plus the pointers (H1, H2, H3 bytes) is called the AU (Administrative

Unit).

Carried within the VC capacity, which has its own frame structure of 9 rows and 261

columns, is the Path Overhead and the Container. The first column is for Path Overhead; its

followed by the payload container, which can itself carry other containers. Virtual Containers

can have any phase alignment within the Administrative Unit, and this alignment is indicated

by the Pointer in row four,

The Section overhead of an STM-1 signal (SOH) is divided into two parts: the Regenerator

Section Overhead (RSOH) and the Multiplex Section Overhead (MSOH). The overheads

contain information from the system itself, which is used for a wide range of management

functions, such as monitoring transmission quality, detecting failures, managing alarms, data

communication channels, service channels, etc.

5. Path virtual envelope

For STS-1, the payload is referred to as the synchronous payload envelope (SPE), which in

turn has 18 stuffing bytes, leading to the STS-1 payload capacity of 756 bytes.
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The STS-1 payload is designed to carry a full PDH DS3 frame. When the DS3 enters a

SONET network, path overhead is added, and that SONET network element (NE) is said to

be a path generator and terminator. The SONET NE is said to be line terminating if it

processes the line overhead. Note that wherever the line or path is terminated, the section is

terminated also. SONET Regenerators terminate the section but not the paths or line. An

STS-1 payload can also be subdivided into 7 VTGs, or Virtual Tributary Groups. Each VTG

can then be subdivided into 4 VT1.5 signals, each of which can carry a PDH DS1 signal. A

VTG may instead be subdivided into 3 VT2 signals, each of which can carry a PDH E1

signal. The SDH equivalent of a VTG is a TUG2; VT1.5 is equivalent to VC11, and VT2 is

equivalent to VC12.

Three STS-1 signals may be multiplexed by time-division multiplexing to form the next level

of the SONET hierarchy, the OC-3 (STS-3), running at 155.52 Mbit/s. The multiplexing is

performed by interleaving the bytes of the three STS-1 frames to form the STS-3 frame,

containing 2,430 bytes and transmitted in 125 microseconds. Higher speed circuits are

formed by successively aggregating multiples of slower circuits, their speed always being

immediately apparent from their designation. For example, four STS-3 or AU4 signals can be

aggregated to form a 622.08 Mbit/s signal designated as OC-12 or STM-4. The highest rate

that is commonly deployed is the OC-192 or STM-64 circuit, which operates at rate of just

under 10 Gbit/s. Speeds beyond 10 Gbit/s are technically viable and are under evaluation.

Few vendors are offering STM-256 rates now, with speeds of nearly 40Gbit/s]. Where fiber

exhaust is a concern, multiple SONET signals can be transported over multiple wavelengths

over a single fiber pair by means of Wavelength division multiplexing, including dense wave

division multiplexing (DWDM) and Coarse Wave Division Multiplexing (CWDM). DWDM

circuits are the basis for all modern transatlantic cable systems and other long-haul circuits.

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

56
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN

WWW.BSSVE.IN

WWW.BSSVE.IN


