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Introduction

Over the past several years, markets have opened up around the world that require a broader understand-
ing of service provider networks and telecommunications technologies. In that time, it has become diffi-
cult to find a single comprehensive reference guide for both North American and international technology.

This book is designed to serve as a reference guide for a broad range of technology that is found in mod-
ern telecommunications networks. The coverage in this book is not limited to the technologies in North
America, as it details many of the international communication methods as well. The intention is to be
informative of service provider technology regardless of your location.

There are many books on the market that cover specific aspects of telecommunication technologies.
Many of them are technology specific or cover only North American methods. This book was created to
act as a comprehensive reference guide for individuals whose knowledge must span both international
boundaries and various technologies. You will learn about telecommunication methodology as it is
deployed around the world, as well as how it operates.

Who Should Read This Book

This book is written for individuals who wish to learn about the technologies used throughout the world
for data and voice communication. It is written in such a way that someone with little background in
telecommunications can read and understand the material, but it is also technical enough for a field
engineer to use as a reference guide.

It is recommended that the reader have the following prerequisite knowledge:
*  Fundamental understanding of WAN communication
e CCNA or equivalent experience

Expert Whiteboards

Expert Whiteboards are sections that have been included in most chapters. The purpose of these sections
is to discuss an advanced topic of the technology or to detail a specific deployment solution. These sec-
tions are written by a variety of engineers to add real-world applications to technologies discussed in
each chapter.

Chapter Summaries and Review Questions

The “Summary” and “Review Questions” sections at the end of each chapter are designed to reinforce
some of the most important topics that are discussed in that chapter. Use them to assess your under-
standing of the chapter’s subject and then review as necessary. The review questions are in multiple
choice, lab-based, and fill in the blank format. The answer for each question is discussed in detail and
explained for complete understanding. You can find the answers to the review questions in Appendix A.



This chapter covers the following topics:

®  Analog introduction— An introduction to the technologies covered in this chapter.

® Analog signal basics— A discussion of the fundamentals of the analog signal
including amplitude, wavelength, and frequency.

® Bandwidth and signal distortion— An overview of bandwidth and distortion,
including signal attenuation, noise, and digital-to-analog converters.

® Analog service deployments— A discussion of basic deployments, including tip and
ring circuits, integrated digital loop carriers (IDLCs), and GR-303-CORE.



CHAPTER

An Overview of Analog
Communication

Analog Introduction

Figure 1-1

This chapter introduces terms and concepts commonly associated with analog
communication. Topics covered in this chapter include a brief analog signal overview, analog
signal composition, and different analog deployment methods. Although most of this book
focuses on the different aspects of digital communication methods, an understanding of
analog communication is essential to recognizing the fundamental differences between them
and to building a strong foundation of knowledge.

An analog signal is described as the creation of a signal that is analogous, or similar, to the
original signal stream. Several common household products use analog communication,
including televisions, radio, and telephone systems. When I speak to my colleague, Susan,
the sound waves travel through the air and into her ear. Her eardrum vibrates, creating the
sounds that she interprets as spoken words. The common analog telephone operates in much
the same way.

When you speak into the handset of a phone, the sound waves from your mouth vibrate a
diaphragm inside the receiver. This process causes a circuit to open and close within the
receiver, which creates a flow of electricity. This flow of electricity has a frequency about the
same as the original sound wave, and it is transmitted over the carrier network to the
destination. The remote subscriber’s phone reverses the process and they hear the original
spoken words, as shown in Figure 1-1.

Basic Analog Signal Transmission

Analogous Electrical Signal

Sound Waves Input Sound Waves Output

Diaphragm of Hand Diaphragm of Hand
Set Converts to Set Converts Back to
Electrical Signal Sound Waves
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Of course the telephone handset is not all that goes into a subscriber’s analog circuit. Many
different pieces of equipment, both subscriber and carrier, provide an acceptable quality of
service (QoS). Prior to the discussion of some of the standard telecommunication company
(telco) deployments, this chapter takes a closer look at the components of an analog signal.

Analog Signal Basics

Figure 1-2

Telecommunication, as it is currently deployed throughout the world, is based on the flow of
electricity from one location to another. Whether you are surfing the Internet or talking to
your friend on the phone, electricity is constantly flowing throughout the infrastructure. As
you might have guessed, there are different types of signals that can be transmitted. The two
main types that this book focuses on are analog and digital signals. One difference is that
some mediums, such as fiber optics, transmit light over the carrier network. The digital
principles are the same, but lasers and light emitting diodes (LEDs) facilitate the signal
transmission.

Analog and digital signals are inherently different from each other and can be thought of as
residing at opposite ends of the same spectrum. Because of their differences, you need to use
devices such as digital-to-analog converters (DACs) to bridge the gap between the signal

types. DACs are covered in the section “Digital-to-Analog Converters” later in this chapter.

The major difference between analog and digital signals is the signal stream itself. Analog
signals, also referred to as continuous signal streams, are a continual signal flow of
fluctuating frequencies and amplitudes. This means that an analog signal looks similar to a
sine wave (sinusoidal wave), as shown in Figure 1-2. You typically find sine wave illustrations
depicting the same frequency and amplitude relationship throughout, but a complex wave has
been used here to show that these relationships fluctuate depending on the frequency.

Analog Signal Stream

Time
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WRTIATATRIR

Voltage




Analog Signal Basics 4

Digital signals are represented as discrete electrical values that are transmitted individually
over the given medium. Rather than having an almost endless set of possible values (as is
found in analog signals), digital signal values commonly equal one of two to four different
values, both positive and negative. Digital signals are transmitted as 1s and Os, which is
commonly referred to as binary. For more information on digital signal flows, refer to

Chapter 3, “Analog-to-Digital Conversion.”
As with any technology, analog signals are not without their own basic concepts and
terminology. Analog signals are composed of three main components:

®  Amplitude

®  Wavelength

®  Frequency
Refer to Figure 1-3 for a graphic representation of all three components.

Figure 1-3  Amplitude, Wavelength, and Frequency of an Analog Signal Stream
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The amplitude of an electrical signal is the distance from the lowest vertical endpoint to the
highest vertical endpoint. It’s important to remember that with amplitude, the distance

above and below 0 is equidistant.
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Wavelength

The wavelength is the measurement from one signal wave to another. Whatever point is
chosen on the first signal wave must also be selected on the second wave to measure a
complete wavelength. A common representation of this is measuring from the crest of one
wave to the crest of the next wave. The wavelength is directly related to the frequency of
said signal stream. As the frequency of the signal wave increases, the wavelength decreases.
The decrease is caused by the increased iterations (frequency) of the signal wave during the
same period of time.

Wavelength is measured in segments called meters, and the meter values directly
correspond to an associated frequency. The relationship of wavelength to frequency is
realized through the following formula:

Wavelength = 300/Frequency

The meter measurement is most often used in radio communication as a band or frequency
range. For example, you divide 300 by 2498 kHz to get a value of 0.1200960. Multiply that
value by 1000 (to convert it into MHz), and the value equals roughly 120 meters.

Frequency

Frequency is the measurement of how many cycles per second the signal waveform goes

through. Typically measured in hertz (Hz) or kilohertz (kHz), this denotes how frequently
the signal repeats itself. The human voice normally operates between 50 Hz and 5000 Hz,
with the majority of the activity between 300 Hz and 3400 Hz (3.1 kHz). This means that
most voice conversations are between 300 cycles per second and 3400 cycles per second.
So, if you have ever heard someone talk about a 3.1 kHz call, they are referring to a specific
frequency range that is found in analog voice communication.

Bandwidth and Signal Distortion

The basic analog signal structure suffers from several limiting factors. First and foremost,
the analog signal is limited by the amount of bandwidth or number of bits that it can
transmit during a given period of time. Remember that bandwidth does not equal speed.
Electrons are transmitted through the infrastructure at a constant rate, regardless of the
medium. Even when fiber optics are in use, the optic medium does not physically transmit
light any faster. The key to bandwidth is how many bits you can transmit at a time. If you
can transmit 10 bits at a time rather than 5, you have higher bandwidth but the speed isn’t
any different.

Analog signals are also susceptible to both signal attenuation and line noise which are
associated with the copper facilities that they are transported over.

Analog signal streams are simple avenues of communication. Although they provide
adequate paths for speech transmission, they simply cannot provide much of the high-speed
service required by today’s data market.
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In the scope of modern technology, analog communication has a limited bandwidth. Even
at its highest bandwidth rates, it cannot compare to some of the lowest digital capacities. If
you take away bit robbing from digital communication (56 kbps per channel), the most

basic denomination is 64 kbps per channel. That still gives you more bandwidth than your

analog circuits can provide.

With all of that said, it is also important to point out that the major limiting factor when
dealing with analog bandwidth is the service provider. Analog circuits are deployed with
filters in place, called low and high pass filters. The purpose of these filters is to ensure that
transmission of the analog signal only uses a specific frequency range. The filters remove
anything below and above the 3.1 kHz range needed for the analog voice channel. This fact
severely limits analog circuits.

Attenuation, noise, and crosstalk are all problems that affect communication mediums.
Some mediums are more susceptible to these problems than others, but even so, great care
must be taken when planning and deploying your network infrastructure. All of these can
destroy the signal and degrade the QoS provided to the subscriber.

Signal Attenuation and Noise

The first problem that you face with electrical current flow is the ability to maintain the
signal strength. As a signal is transported down a facility, it gradually weakens with
distance, as shown in Figure 1-4. The vector in Figure 1-4 illustrates the area of the signal
that is attenuated as the signal travels away from the signal source.

Figure 1-4 A Vector of Attenuation on an Analog Signal Stream
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Attenuation affects both analog and digital signal streams. Because the signal degrades over
distance, there is a finite value to the distance that a signal can traverse without being
strengthened or regenerated. Attenuation increases with either higher frequency ranges or
cable length. The type of cable that you use also makes a difference. To put this in
perspective, a telco drop cable of 22 gauge has less attenuation than a drop cable of 26
gauge at the same cable length, provided that the signal frequency remains constant. The
lower number gauges are sturdier cables.

Attenuation is a loss measurement that is annotated in decibels (dBs). Though it is normally
denoted as —dB to identify how much loss has been experienced. Accordingly,—2 dB is a
stronger signal than —4 dB. Something else to remember about attenuation is that signal
voltage is cut in half with every 6 dB. In other words, a signal with —8 dB has half the line
voltage of a —2 dB signal. This is important to remember when comparing readings from
multiple drop cables.

If attenuation goes unchecked, the signal degrades to the point that the receiving end cannot
process any of the transmitted information. A signal stream with a higher frequency is
affected to a greater extent by attenuation. As the frequency increases, the signal rapidly
degrades en route to the destination. It is for this reason that the receivers of high-speed
equipment have a more difficult time in deciphering the intended signal. Another difference
between analog and digital is the way that attenuation can be corrected.

Digital signals are composed of discrete values and are therefore easy to detect and
regenerate. The use of a digital repeater allows you to extend the signal distance by
completely regenerating the signal. As the weakened signal comes into the repeater, it is
regenerated and appears to originate from that repeater rather than the original source.

Analog signals are not regenerated. Analog signal streams, because they are continuously
fluctuating, must be amplified. As the signal attenuates, the volume is turned up on the
transmission medium. There is a fundamental problem with this method of signal
strengthening.

When the signal is amplified, the amplification device turns up the volume on everything,
including any line noise associated with it. Think about sitting in your room listening to
your radio and the signal is filled with static. You can turn up the volume of the radio in an
attempt to hear the music more clearly, but that will also increase the volume of the static.
The more you amplify the signal, the louder the line noise becomes. After a while, it is
counterproductive to amplify the signal because the line noise makes up too much of the
received signal and anything transmitted is unintelligible. This brings up the next topic—
noise.

Noise is an additive that degrades signal quality and can make it difficult for equipment to
decipher between the actual signal and the noise itself. Noise, in this case, does not hold
any value for the signal stream. Noise can come from many sources, including radios,
ultraviolet light, and even heavy machinery located too close to the transmission path.
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Noise, also referred to as line noise, does not affect all carrier mediums the same way. For
example, the effects of noise are more pronounced on mediums such as twisted copper pair,
and less pronounced on fiber-optic mediums. If you’re in the local area network (LAN)
sector, you’re probably familiar with not running Ethernet cables too close to lighting
fixtures or electrical conduits. Doing so can allow a significant amount of noise into the

signal stream.

Because your analog circuit is most likely deployed on a twisted pair, normally 22 Ga to 24
Ga wire, noise is something that you are exposed to. Figure 1-5 shows an analog signal with
noise woven into it.

Figure 1-5  Analog Signal with Noise
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One of the most common forms of noise is crosstalk. An example of crosstalk is picking up
a phone and being able to hear someone else’s conversation that is being transmitted
through an adjacent pair. This can be caused by faulty equipment, connectors, or poor wire
shielding.

When electricity flows through a cable, an electromagnetic field is created. The
electromagnetic field can cause interference with adjacent wiring, also known as
electromagnetic interference (EMI). EMI gains strength as the frequency of the signal
increases. Technologies with higher frequencies undoubtedly encounter more problems
with crosstalk. Two main types of crosstalk that service providers encounter on a daily
basis are

® Near-end crosstalk (NEXT)
® Far-end crosstalk (FEXT)
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Figure 1-6

From the service provider’s point of view, NEXT occurs at the subscriber end of the circuit
and FEXT occurs at the line termination of the central office (CO), as seen in Figure 1-6.

Identification of NEXT and FEXT on a Local Loop

Central Office

Copper Pair Wiring

To counter the effects of EMI, the pairs of copper wiring are twisted. The twists not only
help disperse EMI but also allow the cable to counter the effects of attenuation. More twists
per foot cancel EMI more effectively. For example, CAT3 cable is twisted approximately
three times per foot, and CATS cable is twisted approximately five times per foot. Hence,
CATS cable can support higher bandwidth at the same cable length. The twisting of the
cable pairs only works for a certain distance, after that point you have to amplify or
regenerate the signal.

NEXT can be caused by poorly twisted cables, loose connectors, or bad connectors or
wires. If there are nicks in adjacent wires’ cladding, exposed copper between wires can also
cause crosstalk. Pay attention to how the cable is made, especially if you are making the
connectors yourself. If the twists in the cables end too far from the connector, you can
experience crosstalk at higher frequencies.

FEXT measurements tend to be less than that of NEXT because of the attenuation of the
signal. By the time the signal reaches the destination, it is inherently weaker than when it
started. For this reason, FEXT is more common on shorter cables.

Digital-to-Analog Converters

DACSs convert between digital and analog signals. Two common implementations of this
type of equipment are modulator-demodulators (modems) and the conversion that is
applied at the CO for each analog circuit.
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A modem converts the unipolar digital signals that are transmitted by your computer into
an analog signal stream. A unipolar signal is a signal that has only a single voltage polarity.
So, instead of having both positive and negative sides to a signal stream, only a positive or
negative side is present. Different forms of compression have been developed to allow for
transfer rates as high as 53 kbps over an analog circuit. The bandwidth in these 56 kbps
technologies is constrained because of crosstalk concerns at the CO. True 56 kbps causes
problems with standard voice transmission channels, so limiting them allows for peaceful
coexistence between voice and modem.

These digital-to-analog (D/A) and analog-to-digital (A/D) conversions are necessary
because the signal coming from your computer is digital, but the communication path is
analog. In the event that the circuit is digital in nature, such as an Integrated Services Digital
Network (ISDN) circuit, the A/D and D/A conversions are not necessary. The only thing
that the equipment might require is the formatting of the digital signal into an ISDN-
compliant stream.

Analog circuits also require an A/D conversion, but at the CO. This conversion is necessary
because the service provider infrastructure is composed of many different types of digital
mediums. The only portions of the service provider network that are typically analog are
the analog service lines and their associated facilities.

From a basic standpoint, the analog signal is converted into a digital signal, multiplexed
into a high-bandwidth circuit for transmission through the service provider network, and
converted back into an analog signal at the remote CO, as shown in Figure 1-7, for the
terminating subscriber connection.

Figure 1-7  A/D Conversion Example
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The line termination for each analog circuit at CO must also do a conversion (unless
deployed through a Subscriber Line Carrier [SLC], in which case it is done prior to the CO).
The primary focus of this book is on digital communication mediums. For an overview of
the pulse code modulation process (PCM), refer to Chapter 3.
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Analog Service Deployments

Typically when you think about analog service, you imagine huge telecommunication
corporations with hundreds of switches and millions of customers. This concept contains
several general ideas about what the service provider or the public switched telephone
network (PSTN) really is. Even if you are new to the industry, chances are you have been
exposed to the infamous cloud. The cloud that encompasses anything and everything
related to the service provider.

These companies provide services to just about every home and business in the world. The
services that are provided to you are done so on what is called the local loop. The local loop
is the length of the cable between your residence or business and the CO. The most common
service that comes to mind is probably analog phone service. The phone cable doesn’t just
go into the wall and disappear into the service provider’s cloud. There are several pieces of
equipment that your analog circuit interfaces with to provide you with your service.

First and foremost, your telephone is part of a circuit between your residence/office and the
service provider’s CO. There are two logical sections of this circuit: the subscriber’s portion
and the service provider’s portion. The service provider owns all the equipment leading up
to the subscriber’s premise. The subscriber’s portion and the service provider’s portion both
terminate at a device called the network interface device (NID). The NID is a defined
interface in the United States that separates the telco’s equipment from the customer’s
equipment. This box is used because the United States federal government limited what
services and equipment the telephone company can provide in the Divestiture Hearings of
1984. Although you might not recognize the term NID in an international environment,
chances are that you use something similar to it.

The local service provider provides a circuit to either a business or a residence. In doing so,
the wiring from the CO to your location is the responsibility of the phone company, and the
wiring on your side of the NID throughout your premise is your responsibility.

Tip and Ring Circuits
The analog connection that is provided to you is referred to as a tip and ring circuit. The
name comes from the tip and ring portions of the old connectors in manual switchboards.
Today, the tip and ring are the two wires that compose the analog connection. Typically
deployed over a two-wire circuit, the center two pins are the most commonly used in RJ-11
modular plugs.

Basically, the way the phone circuit functions is that while your phone is on hook, or hung
up, the physical circuit between your phone and the CO is open. After the phone goes off
hook, or is picked up to dial, the circuit is closed and —48 VDC of power is supplied to your
line from batteries at the CO. This point can be confusing because the circuit is not
completed, and yet you can receive a ringing tone from the CO. That ring tone is
accomplished with AC voltage. There is a bridge in the phone that blocks the DC voltage
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from passing unless the phone is off hook. When the phone goes off hook, the switch flags
the circuit as busy, and it doesn’t pass any further ring tones to your receiver.

NOTE This basic service description does not take into account the advanced network services
such as call waiting.

The tone that you are accustomed to hearing in your ear (your dial tone) is actually a tone
generated from the switch to let you know that your circuit is ready to place a call. After
you hear that tone, you begin dialing the proper digits to reach your desired party, as shown
in Figure 1-8. If you are using a tone dial phone (non-rotary), you hear specific tones as you
press the individual numbers. These are called dual tone multifrequency (DTMF) tones.
Each character on the phone handset has its own pitch, which the switch interprets as a
dialed digit. Not all technologies supply a tone for you prior to placing a call. This is
covered in later chapters in this book.

Figure 1-8  Analog Telephone Circuit States
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Expert White Board: Analog Signaling Methods

Several different types of basic analog signaling provide an analog circuit with basic
on-hook and off-hook functionality:

® Loop start signaling

® Reverse battery signaling
® Ground start signaling

® E&M signaling

The first type of analog signaling is loop start signaling. Loop start was actually just
discussed when describing a tip and ring circuit. Loop start signaling is common in analog
installations. It functions by closing a two-wire loop (circuit) to seize a circuit. When the
phone is on hook the loop is open, or not completed. When the receiver is picked up, the
loop is closed, seizing the circuit to the CO. The CO listens for the seizure by placing
battery on the ring wire and ground on the tip wire.

Reverse battery signaling for analog lines is simple when compared to the loop start
signaling method. Loop start applies battery to the ring lead and ground to the tip lead.
Reverse battery signaling reverses this approach by providing battery on the tip lead and
ground on the ring lead for circuit seizure.

Ground start signaling is another type of analog signaling. Ground start signaling is most
commonly found in switch to switch or private branch exchange (PBX) to switch
applications. This form of signaling is accomplished by applying ground to the tip wire at
the local switch in the connection. Because the remote switch is monitoring the tip wire for
ground, after it is detected, it closes the circuit loop to provide for an active call.

E&M signaling goes by several definitions. You might hear it called Ear and Mouth, Earth
and Magnet, or Receive and Transmit. Regardless of how it is defined, they all function in
the same way. E&M signaling is typically only found on connections between switches,
between PBXs, or between a combination of a switch and PBX. Most people use the Ear
and Mouth terminology because it is easier to remember the function of each wire. At either
side of the E&M connection, the switch or PBX listens for ground on the E wire and
transmit ground locally on the M wire.

E&M signaling can operate in two different ways, standard mode and wink mode. In
standard mode, the originating switch goes off hook and waits 210 milliseconds (ms) before
sending digits. The originating switch waits between 140 ms and 200 ms because the
terminating switch briefly goes off hook (between 140 ms and 200 ms) for a period of time
that is called the wink.

In wink mode, the originating switch sends digits after waiting only 150 ms. The decreased
wait period allows for a faster call setup process.
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Figure 1-9

IDLC

COs, also known as end offices (EOs), are centralized locations that include device
switches, multiplexers (MUXs) and demultiplexers (DEMUXs), Digital Access and
Crossconnect Systems (DACSs), and a wide variety of other equipment that is discussed in
detail later in the book.

On a basic scale, look at an image of your analog phone service to your home. In Figure 1-9,
the solid line represents the house connected to the CO through a pair of copper wiring. Life
would be simple if this was all that was required to provide you with analog service.

Basic Representation of Analog Phone Service

Central Office

L)

Analog Phone Service

Copper Pair Wiring

In fact, many things have been added to improve your service, as well as save the telco
money. In days of old, if the phone company wanted to provide service to 24 houses in a
neighborhood, they had to run 24 pairs of copper wiring. This quickly became a great
expense for the provider. Figure 1-10 shows the use of an individual line to each house.
IDLCs, also known as SLCs, and time-division multiplexing (TDM) circuits were created
to help alleviate this issue.

IDLCs deploy service to densely populated residential or business areas as well as saving
on the amount of copper wiring. The process of saving or gaining the copper wiring back
is known as pair gain. Figure 1-11 shows the deployment of an IDLC in a neighborhood.
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Figure 1-10 Deployment of Multiple Analog Circuits Without the Use of IDLCs
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SLCs include various port densities, including SLC-48, SLC-96, SLC-500, and SLC-2000.
You can find the larger SLCs in medium to large business areas because they allow for the
deployment of a host of analog and digital services. The SLC naming conventions are
Lucent coined names for the IDLC product line. Referring to the section on attenuation
earlier in this chapter, IDLCs can help to alleviate the amplification issues that are
associated with analog circuits. By placing the analog loop closer to the subscriber, multiple
amplifications are not necessary in most cases.
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Figure 1-11 Deployment of an IDLC in a Neighborhood
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IDLCs use a high-bandwidth digital trunk or set of trunks to communicate back to the CO
to provide service from the PSTN to the deployed area. When the loop carriers were first
deployed, they typically used a T1 or E1 trunk back to the provider’s CO. However, the
recent developments in the area of digital technology, most notably synchronous optical
network (SONET) and synchronous digital hierarchy (SDH), have enabled service
providers to deploy fiber-optic trunks directly to IDLCs from the CO. These fiber links
allow the service providers to deploy larger numbers of trunks, and provide more
bandwidth-intensive services to their customer base. For more information on these
technologies, refer to the following chapters:

® Chapter 5, “T1 Technology”
® Chapter 6, “E1, R2, and Japanese Carrier Technology”
® Chapter 14, “SONET and SDH”
IDLCs are deployed by using a set of standards from Bellcore that is called GR-303-CORE.
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GR-303-CORE

The set of standards in GR-303-CORE was developed to specify an outline for future
infrastructure deployments in reference to the use of IDLCs. The basis for these standards
was to improve upon the limitations of standard IDLC deployments and to facilitate the
integration of many digital mediums at the same time. GR-303-CORE is intended for use
with digital mediums, but it does provide for the integration of both analog and digital
mediums. GR-303-CORE provides for a way to bridge or translate analog circuits into
digital trunks for transmission back to the CO.

Some of the new services designed into the framework are Hybrid Fiber Coax (HFC),
xDSL, Fiber to the Curb, and the integration of ISDN equipment directly into the SLC. This
design set the pace for what is now called Next Generation-IDLC (NG-IDLC). GR-303-
CORE also specifies a set of standard deployment methodologies for bridging the gap
among vendors and technologies.

Within the GR-303-CORE standard, there is a specification of a Timeslot Management
Channel (TMC), which is for the transmission of call messaging for multiple TDM circuits.
This signaling channel specifies on-hook and off-hook states with robbed-bit signaling
(RBS). Although this streamlines the call setup process, it limits the channels to 56 kbps
each. This loss of 8 kbps is because of the RBS stealing the least significant bit for said call
states.

The new standard allows for a full digital signal Level 3 (DS-3) worth of T1 traffic (28 T1s),
and the ability to provide redundancy on links that carry data traffic. In all, GR-303-CORE
adds to the current deployment of the IDLC infrastructure by providing an open framework
for technology integration, seamless call management over multiple TDM circuits, and the
capacity for many more circuits than its predecessors did.

Internationally, the European Telecommunications Standards Institute (ETSI) has created a
set of standards that provides for many of the same features by using slightly different
terminology. The ETSI V5 standard set has several specifications, including V5.1 and V5.2.
The V5.2 specification describes the communication between the access node (AN) and the
local exchange (LE). V5.2 links can use either a single E1 trunk for communication or up
to 16 E1 trunks in what is called a V5.2 bundle. One of the main differences between V5.1
and V5.2 is that V5.2 adds the capability to use primary rate access (PRA) circuits. In the
case of the V5 standards, the AN is equivalent to the IDLC that GR-303-CORE uses, and
the LE is the service provider’s switch interface.

Each E1 carrier circuit within the V5.2 bundle is identified by using a link ID during normal
operation. A provision is also made for the blocking of a specific link ID, when the AN
identifies a need for disallowing traffic to a specific link. Two types of blocking are typically
associated with the V5 standards, deferred and non-deferred. In the case of deferred
blocking, the AN requests that a specific link ID be blocked from traffic. The LE flags all
unassigned DSOs in the link as blocked, and blocks individually assigned DSOs as they
become unassigned (because of call disconnect).
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Non-deferred blocking operates in a slightly different way. The AN requests that a specific
link be blocked to the LE. The LE switches the assigned digital service 0 (DSOs) (active
calls) to a standby set of DSOs, and flags the requested link as blocked. The LE might reject
the request by sending an unblock message in response to the request from the AN.

The link ID is assigned at both ends of the connection. The link ID identifies the individual
links in a bundle so that both ends can agree on the location of calls between them.

The V5 standards support a host of different services between the AN and LE, which
include the following

® Analog service support
® ISDN basic access (BA) and PRA Service (V5.2)
®  Permanent leased line

® As with GR-303-CORE, the V5 specifications are designed to provide explicit
communication instructions for analog communication through an AN, digital ISDN
communication, permanent leased line (E1 facility), and the conversion between
analog and digital services.

Summary

The telecommunication infrastructure uses two main types of signals: analog and digital.
Analog signals are found in products that you use on a daily basis, ranging from TVs and
radios to telephones. The fundamental difference between analog and digital signals is that
analog signals are continuous waveforms that constantly vary in amplitude and frequency,
and digital signals are represented by discrete values that are commonly denoted by 1s and
0s.

Amplitude, wavelength, and frequency are the three major components of a standard
sinusoidal waveform. The amplitude measures the total height of the waveform. The
wavelength is the distance between the same points on two adjacent waveforms. Frequency
is the value that represents the number of cycles that a signal repeats in a second.

Common problems exist for both analog and digital signals. Attenuation is the loss of signal
strength on a given medium over distance. This loss causes the signal to weaken as it travels
from the source. If the signal is too weak, it is unintelligible to the receiving equipment.
Noise is a byproduct that affects the signal. It can significantly degrade the QoS. Bad
connectors, poor cable quality, environmental events, and co-located machinery can
contribute to noise on a circuit. Crosstalk is a form of noise commonly found in voice and
data circuits. In voice circuits, it can cause a subscriber to hear the conversation of an
adjacent pair.
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Analog circuits are deployed to subscribers by a copper pair of wire from the CO (less

common) or by a copper pair from an SLC. The SLC allows the telco to regain copper pairs
by placing local loops closer to the subscriber’s premise. The SLC, in turn, communicates
with the CO through a high-bandwidth trunk that uses a protocol such as GR-303-CORE.

Review Questions

Give or select the best answer or answers to the following questions. The answers to these
questions are in Appendix A, “Answers to Review Questions.”

1 What is the main difference between analog and digital signal streams?

a Digital signal streams are immune to line problems such as crosstalk and attenua-
tion.

b Digital communication is a continuous signal stream that contains a varying
range of frequencies and amplitudes.

¢ Analog signal streams are composed of discrete values that can be transmitted as
Is or Os.

d Analog signals are considered continuous signal streams and digital signals are
discrete signals, which are commonly transmitted as 1s or Os.

2 Define the term frequency as it relates to an analog signal.

3 Given Figure 1-12, what equipment (denoted by X) would you use to alleviate the
attenuated analog signal?

Figure 1-12 Analog Signal Regeneration

Attenuated Signal

Central Office

Analog Service Deployment
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Subscriber Line Carrier
Network Interface Device
Amplifier
Modulator-demodulator

Digital repeater

Which of the following items causes crosstalk on a circuit?

a

b

c

d

Wires in a pair of wires that are untwisted too far from the connector head
Nicks in wire cladding of adjacent wires
Loose connections on either end of a suspected cable

All of the above

At which location within the local loop can you find a device that is GR-303-CORE

compliant?
a NID

b IDLC
¢ CO

ISDN



This chapter covers the following topics:

® Signaling introduction— An introduction to signaling.

® Signaling System 7 (SS7) node types— Covers network nodes, also referred to as
signaling points, which are physical entities on the SS7 network. The links are the
signaling communication paths between them.

® Signaling types—Discusses channel associated signaling (CAS), as found in
traditional time-division multiplexing (TDM)-based circuits, and common channel
signaling (CCS).

® Why SS7 was developed — Covers the histroy of and reasons for developing SS7.

® Signaling links and link sets— Discusses signaling links, which are physical
connections between SS7 nodes and are responsible for the reliable transmission of
SS7 signaling messages between those nodes.

® Point codes—Covers how messages are routed within the SS7 network.

® Message transfer part—Covers Message Transfer Part Layer 1, Message Transfer
Part Layer 2, and Message Transfer Part Layer 3.

® SS7 upper-layer protocols— Within the upper layer of the SS7 stack (Layer 4), there
are several protocols that you can use for call messaging functions.

® Intelligent Network — The Intelligent Network (IN) infrastructure provides a suite of
services that are inherently not provided by the SS7 network. This list also includes
services that are provided to the network operator.

® Expert Whiteboard: Local Number Portability (LNP) Operation in
North America— A whiteboard by Travis Powell about LNP operation in
North America.

® (Capability Set 3 (CS-3)—CS-3 is the next generation of IN functionality that builds
upon what is already in place from CS-1 and CS-2 in the service provider network.



CHAPTER

The Signaling System 7 Network

Signaling Introduction

Chapter 1, “An Overview of Analog Communication,” covers some of the more common
aspects of hardware associated with service providers. Chapter 1 looks at what makes up
analog service, including hardware from both sides of the network interface device (NID).
This chapter builds on what you have learned about the service provider network by
discussing the complementing functions of call control and signaling.

Although this chapter focuses on Signaling System 7 (SS7), it is not intended to be an all-
inclusive tutorial because there are entire books on this subject. This chapter is designed to
give you a good overview of signaling and SS7 operation so that you have a good
foundation for some of the technology discussed later in this book.

SS7, also referred to as Common Channel Signaling System 7 (CCS7) or C7
internationally, is the current signaling infrastructure throughout most of the world that
allows you to place calls from your work, home, or any other telephone equipped location.
SS7 was created to provide a more efficient way of transferring call signaling between
network nodes to allow timely delivery of those messages. SS7 also enables call control and
network resiliency without impacting the bearer traffic of the call itself. Bearer traffic is the
actual call that the signaling is to control, whether it is voice, video, or data.

What Is Signaling?

Signaling can be defined as a series of messages transmitted from one network node to
another to allow for all aspects of call control. On a basic level, the signaling is what
provides services to the customer, connects calls end to end, disconnects calls, and bills
each call to the proper parties. This is not to say that all connections require signaling, as
there are permanent connections within the service provider network that do not require
signaling. However, most modern telecommunication networks have signaling in one form
or another. Whether the signaling is CAS, as found in traditional TDM-based circuits; CCS,
as found in Integrated Services Digital Network (ISDN); or SS7, signaling controls and
manages circuit functions.
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SS7 Node Types

Figure 2-1

SSP

SSP

Several devices in this chapter pertain to the SS7 network infrastructure. As a whole, the
SS7 network has been built by using links and nodes. The network nodes, also referred to
as signaling points, are physical entities on the SS7 network, and the links are the signaling
communication paths between them. The three devices you see the most are the Service
Switching Point (SSP), Signal Transfer Point (STP), and the Service Control Point (SCP).
It is important to note that in most international implementations, the SSP and the STP can
be integrated in the same node. Figure 2-1 shows the basic SS7 device icons that appear in
the figures throughout this chapter.

Basic SS7 Device Icons

STP SCP

~_
SSP with
Integrated
STP

SSPs are switches that reside at service provider end offices (EOs) or central offices (COs).
The SSPs are responsible for call management, call processing, and routing calls through
the network to the proper destination.

SSPs are classified as two distinctly different types of switches, national or international, as
shown in Figure 2-2. Although two types of SSPs are identified, a third can be argued to
exist when both national and international functions are served within the same SSP. The
third switch type is known as a hybrid SSP. This allows for the numbering plans of both the
national and international switches to be independent of each other. A numbering plan is a
table that performs digit analysis and aids in the routing of calls to the proper party.
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Figure 2-2  National and International SSPs
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A national SSP is a SSP that is located within a country which only communicates with
other switches within that country. An international SSP is a SSP that is responsible for the
routing of calls between different countries. There is also a hybrid SSP that functions at
both national and international levels. This SSP can be considered an international gateway
and has point codes associated with both networks.

Each country should have at least one international gateway SSP to enable the smooth
transition between national and international networks and between national and other
national networks.

Because the SSP has point codes associated with different types of networks, you might
need to differentiate between the national and international point codes. This is resolved
with the use of a network indicator. The network indicator identifies what type of switch the
point code belongs to. The following values are used for network indicators:

® 0 = International

® | =Reserved

® 2 =National

® 3 = National spare (only in countries where carriers can share point codes)

The most important thing to remember is that the network indicator must match on both
sides of the link, regardless of what network indicator you use.

In the international signaling network, it is not recommended that there be any more than
two STPs between the origination and the destination of the call. During times of failure
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this can extend to three or four, but it is not intended to remain at that number for long. This
limit on STPs is set in place to cut down on the complexity of the international signaling
network and the amount of time that is taken for signaling delivery. This is not to say that
there aren’t cases in which there are more than two STPs between origination and
destination. In actuality, it is common in North America but not necessarily recommended.

In North America, there are references to different classes of SSPs, which are not typically
used internationally:

® (lass 1 = Regional toll office

® (lass 2 = Sectional toll office

® (lass 3 = Primary toll office

® (lass 4 = Tandem switch

® (Class 5 = Subscriber (EO) switch

The hierarchy is in reverse order. In other words, the Class 5 switch is at the bottom of the
hierarchy. The two switch types that this chapter focuses on are Class 4 and Class 5. Figure
2-3 shows the pyramid scheme for the North American class of switches.

A Class 5 SSP is a switch that has subscribers. The Class 5 SSP provides services to
customers such as emergency services, caller ID, three-way calling, call forwarding, voice
mail, and connection to long distance and international trunks. When you pick up the phone
in your home, you are ultimately connecting to a Class 5 SSP.

A Class 4 SSP is also known as an access tandem (AT) or tandem switch. These switches
do not directly connect to subscribers but are in place to help route calls through the service
provider network. Without ATs in place, your switch has to connect directly to any other
switch to place a call. Refer to Figure 2-4 for a diagram of a Class 4 and Class 5 SSP
interconnect.
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Figure 2-3  North American Switch (SSP) Hierarchy
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Figure 2-4  Class 4 and Class 5 SSP Interconnect
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STP

NOTE

SCP

When SSPs do connect to each other, they connect through high-bandwidth links, also
known as Inter-Machine Trunks (IMTs). The IMTs manage the transmission of the bearer
traffic, and depending on what type of signaling is used, IMTs also manage the signaling
traffic.

STPs are devices that route call signaling messages through the SS7 network, which aids
the SSPs in getting the messages delivered to the proper network nodes. STPs act as a
packet switch, switching calls through the network based on the routing decisions that the
SSPs make along the call-signaling path. They are deployed in pairs, known as mated pairs,
and they are capable of making intelligent decisions to reroute call signaling in the event of
a network failure, therefore adding resiliency to the switching infrastructure.

It is important to know that the STPs can reroute the call signaling if needed but not the
bearer portion of the call. The bearer traffic takes a different path when external STPs are
used.

Until recently, STPs were used almost exclusively in North America. Because most
international switches had this feature integrated, they did not require the use of STPs. The
past few years have seen an increasing deployment of STPs in Europe and Australia and
throughout the international community.

SCPs provide specific services to the end customers. SCPs are typically deployed off mated
pairs of STPs in North America and off SSPs with the integrated STP functionality
internationally. Figure 2-5 displays the placement of the SCP.

Some of the services provided by SCPs are toll free number translation and LNP. SCPs are
usually software databases that are accessed with upper-layer protocols such as Transaction
Capabilities Applications Part (TCAP). SCPs are directly associated with IN and Advanced
Intelligent Network (AIN) features, more about IN and AIN is in this chapter in the section
titled, “Intelligent Network (IN)”.

The next few sections discuss the different types of signaling methods that you will see
throughout this book.
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Figure 2-5  Placement of the SCP
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Signaling Types
This chapter covers two main types of signaling: CAS and CCS.

CAS is acommon type of signaling in TDM-based technologies such as T1,E1,orJ1. CAS
is a way of providing signaling in-band or on the same path as the data.

The in-band features are functions such as dual tone multifrequency (DTMF) transmission.
These features are interwoven into the data fabric and cannot be separated. Also signaling
that accompanies each call for call state control exists and is transported using the least
significant bit in the 6th, 12th (Superframe [SF]) and also the 18th and 24th frame if using
Extended Superframe (ESF). Because they are taken from the data bits used for the bearer
traffic on the circuit, these bits are referred to as robbed-bit signaling (RBS). Therefore,
circuits using RBS are limited to 56 kbps per DS0. CAS signaling adds overhead to the total
bandwidth of the circuit.
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CAS is not the most efficient way of signaling in a network for several reasons. If you think
about it, your bearer traffic and signaling take the same path. With that in mind, if you lose
your signaling path, your bearer traffic is also lost. CAS does not allow for network
resiliency, which means that it cannot reroute signaling traffic through the network in the
case of a failure.

Although CAS is an older technologys, it is still widely deployed throughout the world.
Acknowledging the short-comings of CAS signaling, such as the inability to reroute
signaling or provide services, a need was seen to develop a better way of ensuring that
signaling gets through the network regardless of failure. The development of
communication methods that employed CCS filled that need.

CCS signaling adds several things that CAS signaling does not provide. First, CCS
signaling is out-of-band, or unobtrusive to the bearer traffic. This means that the signaling
can take a separate physical path than the bearer traffic. It is also possible for CCS to be
physically in-band, but logically out-of-band as with ISDN Primary Rate Interface (PRI).
CCS signaling also has the capability to provide services to the subscriber base. Billable
services such as toll free numbers, LNP, and pre- or post-paid calling card applications
contribute to the overall quality of service (QoS) for the subscriber base as well as the
revenue of the service providers.

CCS also allows for a more robust management network than commonly associated with
CAS. For instance, the facility data link (FDL) that is associated with ESF only provides
12 bits for network management. The FDL is physically in-band, and typically lost if the
ESF-based T1 circuit passes through a Digital Access and Crossconnect System (DACS).
SS7 provides the ability to manage the network infrastructure out-of-band, therefore
putting the management on a different network path.

CCS was developed to allow for inherent service provider network resiliency, services, and
network management. Depending on which type of CCS you use, you can provide different
levels of redundancy within your network infrastructure. There are three main types of CCS
that will be discussed in the next few sections.

Associated Signaling

Associated signaling occurs when your call and signaling take the same path, but the
signaling is not obtrusive to the actual bearer traffic. Figure 2-6 shows an associated
signaling link between two SS7 SSPs.
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Figure 2-6  Associated Signaling

SSP SSP

Signaling

Bearer — — — — — — — — -

Several technologies use this methodology. The TDM-based E1 can use timeslot 16 (TS16)
as its signaling channel for CCS signaling, such as ISDN PRI or SS7, and although the
signaling is physically in-band, it’s logically out-of-band because it does not directly
interfere with the data being passed on the line. Thus, it is still referred to as a CCS circuit.
The signaling channel is a major distinguishing factor between T1 and E1 circuits. When
you use the signaling channel in a CCS application, both circuits reserve a timeslot for
signaling traffic.

Another technology that uses CCS is ISDN, which uses a Data channel (D channel) to
transmit and receive signaling. Again, this technology is physically in-band, but logically
out-of-band. The D channel is separated from the Bearer channels (B channels), which are
used for the actual bearer traffic on the circuit.

Quasi-Associated Signaling

Quasi-associated signaling uses a different path than that of the bearer traffic, but the
signaling is never more than one hop away from the bearer traffic, as shown in Figure 2-7.
Although this functionality is normally handled by communication between STPs and
SSPs, quasi-associated signaling can also take place between SSPs if one of the SSPs is
designated to have integrated STP functionality.

Because the signaling in a quasi-associated configuration is truly out-of-band, it is more
flexible to provide common services to the end user and use the benefits of CCS because it
provides access to external devices such as SCPs. Quasi-associated signaling is the
preferred method of SS7 communication.
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Figure 2-7  Quasi-Associated Signaling
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Non-Associated Signaling

Non-associated signaling is similar to quasi-associated signaling but with one major
difference. With non-associated signaling, signaling takes place between STPs, as shown
in Figure 2-8. In this case, signaling is not necessarily within one hop of the actual call.
Every time you add another hop between STPs, you add more and more delay in the
signaling network. Significant enough delay can cause problems, including calls being
dropped by SSPs and link problems. Non-associated signaling is specified by the
International Telecommunication Union (ITU), and the American National Standards
Institute (ANSI) refers to non-associated signaling as another type of quasi-associated
signaling.
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Figure 2-8 Non-Associated Signaling
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The following excerpt identifies the reasons set forth by the ITU specification as to why you
would not want to use only non-associated signaling.

The Message Transfer Part (MTP) does not include features to avoid out-of-sequence arrival of messages
or other problems that would typically arise in a fully non-associated mode of signaling with dynamic
message routing.

ITU-T Q.700, “Introduction to CCITT Signaling System #7.” 3/93

Non-associated signaling is not preferred within the SS7 network infrastructure, although
contrary to many books, it can be used. If you do use non-associated signaling, you must
pay careful attention to the SS7 network design that is using it.

Why SS7 Was Developed

The introduction of the SSX infrastructure has allowed for the telco to provide a better QoS
for its customers. It is intentionally stated as SSX because there are several common
channel-signaling systems. From a historical point of view, there was SS4, SS5, SS6, and
now SS7.S5S54,SS5, and SS6 are legacy systems that are not discussed in detail because they
are no longer used and are outside the scope of this book.
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Prior to the creation of the SSX infrastructure, call control was inefficient. In the past, if you
wanted to place a call from City A to City B, you had to reserve a trunk through all
interconnecting switches between the locations to see if the dialed number was available
for connection. This seems like normal operation, but if the circuit was busy or unavailable,
the trunks reserved through the network were used for no reason. Furthermore, they could
have been used for other calls being placed through the network. Why would this be such
a big issue? If a call can’t be completed, then it can’t be billed. Those trunks could have
been used for billable calls in the same time period.

In the SS7 infrastructure, the circuits are reserved but not connected through the network
until the call is answered. In the event that the call cannot complete, the circuits that have
been reserved for the call are released immediately. Although it sounds the same, the
circuits in an SS7 network are typically reserved for a shorter period of time.

SS7 helps alleviate this problem because the signaling takes a separate path to get to the
remote switch. If the remote circuit is busy, it can return that information out of band and
release the circuit at the same time. The SS7 network is also able to reroute signaling traffic
based on network congestion or failure. This is referred to as network resiliency.

Another reason that SS7 was developed was due to the slow call setup time. In-band
signaling is slower to set up and tear down calls, and although it had been improved, call
setup time was still too slow for the fast growing infrastructure. SS7 improved upon the call
setup speeds by adding a separate link to the network and by providing a message-based
signaling network. The bit states associated with DTMF tones take longer to set up and tear
down calls. The purpose of this signaling link was for nothing more than transporting
signaling information from node to node in the network.

The ideology behind the creation of SS7 was to create a scalable and flexible network
infrastructure that allowed for common signaling messages for call control and also to
allow for the integration of newly developed protocols. The various upper-layer protocols,
also referred to as user or application parts, allow for everyone to use the same base
structure while providing specific services to the end user.

Signaling Links and Link Sets

Signaling links are physical connections between SS7 nodes and are responsible for the
reliable transmission of SS7 signaling messages between those nodes, as shown in Figure
2-9. Signaling links can be configured so that they load share traffic over any or all of the
links in a designated link set between signaling points. Even distribution of traffic is only
achieved if there are several signaling links of the power 2 (2, 4, 8, and so on).
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Figure 2-9  Signaling Links Between SS7 Network Nodes
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Signaling links are generally deployed over T1s at 56 kbps per digital signal level 0 (DS-0)
in North America, and Els at 64 kbps per DS-0 in the international community. There is a
new movement for using an entire digital signal level 1 (DS-1) to transport SS7 signaling
traffic. If a DS-1 is used, 1.536 kbps is used for the signaling traffic and 8 kbps is used for
framing and maintenance.

Japan specifies the use of a 48-kbps signaling link and a 64-kbps signaling link. The
64-kbps signaling link is left in the Japanese specification because it was the recommended
speed set forth by the ITU. A low bandwidth link of 4.8 kbps is also available for signaling
transport, but it is not discussed in this book. Signaling links can be deployed on satellite
links if SS7 connectivity is required to remote locations.

Some areas of North America offer 64-kbps SS7 links, so it is important that you verify
what the speed of your SS7 link is from your provider. When a call setup message is
generated by a SSP, a Signaling Link Selection (SLS) occurs. This selection process
identifies which signaling link the call is transferred over. Because this operation occurs in
each direction, independent of each other, it is possible for the messages in opposite
directions to take different paths.

Signaling links are deployed in logical groupings called link sets. Link sets are collections
of up to 16 signaling links, and each link is uniquely identified by a Signaling Link Code
(SLC) from O to 15. Figure 2-10 shows a link set between a SSP and a mated pair of STPs.
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Figure 2-10

SLCs are important identifiers because they notify the SS7 network devices which links are
connected to which SS7 network nodes. SLCs are given to you by your provider, and if you
don’t match what is set in their network (wrong SLC set), you are not able to complete the
alignment process.

Links Within a Link Set
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The traffic load of signaling links also differs between the international and North American
communities —the I'TU and ANSI. ITU signaling links can handle a maximum of 4096
circuits, and ANSI signaling links can handle about 16,384 circuits. Just because the
technology supports thousands of Circuit Indentification Codes (CICs) per link does not
mean that you ever have that many CICs for any single signaling link. The reason for this
is simple: most countries don’t allow it.

Hypothetically, if you had 16,384 circuits worth of signaling between SSPs on one link and
that link was lost, that would be a disaster for your location. You would lose them all at one
time. The number of CICs you are allowed to have per signaling link differs from country
to country, so you need to inquire about each country’s guidelines when requesting a link.

When loading links, it is generally recommended that you do not design any one link with
more than 40 percent traffic capacity, or .40 erlang. The reason for this is simple, if you have
a link failure you want to be able to reroute the signaling traffic to a redundant link or a load-
shared link. In the case of 40 percent load, even with the traffic reroute you only have 80
percent load on the redundant or load-shared link. Any more than 40 percent causes a link
to carry 100 percent capacity or more during a failure, and that certainly can cause
problems. This design principle varies from customer to customer, but this is the rule of
thumb.

Link Categories

In North America, links are categorized based on what SS7 node types they connect. These
categorizations are not used throughout most of the world, but they are helpful in explaining



Signaling Links and Link Sets 36

what types of links can be provided. Figure 2-11 shows A-, B-, and C-links, and Figure 2-
12 shows D-, E-, and F-links. The following are link types that are commonly associated
with ANSI signaling links:

® A-link— Access link

® B-link—Bridge link

® C-link—Cross link

® D-link—Diagonal link

® E-link—Extended link

® F-link—Fully-associated link

A-links provide access into a portion of the SS7 network. They connect SSPs to STPs, SSPs
to SCPs, or STPs to SCPs. A-links are common in areas that use STPs, such as the U.S.,
Australia, and most recently, parts of Europe.

B-links connect non-mated STPs. Because STPs are deployed in mated pairs, at some point
they have links to other mated pairs of STPs. The links that connect the two sets together
are B-links.

C-links connect mated STP pairs. This link handles communication between the two STPs,
and in a failure situation becomes the failover link between them. This link allows call
signaling to be rerouted through the network, if necessary.

A-, B-, and C-links are shown in Figure 2-11.

Figure 2-11 A-, B-, and C-Links
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D-links connect devices at different levels of the network hierarchy, such as connecting a
local pair of STPs to a regional pair of STPs.

E-links connect SSPs to a mated pair of STPs that are not designated as its home pair.

F-links connect two SSPs together on a direct link. The signaling and the bearer traffic can
be on the same T1 or E1 span, but they are on separate logical channels. Because the
definition of an F-link is the connection of two SSPs, the signaling and the bearer traffic do
not have to be on the same physical span.

D-, E-, and F-links are shown in Figure 2-12.

Figure 2-12 D-, E-, and F-Links
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Point Codes

Now that you are familiar with links and link sets, you are ready to begin looking at how

messages are routed within the SS7 network. SS7 uses a set of addressing information and
call details to route calls from one network node to another. The main addressing scheme
is a logical address that identifies each SS7 node, including SSPs, STPs, and SCPs.

The logical addresses are called point codes, and they operate at Layer 3 of the SS7 protocol
stack. Layer 3 in the SS7 protocol model is known as Message Transfer Part Level 3
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(MTP3). Point codes, along with other identifiers, such as CICs, called numbers, and
calling numbers, are used in call processing. Later, this chapter covers how point codes are
used in Message Signal Unit (MSU) messages to route calls through the network, but for
now this section focuses on their composition.

Originating, Destination, and Adjacent Point Codes

Figure 2-13

When referring to point codes, four different types illustrate different placements through-
out the network. The Originating Point Code (OPC) describes the network device that
originates the call. If you are a service provider that is just starting up, you use an OPC to
identify your local switch. From your perspective, you are always the originating point for
your SS7 traffic, and your point code is the destination point code for bearer traffic that you
receive. As an OPC, you are the Destination Point Code (DPC) for other switches and they
are the DPCs for you. DPCs identify terminating destinations of calls, and they are always
SSPs.

An Adjacent Point Code (APC) is a point code that is adjacent to your point code. The most
common representation of an APC is a home STP pair, but another SSP directly
interconnected can also be referred to as an APC. The remote SSP is considered the APC
for the link set that is received at the OPC.

Figure 2-13 shows a series of SS7 network nodes that are interconnected and their
relationship to each other in respect to their point codes.

OPCs, DPCs, and APCs Interconnected

OPC APC DPC
APC/DPC m —
SSP SSP Mated SSP
STP Pair

The final type of point code is an Alias Point Code. The Alias Point Code, also referred to
as a Capability Point Code, is a point code that exists in software only. The purpose of the
Alias Point Code is to group a set of SS7 network nodes together by network function. Alias
Point Codes provide the ability to identify which network nodes can provide specific
services to customers. Different types of point codes exist, and the point codes themselves
differ between the ANSI format used in the U.S. and the ITU format used just about
everywhere else.
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North American Point Code Format

The ANSI point code format is formulated from three 8-bit octets for a total of 24 bits. Each
octet has a range of numbers from 0 to 255, and it is broken down into three subsections
(one subsection per octet):

0-255.0-255.0-255
For example: 10.20.30

The first of these sections is the network. The network octet identifies the actual provider
that is using the point code. This differentiates between Lucent, WorldCom, and Sprint. The
second octet identifies the cluster within the network. Clusters are logical groupings of
network nodes, so a network of 20 nodes might have 5 clusters of four nodes each. The last
octet identifies the member node of the cluster. In other words, each of the four nodes within
the cluster is considered a member. You can almost think of this approach as something like
peeling an onion. Figure 2-14 shows these layers. The outer skin is the network, the next
few layers are the clusters within the network, and the rest of the layers are the members of
those clusters. However, if the customer is a small carrier, it is typically only possible to get
a maximum of four point codes from the service provider for the SS7 network. Issuing four
point codes at a time to smaller carriers allows the distribution of point codes to be more
controlled and efficient.

Figure 2-14 The Onion-Like Layers of the ANSI Point Code

10 = Network
20 = Cluster
30 = Member

Point Code
10.20.30
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ITU Point Code Format

Table 2-1

Figure 2-15

The ITU point code format is a little different than that of ANSI. The ITU point code is
organized into three fields, just as the ANSI point code, but the ITU point code differs in
how many bits are in each field. The ITU format calls for a 3-bit field, followed by an 8-bit
field, and then by another 3-bit field. This gives the ITU point code a final size of 14 bits.

The first octet indicates the zone identifier (zone ID) of the point code. The zone ID is the
geographical zone that the point code is a part of. The zone IDs are listed in Table 2-1.

ITU Zone IDs

Zone ID Geographical Region

2 Europe

3 Greenland, North America, the Caribbean, and Mexico
4 Middle East and Asia

5 South Asia, Australia, and New Zealand

6 Africa

7 South America

For more information on signaling area network code (SANC) designations, refer to
Appendix B “Signaling Area Network Code (SANC) Designations.”

The second octet indicates the area or network identifier (network ID). The network ID
subdivides each zone ID into smaller areas, such as countries. This can also subdivide large
countries into smaller, more manageable sections. Together, the zone ID and the network
ID are known as the SANC.

The last octet indicates the signaling point identifier (SPID), not to be confused with the
service profile identifier (SPID) used in ISDN. The SPID indicates the node residing in a
specific SANC. Figure 2-15 shows the ITU point code format with the SANC highlighted
in gray.

ITU Point Code Structure

5. 010. 002
| Zone ID Network ID | S|gna||ng Point ID
SANC
3 Bits 8 Bits 3 Bits

This format fits the international community well because there aren’t typically as many
network devices requiring point codes as there are in the U.S. Even the U.S. does not use
the full range of numbers allotted in each octet.
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MTP

Figure 2-16

A couple of locations throughout the world differ from what has been discussed. China uses
a 24-bit format that is similar to the ANSI point code structure. Japan has adopted a 16-bit
point code format for use in the Japanese national network.

Now that the logical addressing is in place, you are ready to learn about some of the
protocols that make SS7 function. Many protocols that are associated with SS7, but this
chapter focuses on only a couple of them. These protocols give you a good high-level
understanding of how the SS7 network operates and a foundation to work from for the rest
of the book. The protocols that this chapter examines are MTP Layers 1, 2, and 3;
Telephone User Part (TUP); Data User Part (DUP); and ISDN User Part (ISUP). This
chapter also includes a discussion on some of the services that are offered by INs.

SS7 operates at different defined levels, called layers, and each layer has a specific function.
For those of you familiar with the Open System Interconnection (OSI) model, the SS7
protocol stack has a layered model that matches up with the layers displayed for OSI, as
seen in Figure 2-16. Technically, the SS7 model is a four-layer stack, with MTP at Layers
1 through 3 and the various user parts at Layer 4. The protocol stacks do not match up 100
percent because the SS7 stack was designed prior to 1984, when the International
Organization for Standardization (ISO) developed the OSI model.

The OSI Model and the SS7 Protocol Stack

Application TCAP Upper Layer
Presentation Z?EF)SSSNSS;?
Session and ISUP

Transport
Network MTP3 and SCCP
Data Link MTP2
Physical MTP1
OSI Model SS7 Protocol Stack

A couple of exceptions to this rule are the signaling connection control part (SCCP), which
operates at Layer 3 of the SS7 protocol stack, and TCAP, which operates at a functional
level that is considered Layer 7 (Application) of the OSI model.

SCCP and MTP together form the Network Service Part (NSP). SCCP, which is discussed
in a later section, adds both connectionless and connection-oriented functionality to MTP3.
These additions to MTP3 allow for the definitive correspondence between the SS7 protocol
stack and the OSI model’s network layer.
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MTP1

The purpose of MTP is to serve as a set of transport layers for the various user parts and
their services. It is also responsible for the detection and correction of network failures and
errors in a timely manner. MTP is broken down into three defined layers:

® MTPI1—Message Transfer Part Layer 1
® MTP2—Message Transfer Part Layer 2
® MTP3—Message Transfer Part Layer 3

MTP1 operates at Layer 1 of the SS7 protocol stack and has equivalent functions to that of
OSI’s physical layer. It is responsible for the physical and electrical characteristics of the

line, which include providing a bearer path for the signaling link. MTP1 can be served on
a terrestrial TDM circuit or on a satellite link.

Think about what type of physical medium you’re using for the signaling link. Most times,
signaling is transferred over a DSO on a T1 within the U.S. and Japan, over an El
internationally, or on a DSO over a V.35 interface. In Japan, remember that 48-kbps
signaling links are also available. The requirements for the setup of a signaling data link are
as follows:

® The signaling data link must be reserved for SS7 traffic only.

® Echo cancellers, digital pads, and A-Law converters must be removed from the link
to ensure a full duplex link between signaling points.

® The standard signaling data link should be 64 kbps, but you can use links as low as
4.8 kbps as long as you adhere to the user part requirements.

The preceding list comes from ITU-T Q.702, “Specification of the Signaling Data Link,”
3/93.

On an international note, SS7 signaling data links are required to be 64 kbps and transmitted
on TS16 of an El circuit. This requirement can be modified if both parties involved agree
to a specific timeslot and configure accordingly, but deviation from this timeslot is not
likely.

Specifications for a T1-based signaling data link are based on the use of alternate mark
inversion (AMI) encoding (for more on T1 or E1 technology, refer to Chapter 5, “T1
Technology” and Chapter 6, “El, R2, and Japanese Carrier Technology™). Because AMI
steals the least significant bit, thus allowing only 56 kbps of data on each timeslot, the
standard signaling link speed in the U.S. is 56 kbps. This is the most common speed in the
United States, but 64-kbps links do exist. This depends on the provider that you are
receiving the signaling link from.
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MTP2

FISU

SS7 signaling links can also be deployed over analog facilities, although it is certainly not
common. In the case of an analog facility, the link must be at least 4.8 kbps and you must
use either V.27 or V.27 bis.

MTP2 provides the required Layer 2 functionality in the SS7 network. It is responsible for
providing a reliable link for the upper-layer protocols. The explicit device name used at
MTP?2 is a Signaling Link Terminal (SLT). It is normally built into the signaling point
fabric. The functions of MTP2 are as follows:

® Separation of signal units —MTP2 provides identification of individual signal units
with a flag.

® Bit stuffing— The transmission of six consecutive 1s within a signal unit causes it to
mimic a flag, which is not allowed. In the case that this occurs, alignment is lost on
the link. To ensure that this does not happen, you use bit stuffing.

®  Error detection—MTP2 uses cyclic redundancy checks (CRCs) in a frame-check
sequence (FCS) field to verify the integrity of the transmitted frames. The FCS field
is 16 bits in length.

® Link alignment—MTP2 is responsible for the initial phases of link alignment and
allows the transmission of upper-layer messages.

® Signal link monitoring— Signal link monitoring is handled by two error counters;
signal unit error rate monitor (SUERM) and alignment error rate monitor (AERM).
The AERM is used during the initial link alignment, and the SUERM is used after the
link is in service to verify link integrity.

®  Flow control —Flow control is handled by the different frame types used by MTP2.
Busy indicators can be sent, in times of congestion, to back off signaling points to
return to a non-congested state.

MTP2 includes two different signal unit types that allow MTP2 to provide the services
above. The Fill-In Signal Unit (FISU) and the Link Status Signal Unit (LSSU) are used at
different intervals on the SS7 network. A third MTP2 message type, the Message Signal
Unit (MSU) assits in routing call signaling through the SS7 network.

The FISU is the most basic MTP2 signal unit. The purpose of this signal unit is to fill in idle
time on the signaling link and provide link synchronization. The FISU acts as a proactive
way to detect errors on the signaling link in an attempt to find problems before a call is
placed. What we mean by that is while there is no signaling traffic going through the SS7
network, FISUs are sent as a type of heartbeat between signaling points.
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Figure 2-17

Figure 2-17 shows the different fields in a FISU signal unit.

FISU Format
F B
CK S LI I'| FSN | 1| BSN F
B B
Number of Bits: 16 2 6 1 7 1 7 8
CK = Check Bits S (Spare) = Not Used
LI = Length Indicator (Not Used) FIB = Forward Indicator Bit
FSN = Forward Sequence Number BIB = Backward Indicator Bit
BSN = Backward Sequence Number F = Flag

The signal units are to be read from right to left, as they are transmitted with the flag bit
first. The flag identifies one signal unit from another. There is documentation out there
(including ITU Q.703) that identifies the FISU as having an opening and closing flag. The
closing flag that is represented is merely the opening flag of the next signal unit. So, if signal
unit #3 is the last signal unit transmitted it does not have a closing flag. The Length
Indicator (LI) is not used with the FISU, and thus is set to 0.

The backward sequence number (BSN), backward indicator bit (BIB), forward sequence
number (FSN), and forward indicator bit (FIB) all work together as part of signal unit
identification and the identification of which signal units should be transmitted. The FSN
identifies the sequence number of the current signal unit that is being transmitted. The BSN
identifies the last good received signal unit and can be used as a way for the receiving end
to identify which signal unit is retransmitted. The FIB and BIB indicate which signal units
need to be resent.

In normal operation, the FIB and BIB equal the same value (0). If a unit is not received, or
it does not pass the FCS, the BIB is set to the opposite value of the FIB. This indicator, with
the help of the BSN, identifies which signal unit is retransmitted. The signaling point that
originally transmitted the signal unit sees the BIB and uses BSN+1 to identify which signal
unit is retransmitted. This function is shown in Figure 2-18.

After the signal unit in question is retransmitted, and it passes the FCS, the BIB is reset to
0. After this point, normal transmission of signal units can resume. A maximum of 127
messages can be marked for retransmission.
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Figure 2-18 Normal Retransmission Procedure

LSSU

OOOC

FSN=5, FIB=0
BSN=7, BIB=0 Q
FSN=8, FIB=0 .
BSN=5, BIB=0 FCS Failure SSP
X <:::::::::>
>
The Retransmitting SSP Will Look at the BSN and Use
the Formula FSN + 1 in Order to Decide Which Frame FSN=6, FIB=0 SSP
Needs to Be Retransmitted BSN=7, BIB=1
: <:::::::::>
<
FSN=8, FIB=0 SSP
BSN=5, BIB=0
: <:::::::::>
>

SSP

Now that you understand how the fields technically work, it is important to point out that
they do not operate in this manner when used in FISU frames. The FSN of a FISU is
actually the last known good, received MSU on the signaling link. This FSN does not
change until another MSU is received. The next time MSU transmission pauses, the FISU
assumes the FSN of that last MSU again. The following example shows that if the last MSU
frame number was 5, your FISU frame number will be 5. If the last MSU frame number
was 24, the FISU frame number will be 24.

MSU FSN
MSU FSN

5 FISU FSN
24 FISU FSN

5
24

In the case of the FISU, it is sent between signaling points during idle time, and it has no
significance to the network. For this reason, there is no need to retransmit lost or damaged
FISUs.

The LSSU is responsible for communicating the current status of the signaling link to the
signaling points. In normal operation, the LSSU is not sent between signaling points. It is
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only sent when an event occurs that affects the link’s ability to transmit and receive MSUs.
Similar to the FISU, the LSSU is created based on the last MSU that was transmitted on the
link. For this reason, the LSSU is not retransmitted on the signaling link. The signal unit
format for the LSSU is shown in Figure 2-19.

Figure 2-19 LSSU Format

F B
CK SF S LI | FSN | BSN F
B B
Number of Bits: 16 8or16 2 6 1 7 1 7 8
CK = Check Bits S (Spare) = Not Used
LI = Length Indicator (LI=1 or 2) FIB = Forward Indicator Bit
FSN = Forward Sequence Number BIB = Backward Indicator Bit
BSN = Backward Sequence Number F = Flag

SF = Status Field

All fields within the LSSU have the same function that they do for the FISU with the
exception of the LI, which is used in LSSUs, and the addition of the Status Field (SF). The
LI field indicates in LSSUs whether the SF is 8 or 16 bits. LI=1 causes the SF to be 8 bits
and LI=2 causes the SF to be 16 bits. If the receiving SLT cannot process a two-octet SF,
the second octet is ignored and only the first octet is processed. The SF indicates what the
current status of the signaling link is by using four different values and two other values to
transport information about the type of proving that is used during the link alignment
process:

® Status Indicator Out of Alignment (SIO)
® Status Indicator Out of Service (SIOS)

® Status Indicator Busy (SIB)

® Status Indicator Processor Outage (SIPO)
® Status Indicator Normal (SIN)

® Status Indicator Emergency (SIE)

The SIO indicates one of two things, either that the link is out of alignment because of a 1s
density violation (different than the 1s density violation in T1) or that it is the beginning of
the alignment process. In the first case, the SIO is sent if six consecutive 1s are detected.
The transmission of six consecutive 1s, as stated earlier in the chapter, mimics a flag, and
that is not allowed. You will also see the SIO at the beginning of the link alignment
procedure a little later in the chapter.

A SIOS indicates that the signaling point is not able to send or receive MSUs (link down),
and it is also seen when a signaling point is turned up. SIOS continues until the initial
alignment phase has begun.
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A SIB indicates there is congestion at the transmitting signaling point. When congestion is
detected, the TS timer (sending SIB timer) is started and SIBs are sent to the remote
signaling point. When the receiving signaling point receives the LSSUs with SIB, it starts
the T6 timer (remote congestion guard timer). Every LSSU after that point with SIB resets
the T7 timer (excessive delay timer) until a LSSU is received without SIB. After there are
no more LSSUs with SIB, the T6 timer is shut off and normal operation resumes. Figure 2-
20 displays the congestion timer process by using the TS5, T6, and T7 timers.

Figure 2-20 Congestion Timer Operation

NOTE

SSP

T6 - Start T5 - Start
T7 - Reset LSSU With SIB

T7 - Reset LSSU With SIB SSP
T6 - Stop LSSU No SIB SsP

SSP

A SIPO indicates that the transmitting signaling point cannot send messages to the
functional levels of 3 or 4. SIPO does not mean that all links in the link set are affected, and
it is possible for MTP3 to still be functional (just not communicated with). When SIPO is
indicated locally, all MSUs received are discarded and LSSUs are sent with SIPO.

In the case that SIPO is indicated locally, Local Processor Outage (LPO) is declared on the
transmitting side.

After the far end receives the LSSUs with SIPO, it terminates the transmission of MSUs
and begins the transmission of FISUs, with the FSN set to the last transmitted MSU. The
receiving end is in Remote Processor Outage (RPO).

As the signaling point comes out of a congested state, it notifies MTP3 and returns to an in-
service state. After the link has returned to an in-service state, the MTP2 buffers are flushed
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Initial Alignment Procedure

Table 2-2

NOTE

of old messages. Particularly if the PO was long in duration, old messages can refer to calls
that have already been rerouted or released. Furthermore, it is required that both sides of

the link synchronize their messages for proper link operation.

For proper link operation to take place, link integrity must be ensured. This process is
known as link alignment, and if you can’t pass alignment you can’t place calls through the

SS7 network.

Link alignment provides a procedure for turning up a new link between signaling points and
it realigns a link that has lost alignment. In the alignment process, there are two types of
alignment: SIN and SIE. The difference between the two types of alignment is the amount
of time required at the proving period. Refer to Table 2-2 for a complete listing of the SS7
timers and their values as they pertain to the alignment process.

SS§7 Alignment Timers and Their Values

Timer Value Link Type
T1 45-50s 64 kbps
Alignment Ready Timer 500-600s 4.8 kbps
T2 5-50s Low
Not Aligned Timer 70-150s High
T3 1-2s N/A
Aligned Timer
T4 T4(n) 7.5-9.5s 64 kbps
Proving Period Timer T4(n) 100-120s 4.8 kbps
T4 400-600ms 64 kbps
T4 6-8s 4.8 kbps
T5 80-120ms N/A
Sending SIB Timer
T6 3-6s 64 kbps
Remote Congestion Guard Timer 8-12s 4.8 kbps
T7 0.5-2s 64 kbps
Excessive Delay Timer 4-6s 4.8 kbps

The timers listed in Table 2-2 are based on ITU Q.703 and can vary based on national
specifications. For example, the T4 timer can vary between 2 and 9.5 seconds.
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MSU

After the type of alignment has been selected, the proving period ensures that Layer 2 is
able to transmit and receive MTP3 and above traffic reliably. Integrity is verified by
checking the error rate involved with the signaling link. If the proving period expires
without excessive errors, the link is said to have completed link alignment. SIOS is sent in
the case of the SLT being unable to send or receive MSUs for reasons other than SIPO. The
following list of bulleted items describes the timers involved with the alignment process
and how they are used.

® T2 Timer—Link state Is Not Aligned. During this timer, the link is not aligned and
SIO is being sent from the transmitting SLT to the remote end. If a link failure occurs
during this timer, T2 is restarted. If the timer expires without excessive errors, T2 is
stopped and T3 is started.

® T3 Timer—Link state Is Aligned. During this timer, the SLT is aligned with the
remote end and is sending and receiving SIN or SIE. The signaling link can detect and
discriminate between signaling unit frames but it is not ready to send and receive
upper-layer messages yet. SINs or SIEs are exchanged by the signaling points to
decide which method of proving period is employed. After the exchange of SIE or SIN
has occurred, T3 stops. If a link failure occurs during this timer, T3 stops and T2 is
restarted.

® T4 Timer— Link state Is Proving. The proving period that was selected in T3 is used
for the proving process. As far as the proving periods are concerned, SIE can take no
more than one error and SIN can take no more than four. If excessive errors occur
during T4, SIOS is sent and alignment is not possible. During this timer, if the point
codes or SLCs do not match on both ends, the timer also fails and restarts T2.

® T1 Timer—Link state Is Aligned Ready. After the alignment procedure completes,
the T1 timer (Aligned Ready Timeout) is stopped. The Aligned Ready Timeout is used
to provide a window of time in which the total link alignment procedure should take
place.

MTP3 is the OSI model’s network layer equivalent. As stated before, the addressing is
based on a point code structure, which uniquely identifies each node within the network.
The MSU, found in MTP2, contains the MTP3 routing label and routes call state messages
from signaling point to signaling point. Because the MSU used is signal message routing,
even though it is an MTP2 message, it is discussed in this section. The MSU carries the
upper-layer call control and network management messages that are used by upper-layer
protocols, such as the ISDN User Part (ISUP). Figure 2-21 details the header composition
of the MSU.



MTP 50

Figure 2-21 MSU Format

F B
CK SIF SIO S LI | FSN | | BSN F
B B
Number of Bits: 16 <272 8 2 6 1 7 1 7 8
CK = Check Bits S (Spare) = Not Used
LI = Length Indicator FIB = Forward Indicator Bit
FSN = Forward Sequence Number BIB = Backward Indicator Bit
BSN = Backward Sequence Number F = Flag
SIF = Service Information Field SIO = Service Indicator Octet

There are a couple different fields associated with the MSU: the Service Indicator Octet
(SIO) and the Service Information Field (SIF). The SIO indicates which upper-layer
protocol is being used on the network. Figure 2-22 details the layout of the SIO sub-field in
the MSU, and Table 2-3 details the specific field values. The SIO sub-field has several bits
denoted as A, B, C, and D. These bits identify which bits are read first. The A-bit is read
first, followed in order until the D-bit. ANSI T1.111 identifies the bit patterns of 1110 and
1101 as reserved for national application use.

Figure 2-22 SIO Composition

FSN BSN F

CK SF | “sio s L

—~,,"m—'n
= | —w

Number of Bits: 16 272 8 .2 6

DCBA DCBA

Sub-service | Service
Field Indicator

Number of Bits: 4 4
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Table 2-3  SIF Value Identification

D C B A Value

0 0 0 0 Signaling Network Management Messages

0 0 0 1 Signaling Network Testing and Maintenance Messages
0 0 1 0 Spare

0 0 1 1 SCCP

0 1 0 0 TUP

0 1 0 1 ISUP

=)
—_
—
=)

DUP—call and circuit related messages

e
—_
—_
—_

DUP—facility registration and cancellation messages

0 Reserved for MTP Testing User Part

S| O

1 Broadband ISDN User Part

1 0 Satellite ISDN User Part

1 1 Spare

1 1 0 0 Spare

1 1 0 1 Spare

1 1 1 0 Spare

1 1 1 1 Spare

The Sub-service field contains the network indicator bits that identify which type of switch
is being used. Although four bits are allocated to this field, only the D and C bits have
values, which are shown in Table 2-4.

Table 2-4  Sub-Service Field Value Identification

D C Value

0 0 International Network

0 1 Spare (for international use)

1 0 National Network

1 1 Reserved (for national use)
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You can use the value of 3 (1 and 1) in national applications that can require message
priority for flow control. ANSI T1.111 specifies the use of this field for priority values
of 0 through 3 only if this field does not discriminate between national and international
messages. The priority codes allow for protocol-specific use of the Sub-service fields.
You only use this in a closed national signaling network.

The SIF identifies an upper-layer protocol message that is used by the protocol in use,
which is specified by the SIO. The format of the SIF depends on the upper-layer protocol.
Some of the message types include Emergency Changeover messages, Management Inhibit
messages, Traffic Restart Allowed messages, and Signaling Route Set Test messages.

The SIF length is governed by the LI in the MSU frame. Unlike the LSSU messages, the LI
can have many different values. The SIF field can be up to 272 octets (272 8-bit fields), as
shown in Figure 2-20. There can be up to 268 information octets, or 272, with the last four
reserved for the routing label. The LI field can have a value ranging from 1-63. Values of
1-62 identify the exact number of octets that are in the SIF. A value of 63 identifies that the
SIF is 63 octets or larger.

Depending on the upper-layer protocol in use, the SIF can include the routing label. The
routing label identifies the SLS for the MSU, the OPC, and the DPC. For ITU networks,
each point code field is 14 bits and the SLS field is 4 bits for a total of 32 bits. ANSI
specifies 24 bits for the OPC and the DPC and another 8 bits for the SLS for a total of 56
bits. The SLS in the ANSI network used to be set to 5 bits but was increased to 8 bits
because of scalability concerns. The format of the routing label is shown in Figure 2-23.

Figure 2-23 MSU Routing Label

MTP3

International SLS OPC DPC
Number of Bits: 4 14 14
North sLs OPC DPC
American
Number of Bits: 8 24 24

MTP3 handles the routing of call-control signaling and network management messages
through the SS7 network. MTP3 has two distinct areas of operation: signaling message
handling and signaling network management. MTP3 acts as an interface for upper-layer
user parts to communicate with each other. That being said, it is the responsibility of MTP3
to ensure that the messages originating from one signaling point are delivered to the same
upper-layer user part at the destination signaling point.
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The actual routing of the messages can take several different paths through the network.
The messages can either be relayed through a mated STP pair or directly from one SSP to
another. This ability is enabled by the use of the routing label. The routing label explicitly
states the origination and the intended destination of the signal unit. Signaling message
handling is broken down into three areas: message routing, message distribution, and
message discrimination.

Message routing is the function of the SSP, STP, or SSP with STP functionality to analyze
the signal unit to decide where to send the packet and which signaling link to send it out of.
The receiving signaling point uses message distribution to deliver locally destined signal
units to the proper user part. Message discrimination is the ability of the SSP to identify
whether or not the received signal unit is destined for a circuit that is locally installed or
not. If the signal unit is identified as not belonging locally, it is handed over to the message
routing function.

Within the routing process there is a procedure for sharing the load, also known as load
sharing traffic, among several links. Balanced load sharing helps to ensure that one link
between signaling points does not get congested with too much signaling traffic. It is
recommended that the number of links in a linkset be a power of two. This will allow for
balanced load sharing.

Load sharing can be performed one of two ways:

® Load sharing across several links within the same link set
® oad sharing across several links that do not necessarily belong to the same link set

In the case of load sharing across link sets, it is referred to as a combined link set. In
international network operation, it is required that both types of load sharing are supported.

The second main function of MTP3 is signaling network management. This accomplishes
several things, including network failure recovery (through signaling traffic rerouting) and
congestion control. Signaling network management also includes a methodology for
rerouting traffic after the network failure has been corrected.

Message routing and network management, similar to every other function of SS7, are
accomplished through the use of messages. Several different types of messaging within the
network management fabric are identified:

® Signaling traffic management
® Link management
® Route management

Signaling traffic management is responsible for the management of the signaling link in the
case of a failure. This means that it handles functions of signaling traffic rerouting in the
case of a failure, signaling point restart after the failure is cleared, and signaling traffic back
off in the case of congestion. Signaling link management is responsible for signaling link
alignment of new links, signaling link restoration on corrected failures, and signaling link
deactivation, if necessary. The signaling route management comprises several different
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functions to facilitate the transfer of network status information. This allows the SS7
network to test and block or unblock specific signaling routes and to define a set of
signaling route test procedures.

Now that you have learned about the major components of the SS7 network, there are a
couple of things that you need to make sure you obtain from your service provider if you
ever need an SS7 link. These items absolutely must match between you and the service
provider or you cannot operate properly in the SS7 network:

® Point codes—OPCs, DPCs, and any APCs that are required.

® CIC ranges—If these don’t match on both ends, you cannot complete calls properly.

® SLC—Make sure that you are configuring to use the proper signaling link out of the

link set.

® Glare—The procedure that will be used in the event that both sides select the same
trunk at the same time for separate calls. This is also known as a dual seizure.

SS7 Upper-Layer Protocols

DUP

To this point, this chapter has covered much of what makes up the infrastructure of the SS7
network. It has detailed the transporting functions that allow for communication between
SS7 nodes. Now take a look at what makes your calls work. Within the upper layer of the
SS7 stack (Layer 4), there are several protocols that you can use for call messaging

functions. DUP, TUP, National User Part (NUP), and ISUP are all used for call messaging.

DUP and TUP are legacy protocols that were used prior to the latest messaging advances
created by ISUP. Although this chapter does discuss them, it is important to remember that
they are not typically used within the SS7 network. However, some countries, such as
China, still employ them to some degree.

DUP was first created as a standard in 1988 (Q.741) and later revised in 1993 as X.61. The
main purpose of this standard is to act as the transmission vehicle for data-centric call
messaging. Not intended for voice, its features include call setup, tear down, and facility
registration. Because it is an upper-layer protocol in the SS7 stack, it directly interfaces
with and requires help from MTP3 to route the messages from signaling point to signaling
point.

Several main messages are associated with DUP connections. The messages are found in
two basic types: call control and circuit management. They include but are not limited to
the following:
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® (all control:
— Address Message
— Calling Line Identity Message
— Call Accepted Message
— Call Rejected Message
— Clear Message
® Circuit management:
— Circuit State Message
— PFacility Registration and Cancellation Messages

The Address Message is sent during an initial call setup. This message identifies the
originating and terminating point codes and the class of service (CoS) information. The
Calling Line Identity Message can be sent as part of the Address Message, but it is normally
sent after the Address Message has been received by the terminating signaling point. This
message identifies the originating network information for the call that is being processed.
The Call Accepted Message notifies the originating signaling point that the call has been
accepted, and it can contain the destination network identity. The Call Rejected Message
notifies the originating end that the call cannot be processed. This message starts a call
termination and returns a cause code back to the originating signaling point. The Clear
Message clears a call and releases the resources back into the available for use pool.

The Circuit State Message identifies the state of the circuit and supervises its operation for
failure. Facility Registration and Cancellation Messages share information about user
facilities and are not associated with any particular data call between points.

Figure 2-24 identifies the basic routing label of the DUP message format.

Figure 2-24 DUP Routing Label

HGFEDCBA
TSC BIC OPC DPC
Number of Bits: 8 12 14 14

The DPC is transmitted first, followed by the OPC, Bearer Identification Code (BIC), and
the Time Slot Code (TSC). The BIC identifies the actual DSO that the call is on. The TSC
is used in cases where the circuit is multiplexed, in conjunction with the BIC. The TSC also
identifies the speed of the channel (for example: 64 kbps equals 01110000).
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TUP

TUP is an upper-layer protocol that completes voice call control. TUP is a legacy protocol
and it is no longer widely used throughout the world. Because there are countries around
the world that still use TUP, its support is essential. TUP does not specify control for
anything other than analog circuits, and therefore, must be used with another protocol such
as DUP for digital circuit control.

As the predecessor to ISUP, TUP provided call setup, tear down, and access to service
interfaces. TUP also provides support for circuit verification, also called Continuity Tests
(COTs). This allows communicating signaling points to validate each circuit between them
to ensure that they are capable of carrying a voice call. One main problem was described
with TUP—its lack of support for ISDN.

As you can imagine, there are several call setup and tear down messages. This section
focuses only on a subset of these message types. A couple of message groups exist within
this standard:

® Forward Address Message Group:
— Initial Address Message (IAM)
— Subsequent Address Message
® Forward Setup Message Group:
— General Forward Setup Information Message
— Continuity Check Messages
® Backward Setup Request Message Group:
— General Request Message
®  Successful Backward Setup Request Message Group:
— Address Complete Message (ACM)
— Charging Message
®  Unsuccessful Backward Setup Request Message Group:
— Simple Unsuccessful Backward Setup Information Message

The IAM identifies the information for each call, including the DPC, OPC, and CIC. The
IAM can also be sent with additional information that identifies any services that should be
charged on the call. Figure 2-25 shows the composition of the TUP routing label.

Figure 2-25 TUP Routing Label

CIC OPC DPC

Number of Bits: 12 14 14



57 Chapter 2: The Signaling System 7 Network

The CIC identifies where the call is transmitted between SSPs. This is the identification of
the bearer path. Looking at Figure 2-26, it is important to realize that CICs do not equal a
specific DSO on a synchronous medium. CIC #15 can possibly equal TS22 on an El. For
this reason, it is imperative that each signaling point agrees on which CIC equals which
timeslot. Also, CICs change from one hop to the next, so it is also important to keep track
of which call leg is using which CIC. For instance, the second leg of a call can use a
different CIC, similar to CIC #3 (TS12). If Figure 2-26 does not make sense, remember that
calls are routed through the SS7 network one hop at a time.

Figure 2-26 Cuall Leg CIC Assignments

STP

IAM

CIC 15 (TS22) CIC 3 (TS12)

SSP

Signaling

Bearer - - - - - - - - -

The Subsequent Address Message can send any remaining digits through the network, as
either a single message or multiple independent messages. Calls can be routed through the
network by using digit analysis prior to the reception of all the dialed digits. This function
allows call setup speed to increase. Another function of the Subsequent Address Message
also uses the call routing prior to the collection of all the dialed digits. In the instance of
variable length dial plans (as found in Germany), Subsequent Address Messages allow the
originating switch to route the call as soon as enough digits are received to resolve the next
hop. If the destination switch requires more digits to route the call, the destination waits
until it receives enough Subsequent Address Messages to route the call.
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ISUP

The General Forward Setup Information Message is sent in response to a General Request
Message. It can include several items required for call setup, including the calling party
information. COT Messages validate the integrity of the circuit path (speech path). COT
tests are necessary because the signaling network takes a separate path than the bearer
service. Normally, COT is set to something around 10 percent (1 in every 10 calls gets
COT), unless it is a satellite link, in which case it might be necessary for every call setup.
COT is a maintenance tone that is transmitted in a loop through the bearer path to make sure
that it is received in the same state.

The ACM informs the calling party that the called number has been located and that the
resources are being verified and alerted. In typical operation, you can see this as the
response to the IAM after the call has been routed to its final destination. The Charging
Message sends billing information through the network in reverse direction.

The Simple Unsuccessful Backward Setup Information Message communicates, in a
backward direction, the reason for the call failure back to the originating signaling point.

NUP and BT-NUP were created to add to the functionality of TUP, by providing integrated
support for ISDN within the call setup procedures. These protocols are similar to TUP, so
they are not discussed in detail. A formalized protocol was developed several years later,
with ISDN built into the fabric for call setup and tear down. This protocol is ISUP.

The ITU’s answer to the shortcomings of TUP was the creation of ISUP. ISUP is the most
widely used protocol for call setup transport worldwide, and it is designed to provide call
management and access to services for both voice and data calls. ISUP has been designed
as an extensible protocol suite that can be modified as needed by different country
requirements. For example, say that Country A specifically needs a field for a proprietary
billing system. The extensible nature of this protocol allows them to create that field so that
all switches in Country A can understand it. For these reasons, you can see that just about
every country has their own ISUP variant. It is important to know what ISUP variant you
are communicating with at your switch and plan accordingly.

ISUP, similar to all other upper-layer protocols, uses the services from MTP (discussed
earlier) to exchange messages between signaling points. Routing of ISUP messages is
accomplished by using point codes and a SLS at MTP2 with a MSU routing label and point
codes and CICs in the ISUP TAM messages. One thing that has not yet been discussed is
the use of the E.164 numbers. These E.164 numbers are what you recognize as a phone
number, and Figure 2-27 shows the different portions of the number. E.164 numbers assist
with the call routing in SSPs as they do a digit analysis to determine the intended
destination of the call. Number analysis is outside the scope of this chapter.



59 Chapter 2: The Signaling System 7 Network

Figure 2-27 E.164 Number Configuration

CcC NDC SN

E.164 Number

CC = Country Code
NDC = National Destination Code
SN = Subscriber Number

Example: 65-XXXX-XXXX (Singapore)
Example: 81-X-YYYY-ZZZZ (Tokyo)
Example: 1-XXX_YYY_ZZZZ (United States — North American Numbering Plan)

Basically, these numbers are split up into groups that are based on geographic regions, and
within these regions each exchange has a specific number of nodes local to it. They are split
up in a similar way to that of point codes. Instead of Network.Cluster Member (U.S.) or
SANC.SPID (ITU), it is formatted as a country code, national destination code, and
subscriber number. The U.S. uses the North American Numbering Plan (NANP), which is
a combination of the numbering plan area (NPA), numbering exchange (NXX), and station
code (four digit code). E.164 number composition varies from country to country,
dependent on how the numbering scheme has been developed.

Another major difference between ISUP and TUP is the fact that ISUP uses en bloc
signaling. En bloc signaling sends all the dialed digits during the initial setup phase, instead
of just a few digits followed by one or more subsequent address messages. However, it is
important to point out that ISUP can also support overlap signaling, although it is not as
common when ISUP is used. TUP uses overlap signaling. Although most switches now use
the en bloc signaling method, it is still possible to use overlap signaling if necessary.

There are two signaling methods that you can use with ISUP: link-by-link or end-to-end.

Link-by-link signaling is used when the messages need to be processed by each signaling
point within the signal path. An example of this type of message is an IAM. Each SSP has
to receive the IAM, complete digit analysis to decide if the call is local, and if not, reformat
the routing label for the next hop transport. End-to-end signaling is used for a specific type
of application request between the originating and destination signaling points. An example
of this is SCCP transport for an application request with TCAP.

ISUP provides about 100 messages, and this section only focuses on a small subset of them.
The message types are IAM, ACM, Call Progress (CPG), Answer Message (ANM),
Release (REL), and Release Complete (RLC). Figure 2-28 shows the ANSI and ITU
formats for an IAM.
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Figure 2-28 [AM Composition
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The IAM and the ACM are used in the same manner as with other protocols, such as TUP.
The CPG notifies the originating signaling point that the call is being forwarded through
the network. Although this can be transmitted as a separate message type, the CPG is
typically part of the ACM. The ANM identifies when the called party answers the call that
is being sent to them. The CPG, ACM, and ANM are all messages that are sent in the
backwards direction. The REL notifies the other end of the call that the call is being torn
down. After a REL is sent, the transmitting SSP does not need to wait for a RLC before it
releases the circuit because the call has already terminated. On the receiving end, the
remote SSP sends a RLC in acknowledgment of the REL message. Refer to Figure 2-29
and Figure 2-30 for an overview of a basic call setup and teardown procedure.
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Figure 2-29 Basic ISUP Call Setup Flow
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Figure 2-30 Basic ISUP Call Teardown Flow
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Intelligent Network (IN)

FEs

The purpose of the IN infrastructure is to provide a suite of services to subscribers that are
inherently not provided by the SS7 network. This list also includes services that are
provided to the network operator.

A distributed service architecture allows service providers to support a wider range of
services and to deploy them to a larger subscriber base. Without this architecture, sub-
scribers are limited to the services that their SSP was able to provide. These services can be
erratic offerings, and the cost of scaling is high. IN created a model that allowed for the
delivery of services and call routing assistance in a distributed manner.

The development of an IN infrastructure was a difficult task by itself. A set of standards had
to be created that remained vendor independent and that allowed different vendors to
interoperate with the same IN equipment. These standards also had to allow changes to the
vendor equipment without interrupting the subscriber services.

Finally, these services had to be network infrastructure independent to allow providers
flexibility in managing their own network.

The bulk of the requests for network services are made through TCAP queries. The use of
TCAP allows network devices to request and receive information such as toll free number
lookup, Caller ID Deluxe, and LNP. Caller ID Deluxe transports the calling party’s number
and the name that it is registered to under normal circumstances.

Several components make up the IN network core. These components consist of Physical
Entities (PEs) and Functional Entities (FEs). Each PE can provide one or more FEs.

FEs are specific tasks that PEs carry out. FEs can be grouped within one PE or distributed
across several PEs. In other words, two different FEs can be carried out by the same SSP or
they can be distributed across two separate SSPs (one each). However, you can’t distribute
one FE across multiple SSPs. You can offer redundant FE instances, which are distributed
over several PEs throughout the IN network. Some of the more common FEs are the
following:

®  Service Switching Function/Call Control Function (SSF/CCF)— This definition is
actually two separate functions, and they are normally used in conjunction with one
another. The SSF is the interface in which the CCF communicates with the Service
Control Function (SCF). Without this interface, the CCF cannot be controlled by the
SCF, and services are not possible. The CCF is the physical call control, as handled
by devices such as SSPs.

® (Call Control Agent Function (CCAF)—The CCAF allows subscriber access into
the service network. The CCAF provides the interface in which subscribers can access
each service.
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PEs

® Service Control Function (SCF)—The SCF controls the service logic and the
internal service processing. The SCF is the actual internal operation of the service.

® Service Data Function (SDF)—Each service has its own set of data. The SDF
provides access to this data for the SCF. For instance, access into the database that
holds the toll free number lookup.

® Special Resource Function (SRF)—The SRF handles a set of functions that are
required for subscriber interaction with services. Services include DTMF digit
collection, voice recognition, and Interactive Voice Response (IVR) services.

® Service Management Function (SMF)—SMF provides the control framework for
the service creation, deployment, and management. The SMAF and SCEF interface
directly with the SMF.

® Service Management Access Function (SMAF)—The SMAF provides the logical
viewing window to the SMF.

® Service Creation Environment Function (SCEF)—The SCEF provides the ability
to create, test, and set up services into the SMF. Products of the SCEF are the service
logic and data templates.

Several of the PEs (SCP and SSP) have been discussed earlier in this chapter. PEs are actual
devices that carry out the programmed functions to provide the stated service. Although
they have different definitions, some of the following PEs can be combined within the same
physical unit:

® SSP—SSPs are responsible for call management and call processing and for routing
calls through the network to the proper destination. In the case of IN, SSPs are
responsible for identifying which calls require service interface and providing that
interface to the subscriber.

® SSCP—The SSCP combines the SSP and SCP functionality into one piece of
equipment. Access to the services is faster, but communication protocols and methods
with other devices will not change.

® SCP—SCPs provide specific services to the end customers. SCPs are typically
deployed off a mated pair of STPs in North America and off of SSPs with the
integrated STP functionality internationally. Moreover, they contain the Service
Logic Programs (SLPs) and the required data to provide the individual services to
the subscriber. Multiple SCPs deployed in a region with the same SLPs can be
used for load balancing the service traffic.

® Network Access Point (NAP)—NAPs provide CCF and CCAF functions within the
IN infrastructure. NAPs do not have any direct access to SCPs, but they can identify
calls that are destined for services. In such cases, the NAP must route the call to a SSP
with SCP access.
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® Adjunct (AD)—This device functions much the same as a SCP, but it is directly
connected to a SSP over a high-speed link. ADs can provide faster communication
with SSPs, but the actual messaging remains the same as in SSP to SCP
communication.

® Intelligent Peripheral (IP)—The IP contains the SRF discussed above. This device
is responsible for DTMF digit collection, voice recognition, and IVR services.

® Service Node (SN)—SNs control IN service interaction with subscribers and can act
as a AD, IP, or SSP at the same time. Usually deployed near several SSPs to provide
multiple services at the same time.

® Service Data Point (SDP)—The SDP handles the customer data and contains the
SDF. When a service is called upon that requires data, the SDP is accessed.

The relation between FEs and PEs can be seen in Figure 2-31.

Figure 2-31 Relationship Between FEs and PEs in the IN

Y
Me~
SS7 Signaling ) _____| SDF
Network
SDP
N~
SCP T S
; % ~
SCF
SRF : h SDF
: AD
: N~
IP
[ CCF/SSF
CCF/SSF/SCF
SCF SRF
SDF SRF CCAF SDF NAP
SN ssp
Optional FE ]
Signaling ~ -=-=mmimmemm
IMT

IN has been developed as a set of tiered deployment stages that allow for backward
compatibility between legacy technology and the extensibility to create and modify
services as needed. It is important that these services are deployed seamlessly to the
subscriber. In an effort to ease this difficult procedure, IN was designed as three separate
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capability sets (CS-1, CS-2, and CS-3). These capability sets have been deployed in
succession over the core IN network.

Capability Set 1 (CS-1)
CS-1 is the first capability set that was used with the IN architecture. It was designed to
support all developing IN services and to set the framework for compatibility of future
service offerings. CS-1 also takes into account that there are proprietary services that do not
necessarily go through ITU-T’s process for standardization. The CS-1 standard describes

Table 2-5

two different types of services: Type A and Type B.

Type A service is what is known as a single-ended service. In other words, if the service is
started at one end of the connection, the service only affects that end of the connection. The
remote end of the connection can also call upon the same service, at the remote end, and it
acts upon it independently. All other types of services are referred to as Type B and are not
used because of operational and deployment complexity. These types of services are
difficult because many of them require shared call control between the switch and external
network devices. Table 2-5 lists a subset of the services supported by CS-1.

Subset of CS-1 Service Support

Service Name

Service Code

Fully Supported in CS-1

Abbreviated Dialing ABD Yes
Attendant ATT Yes
Authentication AUTC Yes
Authorization Code AUTZ Yes
Automatic Call Back ACB No
Call Distribution CD Yes
Call Forwarding CF Yes
Call Transfer TRA No
Call Waiting CW No
Customized Recorded Announcement CRA Yes
Multiway Calling MWC Yes
Originating Call Screening OCS Yes
Reverse Charging REVC Yes
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The CS-1 of IN follows a specific method for call service control and handling. For the most
part, these steps remain the same from call to call:

1 A call comes into the network structure with the proper dialed digit pattern or off hook

indication. The CCF recognizes CS-1 functions even though it is not aware of how to
process the IN functions directly. The call is passed on to the SSF.

As shown in Figure 2-31, the CCF and SSF are, in most cases, woven into the same
IN device. The SSF function analyzes the incoming call to make a decision based on
which service is being requested by the subscriber. After this decision has been made,

a TCAP query is formulated to the SCF.

3 The SCF receives the query, makes a decision on which service is being requested,
and returns a response to the SSF. This response can include service logic for
translations, a prompt for digit collection, or a query to a remote SDF.

4 After the SSF receives this response, it instructs the CCF on how it should route the

call to the selected service.

Capability Set 2 (CS-2)
CS-2 expands on the types and complexity of services that CS-1 might not have been able
to provide completely. Both CS-1 and CS-2 are subsets of the complete IN architecture.

CS-2 provides several types of services, including Telecommunication Services, Service

Management Services, and Service Creation Services. Service Management Services and
Service Creation Services are new service types with the advent of CS-2. Table 2-6 lists a
subset of the additional services added by CS-2.

Subset of Additional CS-2 Service Support

Table 2-6

Telecommunication Services

Service Name

Service Code

Fully Supported in CS-2

Internetwork Freephone IFPH Yes
Internetwork Premium Rate IPRM Yes
Conference Calling CONF Yes
International Telecommunication ITCC No
Charge Card

Originating and Terminating Carrier =~ OCI/OTC No
Identification

Blocking/Unblocking of Incoming BUIC No
Calls

Emergency Calls in Wireless ECW No
Charge Card Validation CCV Yes

continues
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Table 2-6

Subset of Additional CS-2 Service Support (Continued)

User Service Interaction

USI

Yes

Service Management Services

Service Name

Service Code

Fully Supported in CS-2

Telecommunications Service TSC Yes
Customization

Service Control Customization SCC Yes
Subscriber Service Activation SSAD Yes
Deactivation

Subscriber Profile Management SPM Yes
Subscriber Service Limiter SSL Yes
Billing Report BR Yes
Subscriber Traffic Monitoring STM Yes

Service Creation Services

Service Name Service Code Fully Supported in CS-2

Feature Interaction Detection N/A Yes
Cross-Service Feature Interaction N/A Yes
Detection

Creation Initiation N/A Yes
Editing N/A Yes
Data Rule Generation N/A Yes
Data Rule Distribution N/A Yes

Although the new services in CS-2 add a lot more flexibility and manageability to IN, the
call flow is still handled the same way as in CS-1. The lists of services in Table 2-6 by no
means are exhaustive, as there are many more services that are currently offered. More are
created and modified on a monthly basis to provide better services to the subscriber base.
Several of the more commonly used services were mentioned earlier: toll free number
lookup, Caller ID Deluxe, and LNP.

Toll free number lookup occurs on a daily basis, and chances are that hardly anyone realizes
that there is service interaction involved with it. In fact, most people think that the 800
number they dial is the actual number that they are ringing. This is simply not the case. For
all of the 800 numbers, there are sets of databases (usually SCPs) that have records of all
the issued 800 numbers and their corresponding telephone numbers. When the proper
number is dialed, say 800-555-1212, a TCAP query is issued to find out what the actual



Expert Whiteboard: LNP Operation in North America 68

number is that the call should terminate to. The number is returned back to the inquiring
SSP, and the call is routed through.

This first service is largely deployed in North America, but national specific deployments
of it do exist elsewhere. In Australia there are 800 numbers and 13 numbers, both of which
require translation. In essence, you don’t have to use 800 numbers to provide this type of
service (ToS).

Normal caller ID passes the calling party’s phone number on to the called party for
identification. The user can then decide whether or not to pick up the call. Caller ID Deluxe
provides not only the calling party’s number, but their directory information. So, instead of
919-555-1212, you receive Brad Dunsmore 919-555-1212.

The last service that this section covers is LNP. LNP makes sure that if you move, your
phone number moves with you. So, if I live on the east side of Atlanta, and I move to the
west side of Atlanta, LNP ensures that my phone number is ported to the exchange of my
new residence.

Expert Whiteboard: LNP Operation in North America

The Telecommunications Act of 1996, which became law on February 8, 1996, was
designed in large part to open local exchange markets to competition by removing existing
statutory, regulatory, and operational barriers that have thwarted the ability of new entrants
to provide competitive, local telecommunications services in the U.S. One of the most
significant steps that Congress took to effectuate this goal was to require all local exchange
carriers (LECs), both incumbents and new entrants, to provide number portability in
accordance with requirements prescribed by the Commission. The 1996 Act defines
“number portability” as “the ability of users of telecommunications services to retain, at the
same location, existing telecommunications numbers without impairment of quality,
reliability, or convenience when switching from one telecommunications carrier to
another.” Number portability is essential to meaningful, facilities-based competition in the
provision of local exchange service because survey data show that customers are reluctant
to switch carriers if they must change telephone numbers.!

Without number portability, customers ordinarily cannot change their local telephone
companies unless they change telephone numbers. If a customer changes local telephone
companies and receives service at the same location from a different telephone company
that is providing service from a different switch, the customer’s new local telephone
company typically must assign the customer a new seven-digit number (NXX code plus
line number) associated with the new switch and new telephone line 2

There are three different categories of number portability:

® Service Provider Portability
® Location Portability

® Services Portability
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Service Provider Portability

The FCC First Report and Order (96-286) required all LECs to begin a phased deployment
of service provider LNP in the 100 largest Metropolitan Statistical Areas (MSAs) no later
than October 1, 1997, and to complete deployment in those MSAs by December 31, 1998.
Service provider portability allows subscribers to keep their existing telephone number (for
incoming calls, outgoing caller identification, and billing) when changing to a different
telephone company. At this time, service provider portability is the only method that has
been mandated by the FCC.

By June 30, 1999, all cellular, broadband PCS, and covered SMR providers must provide a
long-term database method for number portability in switches for which another carrier has
made a specific request (by September 30, 1998) for provision of number portability.3

The components that make up an LNP-capable network include the following:

® SSP—Generates LNP queries
® STP—Performs Global Title Translation (GTT) to route the queries
® SCP—Contains the LNP database, where queries are sent

® Service Management System (SMS)— Updates the SCP database with location
routing numbers (LRNSs)

®  Number Portability Administration Center (NPAC) connectivity

Long-term number portability has been implemented through LRN architecture. Under
LRN architecture, each switch is assigned a unique 10-digit LRN. The first six digits
identify the location of that switch (typically NPA-NXX), followed by four digits that are
unique. When a number is ported, each customer’s telephone number is matched in a
regional database with the LRN for the switch that currently serves that telephone number.
Each LNP database serves an area that corresponds to one of the original Regional Bell
Operating Company (RBOC) service territories.

LNP administrators (LNPAs), which are neutral third parties, administer the regional LNP
databases. The telecommunications carriers within each particular region have formed a
limited liability corporation (LLC) to negotiate service contracts with the LNPA for that
region, and additional telecommunications carriers can join an LLC at any time. The North
American Numbering Commission (NANC) recommended that a NPAC database be
established for each of the seven original RBOC regions. The commission also adopted the
NANC’s recommendation that the administrative functions of the LNPAs include all
management tasks required to run the regional databases. The Mid-Atlantic, Mid-West,
Northeast, and Southwest LLCs each separately endorsed Lockheed-Martin IMS to
administer the LNP databases. The Southeast, Western, and West Coast LLCs each
separately endorsed Perot Systems, Inc., The LLCs for the Southeast, Western, and West
Coast regions have since reported that performance problems prompted them to terminate
their contracts with Perot in favor of Lockheed.
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When a customer changes from one LEC to another, the recipient switch ports the
customer’s number from the donor switch by uploading the customer’s telephone number
to the administrator of the relevant regional LNP database. This associates the customer’s
original telephone number with the LRN for the new carrier’s switch, which allows the
customer to retain the original telephone number. The regional database administrators then
electronically transmit (download) LRN updates to carrier-operated local service
management systems (LSMSs). Each carrier then distributes this information that the
carrier uses for providing number portability. Downloading of LNP/LRNs to the individual
companies is accomplished by the NPAC interacting with the local SMS, which updates the
appropriate SCPs.

For a carrier to route an interswitch telephone call to a location where number portability
is available, the carrier must determine the LRN for the switch that serves the terminating
telephone number of the call. After number portability is available for a given NXX, all
interswitch calls to that NXX must be queried to determine whether the terminating
customer has ported the telephone number. This is accomplished by sending an LNP query
to the STPs that are performing GTTs for the dialed digits. This STP pair then passes the
query to the appropriate subsystem on the SCP to retrieve the LRN associated with the
called telephone number.

The industry has proposed, and the commission has endorsed, an N minus one (N—1)
querying protocol. Under this protocol, the N—1 carrier is responsible for the query, “where
‘N’ is the entity terminating the call to the end user, or a network provider contracted by the
entity to provide tandem access.” Thus the N—1 carrier (for example, the last carrier before
the terminating carrier) for a local call is usually the calling customer’s local service
provider; the N—1 carrier for an inter-exchange call is usually the calling customer’s inter-
exchange carrier (IXC). An N-1 carrier can perform its own querying, or it can arrange for
other carriers or third parties to provide querying services on its behalf 2

To route a local call, the originating local service provider examines the seven-digit number
that its customer dialed, for example, 555-2222. If the called telephone number is on the
originating switch (for example, an intraswitch call), the originating local service provider
simply completes the call. If the call is interswitch, the originating local service provider
compares the NXX, 555, with its table of NXXs for which number portability is available.
If 555 is not such an NXX, the originating local service provider treats the call the same as
it did before the existence of number portability. If it is an NXX for which portability is
available, the originating local service provider adds the NPA, for example “708,” to the
dialed number and query (708) 555-2222 to an SCP containing the LRNs downloaded from
the relevant regional database. The SCP returns the LRN for (708) 555-2222 (which is
typically (708) 555-0000 or (708) 555-9999) and uses the LRN to route the call to the
appropriate switch with an SS7 TAM message that indicates that a query has been
performed. The terminating switch then completes the call. To route an inter-exchange call,
the originating local service provider hands the call off to the IXC and the IXC undertakes
the same procedure. An example of this is shown in Figure 2-32. It represents a typical LRN
call flow.
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Figure 2-32 Originating Switch LNP Processing Direct to Recipient Switch
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For additional call flows see the “Generic Switching and Signaling Requirements for
Number Portability” from the Telcorida document.

Scenario: LNP Call Flow

End user A 708-555-1111) dials end user B (708-555-2222). Assume that end user B
(708-555-2222) ports their number to a different LSP. End user A’s local service provider
can be connected through a direct connection to end user B’s LSP if this is an intralocal
access and transport area (LATA) call. See the following steps for a detailed description of
LNP LRN.

1 Caller dials 555-2222.

2 The originating switch performs digit analysis on the dialed digits to determine how
to route the call. The originating switch determines that end user B is in a portable
NPA-NXX (708-555) and that end user B does not reside on the originating switch.

3 The originating switch sends an AIN (Info_Analyzed) query based on the dialed digits
to the LNP SCP.

4 The LNP SCP sends an AIN (Analyze_Route) response that contains the LRN (312-
979-XXXX) of the recipient switch.

5 The originating switch receives the LNP SCP response and analyzes the data. The
LRN is translated in the LNP routing tables and an ISUP route from the originating
switch to the recipient switch is determined. The LRN is stored in the Called Party
(CdPN) parameter and the dialed digits are stored in the Generic Address Parameter
(GAP) of the ISUP TAM. The Forward Call Indicator (FCI) is set to indicate a query
has been performed (bit M=1 of the FCI).
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6 The call is routed from the originating switch to the recipient switch based on the
LRN.

7 The recipient switch receives and processes the contents of the ITAM message. The
switch determines that an LRN is received and that it is its own LRN. The switch
replaces the CdPN parameter’s contents with the dialed digits stored in the GAP
parameter. The switch does digit analysis on the dialed digits and finds the end user
on the switch.

8 The recipient switch completes the call from End user A to End user B.

Location Portability

Location portability is basically geographic portability when a subscriber moves from one
LEC'’s territory to another LEC’s territory. With location portability comes the possibility
of loss of NPA-NXX geographic recognition. Today an NPA-NXX distinguishes where a
call originates. For example, area code 303 is for Denver, Colorado. If location portability
was being used and a subscriber moved from Denver, Colorado to Atlanta, Georgia, when
the subscriber made calls the receiving customer might think the call was coming from
Colorado. This might not seem like a big deal, but it raises rate center and billing concerns.
For example, what if your old next-door neighbors in Denver didn’t know that you had
moved. They pick up the phone and dial your 303-NXX-XXXX and your phone rings at
your new house in Atlanta. It is a long distance call, but your neighbors thought they were
dialing across the street; who pays for that call? Then add in alternate billing services such
as collect calling, third number billing, and so on, and the complexity keeps growing.

Services Portability

The FCC defines the concept of service portability as the ability of a subscriber to change
their ToS while retaining their existing telephone number. An example of this is migration
from POTS service to ISDN. In this case, the customer is not changing service providers,
but rather, changing their CoS or ToS.

References

Following are the references for the whiteboard:

® IFCC 2nd Report and Order (97-289) issued 8/14/97
www.fcc.gov/Bureaus/Common_Carrier/Orders/1997/fcc97289.txt

® 2FCC 3rd Report and Order (98-082) issued 5/12/98
www.fcc.gov/Bureaus/Common_Carrier/Orders/1998/fcc98082 .txt
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® 3primer for Local Number Portability
www.ported.com/midlnp.html

® FCC Ist Report and Order (96-286) issued 7/2/96
www.fcc.gov/Bureaus/Common_Carrier/Orders/1996/fcc96286.txt

® FCC Ist Reconsideration Order (97-74) issued 3/11/97
www.fcc.gov/Bureaus/Common_Carrier/Orders/1997/fcc97074 .txt

Capability Set 3 (CS-3)

CS-3 is the newest set of features to be added to the IN infrastructure. CS-3 is the next
generation of IN functionality that builds upon what is already in place from CS-1 and
CS-2 in the service provider network. Some of the services that are added with CS-3 are the
following:

® Feature interworking— Features can now interoperate with one another, which allows
for multiple simultaneous services to be deployed to the subscriber at one time or over
one call.

®  Number portability —Number portability is not deployed and active throughout the
service provider network in many different countries.

® Enhanced services for Narrowband Mobile Networks.
® Enhanced services for Broadband Mobile Networks.
®  Support for IP-Based Network Interworking.

®  Support for Broadband ISDN (B-ISDN).

®  Support for Technology Transparency.

Summary

Signaling is a function that is required to facilitate call control and management. There are
two different types of signaling: CAS and CCS. CAS is the older, less efficient way of call
control. Found in technology such as T1, the main identifying characteristic is that the
signaling is woven into the data stream. CCS is out-of-band signaling, which means that it
is not intrusive to the data. ISDN PRI is physically in-band but logically out-of-band
because a separate DSO is used for signaling. For this reason, ISDN is considered CCS.

SS7 is used in almost every country in the world and is used for the set up and teardown of
calls and for the management of the switched network infrastructure. There are three main
components in the SS7 infrastructure: the SSP, STP, and SCP. SSPs are switches that are
responsible for routing calls through the network, accessing services when required, and
managing all phases of call control. SSPs connect into the signaling network and the bearer
network. SSPs are interconnected with high-bandwidth links that are known as IMTs. STPs
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aren’t much more than packet switches for signaling, whose purpose is to switch call
signaling through the network at a high rate of speed, which is based on their configured
routing table. STPs only interface with the signaling network and aren’t concerned with the
actual call path. SCPs, along with other IN equipment, provide services to subscribers
otherwise unavailable in the SS7 network.

There are three main signaling types that are used in CCS environments: fully-associated,
quasi-associated, and non-associated. Fully-associated is used when the signaling and data
take the same physical path but are separated logically, as with ISDN PRI. Quasi-associated
signaling is used in instances of STPs communicating with multiple SSPs; the signaling is
never more than one hop away from the bearer traffic. Non-associated signaling is used
when there is communication on the signaling path between different mated pairs of STPs.
Whenever possible, quasi-associated signaling is desired.

Signaling links are physical links between signaling points within the SS7 network. Up to
16 links can be combined (0 through 15) to form a link set. Load sharing can be
accomplished across links within the same link set or of differing link sets. In the case of
load sharing across link sets, it is referred to as a combined link set.

Point codes route traffic through the SS7 network from the origination to the destination.
There are three main classes of point codes: OPC, DPC, and APC. The OPC is the
origination of the call, and the DPC is the destination. An APC is something like a pair of
STPs connected to a SSP. Point codes are the IP addresses of the SS7 network, and they
differ in format between ANSI, which is used in the U.S., and ITU, which is used
everywhere else. The ANSI point code is made up of three 8-bit octets, and the ITU point
code is made up of a 3-bit field, an 8-bit field, and a 3-bit field. The first and second fields
combine to form what is called the SANC. Remember that there are exceptions to these
rules. China uses a 24-bit point code and Japan uses a 16-bit point code.

The SS7 model has four different layers as it relates to the ISO OSI model. The first three
layers are the MTP Layers 1, 2, and 3, which roughly correlate to the first three layers of
the OSI model. The models do not directly match up because the SS7 model was in place
prior to 1984 (the year of the creation of the OSI model). The last layer is actually a
combination of all upper layers and all upper-layer protocol operations, such as ISUP, TUP,
and TCAP, all of which take place at that layer. MTP1 is responsible for the electrical and
physical characteristics of the signaling link. MTP2 is responsible for the reliable
transmission of MTP3 traffic, and ensuring link integrity. MTP3 is responsible for routing
the proper upper-layer call messages through the network from signaling point to signaling
point.

There are many upper-layer protocols, but the one most commonly used today is the ISUP.
ISUP builds on some of the shortcomings of TUP by adding support for ISDN, and it
efficiently handles call control and circuit management. Some of the messages that are used
by ISUP are the IAM, ACM, ANM, REL, and RLC. These messages are used in basic call
setup and tear down.
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IN is a set of standards that describe the framework for a host of services to be provided to
the subscriber. It is designed to offer an infrastructure to support services not available in
the common SS7 network and to provide a distributed and extensible way of doing so. The
IN is split into three main capability sets: CS-1, CS-2, and CS-3. CS-1 and CS-2 provide a
host of services to the user. CS-2 takes it a bit further with management and service creation
services. Of these services, several of the more commonly deployed are Caller ID Deluxe,
800 Number Lookup, and LNP. CS-3 adds several functions to the IN infrastructure,
including IP-based network interaction, support from B-ISDN, and support for network
technology transparency.

Review Questions

Give or select the best answer or answers to the following questions. The answers to these
questions can be found in Appendix A, “Answers to Review Questions.”

1 What is the main difference between CAS and CCS Signaling?
a CAS is logically in-band but physically out-of-band.

b CCS isn’t intrusive to the data, and it is considered in-band.
¢ CAS is considered in-band signaling, and it is intrusive to the data.
d There is no difference between them.

2 What are the three main SS7 network nodes that were discussed in this chapter?

3 Which geographic region does the U.S. fall under in the ITU point code structure?

a 1
b 4
c 5
d 3

e None of the above. ANSI point codes are used.
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4 What is the purpose of a C-link?

a

b

c

d

It connects a SSP to a SSP.
It connects mated pairs of STPs.
It connects devices in different levels of the hierarchy.

It connects a SSP to something similar to a STP.

5 Which of the following timers have to do with congestion?

a

b

e

T2

T6

T3

T5

T4

6 Which layer in the SS7 stack do point codes operate at?

a

b

c

d

MTP1

MTP4

MTP2

MTP3

7 What does the following icon stand for?

RN

v
SSP and STP

STP
SRF
SSP

NAP
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8

10

What is the recommended percentage of traffic that you should configure a signaling
link to carry?

Identify the device that the following definition is discussing: This device functions
much the same as a SCP, but it is directly connected to a SSP over a high-speed link.
They can provide faster communication with SSPs, but the actual messaging remains
the same as is used with SSP to SCP communication.

a NAP
b AD
c IP

d STP

What is one thing you should check if your alignment is failing at the T4 proving
timer?
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This chapter covers the following topics:

® Understanding digital communication—When attempting to delve into the details
of how analog signals become digital, it is helpful to understand the history and
motivation behind the move to the digital transmission of analog signals. It is also
important to be clear on the advantages that digital transmission has over analog
transmission.

The signal conversion process—Details on the process of converting an analog
signal into a digital bit stream. The four phases of the process are explained in
straightforward terms, while the entire flow of events is rendered in explicit detail.

® Variations on the pulse code modulation (PCM) theme — After a firm
understanding of the basics of PCM is well in hand, this discussion serves to offer
alternatives to the standard PCM technique. These additional techniques are presented
in terms with which you are already comfortable.



CHAPTER

Analog-to-Digital Conversion

Understanding Digital Communication

Digital communication is the transmission of information by discrete pulses of electricity
or light impulses. The simplicity in digital communication belies its vast power. Often, you
can get away with paying attention only to whether a pulse exists in a particular moment of
time. Contrast this with the need to monitor every infinite change in signal strength to
correctly duplicate a waveform, as in the case of analog communication.

In digital communication, you need concern yourself only with on or off, yes or no, true or
false. Only two states exist, which greatly simplifies the information that needs to be
transmitted across a communications medium. This alone greatly improves the quality of
what you transmit, by eliminating endless “shades of gray” and concentrating only on
“black and white.”

Motivation for Digital Communication

Figure 3-1

Just imagine being tasked with the chore of recognizing every shade of gray possible. This
presents, literally, an infinite number of possibilities. Contrast this with having to recognize
only black and white (see Figure 3-1). All of a sudden, the job gets a lot easier. Furthermore,
the chance of committing an error in recognition diminishes, as does the possibility of, for
example, a little dust introducing some form of recognition difficulty. Dingy white is still
white, and faded black is still black, as long as black and white are the only two choices.
As you will see shortly, this reduction in the possibility of error and this loose tolerance for
recognition are also benefits of digital communication.

Shades of Gray Analogy
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With this analogy in mind, consider that the main impetus for the development of digital
communication was the need for a better way to store musical information, with fewer
errors and more quality. In the 1920s, for example, music had to be stored as analog
waveforms etched in wax, which could then be read only a limited number of times.

Evolution of Digital Communication

The idea was that analog information could be represented as distinct pulses of information,
like Morse code, where only a few simple combinations are combined to represent a larger,
more complex set of symbols. After conversion, analog information is stored and retrieved
with more accuracy and quality than by directly recording analog information. The idea arose
early on to use a bi-state mechanism as the combining element for digital communication.
This was the dawn of what is now known as binary digital communication, where 1s and Os
are used exclusively in the transmission and storage of information.

This might be a good time to clarify a fact that is sometimes overlooked when talking about
binary digital information. It is important to realize that the 1s and Os referred to in digital
communication are simply human interpretations of what is being stored or communicated.
For example, a 1 might indicate that a memory location is holding a charge, or that a
communications line is electrified at that moment in time, and a 0 might indicate that no
such charge or electrification exists. The use of 1s and Os is just a way to work with large
quantities of binary information and to mathematically predict or analyze various trends
and situations.

Improvements Over Analog Communication

Recall the earlier analogy of being tasked with recognizing shades of gray, as opposed to
just black and white. The point was made that dust could settle on the object, making it
more difficult to correctly identify exactly which shade of gray you were looking at,
especially if the shades were infinitesimally close to begin with. Quality assurance in this
task would be tricky, at best.

However, if you had to identify the objects only as black or white, it would take quite a bit
of dust to obscure the underlying blackness or whiteness. This is also the case with digital
signals. So much tolerance is built into the receiving mechanism, that common interference
does not alter the perceived value of the digital signal. A slightly stronger or weaker pulse
is still read as a pulse. A slight to medium disturbance in the signal, where no pulse should
be, is still perceived as the lack of a pulse.

In contrast, analog transmission systems accumulate interference and impairments. After
being introduced, these anomalies cannot be easily eliminated. Any change to the original
signal permanently alters the quality of the signal, sometimes distorting it to an
unrecognizable extent. The effect is heightened when you amplify the analog signal to
compensate for signal loss. Any interference that the signal has already picked up is
amplified, along with the original signal.
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If you go back to the black and white analogy, you can see that if you were asked to perform
the recognition process in a slightly darkened room, you would have more trouble
identifying the shades of gray, but the identification of black or white would still be
relatively simple. This is an example of signal loss. Because colors and grayscale are
transmitted by relative reflection of light, less light means less signal arrives at your eye. In
fact, a complete signal loss (complete darkness) makes even the recognition of black and
white lean entirely to the black (which translates as no optical data or “0”). In this case, it
doesn’t matter if you’re being asked to recognize shades of gray or just black and white.
You can’t see or recognize anything. The point is, perceived as all Os, a complete loss of
signal is as equally catastrophic in digital transmission, as it is in analog.

In the case of analog and digital communication, you are hindered more by the loss and
amplification of the analog signal than by the loss and regeneration of the digital signal. It
is a simple task to restore a digital pulse to its original strength and shape, as compared to
restoring a potentially distorted analog signal to its original form. A distorted pulse is still
apulse. This is because the digital signal is distorted by analog interference, which is easily
ignored. This same analog interference hides within an analog signal, which makes it all
but impossible to reverse.

The Signal Conversion Process

Figure 3-2

By way of review, an analog signal is one in which each point on the waveform is
meaningful (a continuous waveform). Analog signals are graphically depicted as sinusoidal
waves (see Figure 3-2). This is also the motion that a guitar string exhibits when plucked.
The string moves through and past the origin (the x-axis showing time, here), which is
nearly an equivalent distance toward the guitar as away from the guitar.

Sinusoidal Analog Waveform

One Cycle

Time

Signal Strength (V)
~
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Figure 3-3

Although the positive amplitude is often illustrated to be the same as the negative amplitude
within the same cycle, in reality, because the signal is usually trailing off or attenuating (losing
signal strength) as time goes on, these depictions can be slightly inaccurate. The amplitude of
a crest in the waveform often is smaller than that of the previous crest. The concept of a cycle,
in graphical terms, which might be easier to understand than the technical definition, is the
portion of a waveform that begins and ends at the horizontal axis that is heading in the same
direction at the beginning and end. This means that one upsweeping and one downsweeping
crest makes up a cycle. Figure 3-2 shows a waveform with two cycles.

In contrast, a digital signal contains discrete pulses, in which only the existence or absence
of a pulse, and sometimes the rising or falling disposition of one or more edges of the
pulse (as in Manchester encoding), is meaningful. Only the amplitude of the pulse, not the
voltage levels attained throughout the creation of the pulse, is important. Digital signals are
graphically depicted as square waves (see Figure 3-3). Digital waveforms are also discussed
as having cycles, although the physics of analog waves do not govern digital waves.

Square Digital Waveform

One Cycle

/—/H

Time

Signal Strength (V)

The physical difference between digital waves and analog waves is that unless you employ
some form of bipolar line coding scheme (positive and negative representation of the Os and
1sin a form designed for the transmission medium), such as alternate mark inversion (AMI)
or bipolar 8-zero substitution (B8ZS), and transmit all 1s, you might not answer every
positive crest with a negative, as in the case of an analog waveform. Line coding schemes
such as AMI and B8ZS are covered in more detail later in this book during the discussion
of T1. After being coded into digital, the analog source can be represented by a series of
bits that have few 1s over various stretches of the bit stream. These Os are often depicted as
no pulse, hence no crest in the wave. Nevertheless, even two consecutive Os, because of the
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time slots assigned to the lack of electrical activity, can be considered to make up one cycle
in the digital waveform.

Figure 3-3 shows a digital pulse stream that represents some form of bipolar return to zero
(BRZ) technology, which is transmitting all 1s in this case. The half-pulse width
transmission of zero for each pulse helps keep true to the zero-voltage reference, especially
during the transmission of all 1s. This can occur for an extended period during testing or in
certain equipment failure conditions to keep the line up. In this case, an extended period
without a return to zero might allow the signal to wander, which causes the positive or
negative pulses to read as Os, depending on which way the signal wandered. Digital line
coding schemes are covered in detail in Chapter 5, “T1 Technology.”

Converting an analog signal into a digital form that adequately represents the original
waveform, after its conversion back to analog, is accomplished by a series of four time-
tested processes:

® Filtering

® Sampling
®  Quantizing
® Encoding

When grouped together, these processes are known collectively as pulse code modulation
(PCM), which is documented in the International Telecommunication Union
Telecommunication Standardization Sector (ITU-T, formerly the CCITT) standard G.711.
The sections that follow discuss all four processes in greater detail.

Filtering

Filtering can be thought of as the process of isolating only the contiguous frequencies that
you are interested in digitizing. One of the simplest examples is that of an analog voice
source, which is intended for digitization and subsequent transmission over digital circuits.

In the case of an analog voice source, the contiguous range of frequencies of interest that
communicate across a circuit is the 3100 Hz (often expressed 3.1 kHz) range, from 300 Hz
to 3400 Hz, inclusive. This is the most common range of spoken voice.

If frequency, which is expressed in hertz (Hz) or cycles per second, is foreign to you, think
of it as pitch or tone. A higher frequency produces a higher pitch, which some might
consider more treble, whereas a lower frequency produces a lower, more bass pitch.

Filtering, in this example, is the exclusion of any frequencies below 300 Hz and above 3400
Hz. For the purpose of computing sampling frequency (which is discussed next), the
maximum frequency is 4 kHz. This provides a more than adequate sampling rate for what
is known as voice frequency (VF).
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Sampling

Figure 3-4

While working for AT&T in 1928, a scientist by the name of Harry Nyquist published the
paper “Certain Topics in Telegraph Transmission Theory,” in which he outlined what is
now referred to as the Nyquist Theorem. This paper was many years ahead of its time.
Decades passed before the equipment was available to enable this theorem for digitizing
voice for storage or transmission.

Before getting into the Nyquist Theorem, you need to understand the term sampling.
Sampling, in this case, is the measuring of the amplitude of the analog waveform at regular
(equal) intervals. These equal intervals are computed by using the Nyquist Theorem.

The Nyquist Theorem states that to adequately represent an analog wave in digital form,
you must sample the analog waveform at a rate at least twice that of the highest frequency
to be transmitted. As noted earlier, the maximum voice frequency, for the purpose of
computing the sampling frequency of the analog waveform, is 4 kHz.

Using the Nyquist Theorem, you can determine that you need to sample the analog signal
that is being transmitted at a rate of 8000 times per second. The Nyquist Theorem dictates
that you multiply the maximum frequency of 4000 Hz by two, which yields 8000 samples
per second. Figure 3-4 illustrates this mathematical relationship, including units of
measure. This numeric value is important to consider in the encoding phase of PCM, which
is discussed later in this chapter.

Nyquist Theorem Calculations

4000 Cyetes / Second (Maximum Frequency)

X 2 Samples/Cyete’  (Nyquist Multiplier)

8000 Samples/Second

The equipment responsible for capturing these samples 8000 times per second uses two
inputs. One of these inputs is the constant stream of analog information from the source.
The other input is a clock signal that occurs 8000 times a second. The result is that only the
source signal that exists each time the clock pulse arrives at the gate is captured (sampled).

These 8000 samples become the only part of the original analog waveform to remain after
the sampling process. If you think of these samples as pulses of varying amplitude, you
have what is known as a pulse stream (or pulse train). These pulses are modulated (or
varied), based on how the original analog waveform varies. By definition, this is pulse
amplitude modulation (PAM). You can consider a PAM signal as the result of the sampling
process and the input for the quantizing process.

It’s a simple task to compute the equal interval between samples. By splitting a second 8000
ways, you come up with the value 0.000125 seconds (or 125 us). Therefore, every 125
millionths of a second, regardless of the frequency or amplitude of the analog waveform, a
sample is taken. Figure 3-5 illustrates the sampling process.
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Figure 3-5  The Sampling Process
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b. The PAM Pulse Train with the Waveform Removed

As shown in Figure 3-5, samples taken at adequate intervals provide a guideline to aid
receiving equipment in the reconstruction of the original waveform. The receiving
equipment performs a sort of “connect-the-dots” with the pulses in the PAM pulse train.
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This, together with specialized circuitry, provides a waveform that is indistinguishable from
the original version by the human ear.

Looking at the pulse stream in Part b of Figure 3-5, you might assume that the digital
conversion is well in hand, but consider the fact that the amplitude of each pulse in the train
is but one in an infinite range of possible amplitudes. By definition, this is still an analog
signal. Nevertheless, only one step stands between the PAM signal and being ready to
encode a true digital bit stream —quantizing or quantization.

Quantizing

Figure 3-6

Now that you have a PAM signal in the form of a pulse train, you need to evaluate the
voltage levels of the individual pulses, based upon a standard scale. Only by adjusting each
pulse’s amplitude to match a value from a finite set can you hope to use a finite series of
digital bit patterns to turn each sample into a portion of a bit stream that can reconstruct the
pulse train at the receiving end. This is the object of the encoding process that is discussed
in the next section.

From the preceding discussion, you might have already surmised that the result of the
quantizing phase is still not the final digital signal, though the quantized PAM signal can be
thought of as digital. Because 256 discrete voltage levels are more difficult to transmit and
receive with as few errors as only two or three levels (in the case of bipolar line coding),
further refinement of the quantized digital signal occurs next, in the encoding phase. This
portion of the conversion process might well have the least distinguishable output.
Nevertheless, it is a crucial step towards digitization. Figure 3-6 clarifies the fairly abstract
nature of the quantizing phase.

Imperfections in the Quantizing Process
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Time
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Because the original PAM signal is made up of pulses that can have amplitudes within an
infinite range, it is necessary to use a finite scale to prepare the PAM signal for the encoding
phase, at which point each pulse in the train is converted to a series of Os and 1s. You cannot
expect each original PAM pulse to fall exactly on one of the finite points of the scale, which
means that you end up with some altered pulses, with no accompanying information to
guide you back to the original pulse. These discrepancies are referred to as quantizing
errors or quantizing noise. These errors do not produce audible differences to the human
ear. In fact, minimizing the effect of quantizing errors is the subject of an upcoming
discussion on a process called companding.

The PAM pulse is rounded to the nearest point on the scale, regardless of whether that point
is higher or lower than the actual sample. This is the first step toward minimizing quantizing
errors. The biggest reduction in quantizing noise comes from the use of a non-linear
companding law.

Two algorithms are in use today for error reduction in the quantizing phase:

® u-Law (pronounced mu-law—also known as [1-255) — Used in North America and
Japan

® A-Law—Used in Europe and the rest of the world

These are known as companding algorithms because they effectively compress the PAM
signal for error reduction on the transmitting end and expand the signal back to normal on
the receiving end.

Analog information that has been quantized by one algorithm becomes incompatible with
equipment that uses the other. It is common to convert between the two standards for
communication between conflicting equipment. The digital signal level O (DS-0) created by
North American or Japanese equipment can be converted to the DS-0 that is common in
other parts of the world. Then, traffic that might have been multiplexed into a T1 or other
T-carrier circuit can be multiplexed into an E1 or other related circuit. The responsibility of
conversion usually falls on the party using p-Law companding; meaning that international
communication takes place with A-Law companding. A DS-0 can be defined as the 64-kbps
bit stream that has not yet been multiplexed and is the direct product of the PCM process.

Remember that the process of quantizing exists solely to prepare the analog waveform for
digitization during the encoding phase. You are limited to 8 bits per sample when encoding.
If you take 8000 samples per second, you wind up with 64,000 bits per second (64 kbps)
for each original analog waveform. Eight bits can vary 28 (256) ways, which means that
you are allowed only 256 discrete points on the y-axis during the quantizing phase. If this
logic is not apparent to you, consider that the word “bit” comes from a concatenation of
the words “binary digit.” This implies the use of the binary (or base-2) numbering system.
Because there are only two possible values in this numbering system (0 and 1), the total
number of possible values able to be represented by eight binary digits is found by raising
two (the number of discrete values in the numbering system to which each digit can be set)
to the power of eight (the number of digits being considered at one time —eight bits per
sample). To further dilute the effect, these 256 points must be divided evenly between
positive and negative pulses.
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Figure 3-7

Depending upon whom you ask, you are liable to hear that toll-quality voice needs 4000 or
more points on the vertical scale to reproduce the original signal on the other end in an
acceptable manner. This assumes a linear relationship between the original PAM signal and
the PAM signal that you use for encoding, which is a technical way of saying the two PAM
signals are the same. Unfortunately, this approach would require 12 or more bits per sample
during the encoding phase, which would result in higher bit rates, which in turn would
result in higher circuit frequencies, which would lead to shorter circuit run lengths because
of the increased attenuation of higher frequencies. Companding offers a compromise.
Remember that companding would not be necessary if you could encode the information
with 12 or more bits, instead of just 8.

The principle of companding is based primarily on the idea that lower amplitude PAM
pulses are more sensitive to quantizing noise (a higher signal-to-noise ratio) than are higher
amplitude pulses and, to a lesser degree, on the statistical probability that analog traffic
presents with lower amplitudes (lower volume) most of the time. This simply means that in
a linear quantizing arrangement (all intervals between points on the vertical axis are equal),
the quantizing noise can represent a larger percentage increase/decrease in lower-amplitude
pulses than in higher ones, which greatly affects the reproduced fidelity of low-volume
information. As Figure 3-7 illustrates, an equal amount of quantizing noise, in absolute
terms, winds up being an appreciably larger increase for the lower-amplitude pulse, in
relative terms. This is the same concept as the perception of time to humans. As you get
older, a year (although the same as every other year, in absolute terms) seems shorter
because it represents a relatively shorter period, compared to the years of life you have
stored away in your memory. To the toddler, however, that same absolute year seems like
forever because it is a relatively larger portion of their existence.

The Greater Effect on Low-amplitude Pulses
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Because the noise is relatively greater at these more popular and vulnerable amplitudes,
concentrate on reducing the quantizing error at these amplitudes by placing the points on
the vertical axis closer at the lower amplitudes than at the higher ones. This way, you have
excellent quality for the majority of the traffic and surprisingly good quality for the rest. For
those that would like to follow along mathematically, Figure 3-8 shows the formulas for
computing the quantized PAM signal (y) from the original PAM signal (x), for both p-Law
and A-Law. For many of us, it suffices to merely understand that the two technologies are
different and that conversion is required between them.
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Figure 3-8 Companding Equations
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The ranges for PAM signals (x and y) are normalized to +1 volt, for the purposes of these

equations. Figure 3-9 shows these equations graphed. Pay special attention to the

logarithmic S curve.

Figure 3-9  Graphs Comparing A-Law and [\-Law
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In Figure 3-9, you also see that the A-Law curve is straighter near (0,0) than is the p-Law
curve. In reality, these algorithms approximate logarithmic behavior by specifying segments,
within which quantized values are actually linear. Although technically there are 16 segments
in these pseudo-logarithmic curves, eight in the positive quadrant and eight in the negative,
toward the origin, segments are effectively combined because of the collinear nature of these
segments.

The difference in the graphs of the two companding algorithms stems from the fact that A-Law
combines more linear segments than does (-Law. In fact, whereas p-Law is considered a
15-segment curve (two are combined to form one), A-Law is credited with only 13 segments
(four are combined). Although the difference in the equations causes the (X, y) coordinates to
plot differently, both algorithms are made up of 16 quantum values (quantized values) in each
of 16 linear segments, for the 256 total values represented by an 8-bit code.

The relationship between consecutive linear segments is fairly straightforward. Each
segment exhibits half the slope of the preceding segment (it splits the difference between
the previous segment and horizontal). Each consecutive segment also doubles the range of
amplitudes covered by the previous segment. This also implies that the resolution is cut in
half (the quantizing error can as much as double for a sample), because each segment has
a fixed 16 quantum values that increasingly must occupy larger ranges of amplitude on the
vertical axis.

In practice, both algorithms employ a scheme of 128 positive decimal quantum values (0 to
127) and 128 negative values (-0 to —127) in their quantizing scales, although these values
map differently. This difference follows to the encoding phase. In addition, a few
mathematical tricks are performed, in the case of encoding A-Law, all of which contribute
to the incompatibility between the companding algorithms, and between the resulting PAM
signals and encoded bit streams. One-way transmission is a common ramification of
mismatched companding algorithms at opposite ends of a circuit.

NOTE There are 256 discrete values, O to 127 and —0 to —127. The actual zero signal level is not
represented. The first bit is the sign bit, which allows for a value of 0 with a negative sign
bit, basically -0, as the first value below the x-axis.

Encoding

The final phase of the conversion process is one that this chapter has been alluding to for a
while. This is what it’s all about. After this phase, you have a stream of binary digits that is
the digital traffic for transmission across the digital circuit. First, you need to understand
that the term encoding, as it is used here, does not mean the same thing as encoding when
it applies to transforming a bit stream into pulses of electricity. That type of encoding is
discussed in chapters relating to digital circuits.
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This type of encoding refers to taking the adjusted (quantized) PAM signal and converting
each sample into a stream of 8 bits, based on that sample’s pulse amplitude. Similar to the
quantizing scheme, the encoding method is based on the companding algorithm in use. As
you will see, the 8-bit codes that each algorithm generates for the same quantum value are
completely different.

Figure 3-10 shows a graphical representation of the segmented approach to encoding p-Law
quantum values. Although the bit patterns are opposite from what you might expect in the
seven least significant bits (minimum is all 1s, whereas maximum is all 0s), it is easier to
diagram than the A-Law process. Even though the A-Law algorithm equates values in a more
logical way (zero basically means zero), the final product is the result of performing an
exclusive OR (XOR) function with 0x55 (01010101). This process has its roots in days gone
by but remains as an artifact of the original technology. Basically, during the transmission of
a low-amplitude (silent) signal, the XOR operation ensures that pulses are still encoded, as
opposed to the encoding of mostly Os, which can jeopardize synchronization.

Figure 3-10 The Segmented Encoding Process for u-Law
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The segmented encoding process follows the same structure for both companding
algorithms, but differs in the encoded values for similar sample-pulse amplitudes. The
common structure is illustrated in Figure 3-10, but the values for bits two through eight are
decidedly not the same. The first, or most significant, bit represents the PAM pulse’s
polarity. The next 3 bits represent the eight possible segments, based on the polarity already
discussed. Yes, there are 16 segments in all, but recall that these are distributed as eight for
each of the two polarities. Therefore, you obtain the unique values for the 16 segments
when you consider the first 4 bits together (polarity and segment number). The last 4 bits
represent the 16 linear steps in the segment indicated.
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Figure 3-11

The conversion of the encoded value into a binary quantum value that ranges between the
decimal values 0 and 255 can be accomplished by leaving bit one alone, the polarity, and
inverting bits two through eight. For example, referring to Figure 3-10, an encoded value
of 11000101 represents a quantized pulse in the fourth positive segment (marked segment
3) that falls closest to the eleventh quantizing step (marked 10 in the diagram). To turn this
into a value between 0 and 255 in binary, leave the first bit alone and invert the remaining
7 bits. This results in 10111010, which is a decimal 186. On the positive scale, encode
quantum values between 128 and 255, inclusive. The quantum value 186 is near the halfway
point on the positive scale, which is where the description of the encoded value 11000101
would have placed the pulse.

What the preceding paragraph is talking about is y-Law encoding. A-Law, although more
difficult to illustrate, is fairly simple to explain. In fact, the quantum value matches the
initially encoded value, so that no inversion of bits two through eight is necessary. The trick
comes when the initially encoded value is obtained. Before a true A-Law bit stream is
realized, you must XOR the initially encoded value with the hexadecimal value 55 (decimal
85), which in binary is 01010101. As you can see, the even bits are inverted in the final
product. Figure 3-11 illustrates the use of the XOR Boolean operation.

The XOR Operation
0 1 0 1
XOR 0 XOR 0 XOR 1 XOR 1
0 1 1 0

In English, Figure 3-11 says that a single operand (and only a single operand) must be a 1
to get a yes (1) answer. Otherwise a no (0) is the result, even when both operands are 1s,
which would return a yes answer if you were using either the OR or the AND operation, but
not with XOR. Whenever a 0 is XORed with the original data, the same value as the original
results, but when it is a 1, the opposite value is the solution. This is the phenomenon that
causes the XOR of 0x55 to invert only the even bits for samples quantized and encoded by
using the A-Law algorithm.

So, for the same quantum value as in the previous example, which was 186, the initial A-Law
encoded value is actually decimal 186 or binary 10111010. This is read as the eleventh step
in the fourth positive segment. Sound familiar? Remember that just because both y-Law and
A-Law describe a quantum value of 186 the same way, the two algorithms place this step of
this segment at slightly different points on the scale. A quantized pulse that maps to 186 in
one companding algorithm does not map to 186 in the other.

What this means is that, contrary to what you might think, the conversion process is not a
simple numerical replacement. In fact, one of the simpler methods requires two conversions.
The p-Law information must first be converted to a 16-bit code, which provides sufficiently
generic information. Then this 16-bit code can be converted into A-Law.
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Never mind conversion headaches. You’re simply trying to produce an A-Law byte from a
sample. However, one more step remains. The 10111010 value must be XORed with
01010101. This produces 11101111, a value that does not directly resemble either the
quantum value or the initially encoded byte. The one detail that has remained throughout
the manipulation is the sample’s polarity. The most significant bit has not been altered. For
this reason, the polarity (most significant) bit has the same values in the same situations for
both y-Law and A-Law. The same cannot be said for bits two through eight.

Variations on the PCM Theme

DPCM

PCM is great when you have an application that requires 56 to 64 kbps of digital bandwidth.
Sometimes analog traffic can handle a little more loss of integrity. As long as you go in
realizing integrity might be jeopardized, you can do quite a few things to preserve bandwidth
and get the most out of your digital circuits. Some modern techniques make it difficult for the
average human ear to detect anything different from the quality afforded by good old-
fashioned PCM. This section introduces two fairly well established technologies that provide
an alternative to standard PCM and allow more devices to communicate over the same
medium, with minimal to no loss. Additional standards should not be difficult to grasp, after
you understand the two presented here. They are differential pulse code modulation (DPCM)
and adaptive differential pulse code modulation (ADPCM).

DPCM capitalizes on the fact that the amplitudes of samples of analog information that are
captured at the Nyquist rate (twice the limited maximum frequency of the analog source),
or higher, tend to be close to one another a high percentage of the time. If this is the case,
why not simply look at this difference between the amplitudes of adjacent samples, rather
than the amplitudes of the samples themselves? Noting only this differential provides the
ability to represent the samples in a way that uses fewer bits than if you were to directly
encode the amplitudes of the samples, as in standard PCM. Figure 3-12 illustrates the
concept of measuring only the difference between amplitudes of adjacent samples.

An important difference between these differential methods and standard PCM is that
quantizing in DPCM and ADPCM is not performed on the actual sample pulses, but instead
on the difference between the pulses. If the difference is small, as expected, the quantizing
noise can actually be less, especially at higher amplitudes, than in the case of PCM. So with
potentially less noise and fewer bits required for transmission (often only 3 or 4 bits per
sample, as opposed to 8), it’s no wonder these technologies are so popular.

There’s no magic to this technology. It’s mathematical prediction. Like any prediction,

however, the results can be off sometimes, though more so with DPCM than ADPCM. DPCM
has a simple prediction mechanism. It starts with a fully described initial value, as PCM does
for all samples. It then predicts the next sample will be the same as the last. The fact that it is
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not the same is not a problem, because it only encodes the error in the prediction. The receiving
end predicts by using exactly the same algorithm and circuitry as the transmitting end, so it
understands how to reconstruct the actual pulse from the prediction error that is transmitted.
The problem arises when there are not enough bits in the scheme to represent the prediction
error. In other words, the change between sample amplitudes is off the scale.

Figure 3-12 DPCM’s Focus
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What happens during the less common occurrences when the change between amplitudes
of consecutive samples is not close enough to be represented adequately with DPCM?
Basically, the quantizing noise can be great. With DPCM, there is no mechanism to
circumvent this situation, aside from encoding the actual sample, rather than what might
have become an inaccurate prediction. Enter ADPCM. The adaptive part of ADPCM is an
enhancement to DPCM. In general, everything works the same, but with ADPCM the range
that the 3 or 4 bits represent can change, as necessary (see Figure 3-13).

With this ability for the encoding circuitry to alter the range, when the distance between
amplitudes increases beyond what the current range can handle, the range can grow to
accommodate the distance, although quantizing noise might increase. But the converse is
also true. If the distance decreases, the range can decrease, likely reducing quantizing noise
in the process. These alterations in noise occur because regardless of the range, with a fixed
number of bits representing the difference in amplitudes, the number of points in the
adaptive range remains the same. So the same fact that causes the wider ranges to be more
loss-inducing causes the narrower ranges to be less so.
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Figure 3-13 ADPCM'’s Adjustable Range
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The prediction mechanism that ADPCM uses is a bit more complex than that of DPCM. In
general, ADPCM keeps a running average of a set number of previous differences that were
encoded. It keeps its prediction current by also incorporating two or more of the most recent
predictions, which forms a weighted average. A good example of this is ITU-T standard
G.721. In the case of G.721, the adaptive predictor forms an average by using the last six
difference values before they are quantized (or more appropriately, dequantized by the
embedded decoder circuitry) and the last two predicted values. Proprietary versions of
ADPCM can work differently, although the principles are the same. In fact, G.721 (also see
more current G.726) specifies only a 32-kbps ADPCM algorithm, although other
implementations specify rates such as 40 kbps, 24 kbps, and 16 kbps.

What’s this about the encoder containing a decoder? Well, one way to make sure the
decoder at the receiving end knows what step size (what range of quantizing steps) the
transmitting device is using is if the encoder in the transmitting device is in synchronization
with what the decoder at the receiving end is expecting. This way, if the transmitter changes
its quantizing range, the receiving end uses the same data to change its dequantizing range.
Figure 3-14 shows a block diagram of a sample ADPCM encoder and decoder pair. The
encoder contains the decoder’s blocks as a subset. The encoder circuitry has updated its
predictions and quantizing steps (range) for the next round, by using the same binary code
that it is sending to the decoder. This ensures that the identical circuitry of the decoder uses
this same information to arrive upon the same results as the encoder’s embedded decoder.
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Figure 3-14 Block Diagram of an ADPCM Encoder/Decoder Pair

Encoder
Circuitry

Difference Quantized Difference (Encoder Input)

173
, £
+ 1 Qo
. I | co
—>(O—>| Quantizer | 5 0|85
Input Sample Y | '8 % S =
1 ' 3 >|=90¢g
! 'S 3283
! |8 a|82l
I 'S g|gs =
1 . >
. | Range Adaptive ! é HESE
: > x .9
™| Adapter [>¥ Predictor [ 1o Z|£ S¢
1 c | 8=
e e e ___ L — o w :Ej § E
Q
P

S, = Revised Predicted Sample
S, = Decoder Output Sample
Dy = Dequantized Difference S,
Q = Quantizer Step Size
P = Predicted Sample
P
Range Adaptive
Adapter Predictor
Decoder
Circuitry

Other Modulation Schemes

Besides the popular versions of ADPCM (G.721 is definitely not the only one), several
other encoding methods are in use today for various applications. One of these is Delta
Modulation (DM). DM works on the basis that the relative change in the direction of the
amplitude from one sample to the next is adequate information to successfully reconstruct
the analog waveform at the receiving end. As a result, DM requires only a single bit to
represent this directional information. The next sample’s amplitude is greater than or less
than the current sample’s amplitude. It’s as simple as that. What’s not so simple is the
solution for the unfortunate situations when the fixed step size assumed by the decoder on
the receiving end becomes unfaithful to the reality of steeper or flatter slopes than the norm.
Two forms of distortion error occur in these circumstances, slope overload and granular
noise (see Figure 3-15).
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Figure 3-15 Delta Modulation Distortion
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With DM, each bit represents an entire sample. As a result, each one of these samples
encoded as a bit is represented in a primitive way, with a relatively small amount of
information being transmitted about the sample. This is the main reason that the noise
distortion discussed here can be so damaging to fidelity. One way of keeping both types of
noise within acceptable limits is to make the step size fairly small, while sampling at a much
higher rate than the Nyquist rate. Because there is only one bit per sample, the bit rate
matches the sampling rate. Therefore, if you are producing 32 kbps of traffic, you are using
a sampling rate of 32,000 samples per second. You must take care not to completely erode
the compression benefits, in the form of bandwidth savings, that this technique is designed
to offer. Thus, DM alone cannot always effectively overcome these issues, but there is
another technique based on DM that can. It’s called Continuously Variable Slope DM
(CVSD). CVSD allows for the monitoring of a flow-control bit stream, which can come in
the form of all 1s to increase the step size to avoid slope overload or all Os to decrease the
step size to allow for a less steep slope, thus curtailing the effects of granular noise.

Other adaptive forms of DM simply watch for trends by remembering previous directions.
When the same direction is followed for many samples, the prediction is made that the
slope might be fairly flat. So, to decrease the effects of granular noise, the step size is
decreased. Conversely, if the direction has been alternating between positive and negative,
the indication is that the slope is greater than expected. In this case, the step size is increased
to avoid slope overload distortion.
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In addition to the time-domain methods discussed in this chapter, frequency-domain
approaches also exist, with certain advantages. With Sub-Band ADPCM (SB-ADPCM), the
input speech is split into several frequency bands, or sub-bands, and each is coded
independently by using ADPCM on the isolated frequencies. At the receiving end, the bits
are decoded and the sub-band frequencies are recombined, which yields the reconstructed
speech signal. The advantages of doing this come from the fact that the noise in each sub-
band is dependent only on the coding in that particular sub-band. As a result, you can use
tighter encoding schemes and quantizing steps with sub-bands that are perceived as more
important to the human listener. In this way, the noise in these frequency regions is low,
whereas in other sub-bands you can allow a higher level of noise, as these frequencies are
perceived as less important. Sub-band codecs (coder/decoder) produce toll-quality speech
by using only 16-32 kbps. Because of the filtering necessary to split the speech into sub-
bands, these codecs are more complex than simple DPCM encoders and introduce more
coding delay. The complexity and delay are still relatively low, when compared to most
hybrid codecs.

Summary

In this chapter, you learned the history and motivation behind the development of digital
transmission and storage technology. You also learned why digital formats improve upon
the quality offered by comparable analog technologies.

You were presented with each stage of the conversion process for producing a digital bit
stream from an analog source. These stages are as follows:

® Filtering— Where only the standardized voice frequency is allowed to enter the
process

®  Sampling— Where the analog waveform is observed 8000 times per second,
producing another form of analog signal known as the PAM signal

® Quantizing— Where each sample’s pulse in the PAM signal is adjusted to match one
of 256 discrete levels on the vertical axis, at which time the companding process is
applied to the PAM signal, an event that must be reversed at the receiving end

® Encoding—Where the adjusted PAM signal is converted into a bit stream, by
assigning an eight-bit code to each of the 256 quantization levels from the previous
stage

Finally, this chapter presented alternate technologies that have their roots based in the
analog-to-digital conversion technology outlined in the beginning of this chapter. These
technologies include DPCM, ADPCM, DM, CVSD, and SB-ADPCM.
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Review Questions

Give or select the best answer or answers to the following questions. The answers to these
questions are in Appendix A, “Answers to Review Questions.”

1 Which of the following are examples of the difference between analog and
digital communication? (choose two)

a

b

The term frequency only applies to digital communication.

The term bit rate only applies to digital communication.

The quality of an analog signal is generally better than that of a digital signal.
The quality of a digital signal is generally better than that of an analog signal.

Circuits and sending and receiving equipment are identical in analog and digital
technologies.

2 Which of the following is not a stage in the analog-to-digital conversion process?

a

b

e

Sampling
Encoding
Filtering

Pulse conversion

Quantizing

3 What is the earliest stage in the conversion process at which the signal technically
can be considered digital?

a

b

Sampling
Quantizing
Filtering
Encoding

Pulse conversion
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4 Which of the following ITU-T recommendations covers PCM in general?

a G711
b G.721
c G.726
d G.729

5 Which of the following advanced processes adapts the quantizing scale to
more closely match the wider or narrower variation between adjacent pulses?

a PCM

b DPCM

¢ ADPCM
d DM

e CVSD

f SB-ADPCM
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This chapter covers the following topics:

® TIntroduction to digital dataphone service (DDS)— An overview of DDS.

® DDS operation— A discussion of DDS circuit deployment, DDS equipment, and

line coding.
® Switched 56 (SW56) — An overview of SW56.

® Circuit testing patterns— A discussion of how to use testing patterns in DDS to help
isolate network problems.

Configuring a Cisco router for DDS/SW56— An explanation of how to configure
DDS and SW56 on Cisco routers.



CHAPTER 4

Digital Dataphone Service
and Switched 56

Introduction to DDS

This chapter provides an overview of the DDS, how it is deployed, and how it operates.
Although it is fast becoming antiquated, it remains an integral part of understanding how
digital services are deployed. This chapter also discusses the similarities between DDS and
SW56 and details about the differences between these closely related service offerings.

DDS is referred to as a digital signal customer service (DS-CS) and is deployed on a four-
wire metallic interface. DDS was originally pioneered by AT&T about 20 years ago as one
of the first digital offerings to subscribers. It was designed to offer a circuit at a single digital
signal level O (DS-0) subrate of a digital signal level 1 (DS-1) signal. At the time of its
inception, the lease of a T1 (carrier facilities for a DS-1) was not exactly inexpensive and
most WAN connections did not require that much bandwidth.

Years after AT&T pioneered the service, American National Standards Institute (ANSI)
standardized the DDS technology with standard ANSI T1.410-1992. By today’s hardware
standards, DDS is outdated but there are still uses for it. Many of the deployments have to
do with local to regional connections for daily transaction uploads, such as banks,
restaurants, and stores. However, it is also possible to deploy other services such as Frame
Relay on top of DDS.

In some areas, DDS is preferred because it can be deployed relatively easily as compared
to a technology such as Integrated Services Digital Network Basic Rate Interface ISDN

BRI). ISDN circuits normally have more equipment associated with them for the service

provider to roll them out to customers; not to mention a ton of switch provisioning.

Depending on who you speak with, DDS stands for digital data service, digital dataphone
service, dedicated digital service, or a host of other definitions. The key thing to remember
is that even though some people define the abbreviation differently, they all refer to the
same technology. Although this technology is specific to North America, it is essential to
understand it in order to build on it with later technologies.
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DDS Operation

This section covers the following topics:
® DDS circuit deployment
® DDS equipment overview

® Line coding

DDS Circuit Deployment

Figure 4-1
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The DDS connection from the service provider uses a four-wire interface. There are

two pairs of wires, one for Transmit (Tx) and one for Receive (Rx). Almost all DDS
deployments use twisted copper pairs, and the pins within the modular plugs (RJ-48S) are
1,2,7,and 8. DDS circuits within the United States are separated into two halves at the
network interface (NI), the user side and the network side, as shown in Figure 4-1. This is
due to the divestiture of 1984. DDS circuits are commonly deployed to a device called a
smart-jack.

DDS Circuit Separation at the Network Interface
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DDS is a synchronous technology, but DDS equipment can support asynchronous rates,
depending on the user’s data terminal equipment (DTE). The main difference between
synchronous and asynchronous has to do with the clocking. With synchronous mediums
there is only a single clock, and with asynchronous mediums there are multiple clocks. For
example, if you have ever looked in Dial-up Networking on any Windows machine, chances
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Table 4-1

are you’ve seen asynchronous settings. When you look at the dial-up connections, you see
that there is a list of items such as start and stop bits and parity. When you hear someone
say “8,none, and 1,” they mean 8 bits, no parity, and 1 stop bit.

DDS circuits are commonly deployed with loop bandwidth rates of 2.4 kbps, 4.8 kbps, 9.6
kbps, 19.2 kbps, 56 kbps, or 64 kbps, depending on the application of the circuit. Refer to
Table 4-1 for a complete list of loop rates. 56 kbps and 64 kbps are by far the most common
rates deployed.

DDS Loop Transmission Rates with and Without Secondary Channel

Loop Rate Without Secondary Channel Loop Rate with Secondary Channel
2.4 kbps 3.2 kbps

4.8 kbps 6.4 kbps

9.6 kbps 12.8 kbps

19.2 kbps 25.6 kbps

56 kbps 72.0 kbps

64 kbps -

Within the specified loop rates there is something known as the secondary channel. The
secondary channel allows for the transmission of out of band management functions, and
the actual channel takes its bandwidth from the overhead associated with the DDS circuit.

The reason that the start and stop bits are required is because there is more than one clock
source within asynchronous communications. Without these bits in place, the com-
municating devices would have no way of distinguishing between intended data and
garbage on the line. The bits act exactly as they sound, as a start and stop point for data.
Synchronous communications do not require these methods because both sides have
specific, agreed upon intervals of time to send data. Therefore, both sides will always know
how to identify the intended data.

DDS circuits actually run closer to 72 kbps with overhead, but traffic does not use more than
a total of 64 kbps. This is dependent on the loop rate that is to be deployed. In lower loop
rates such as 9.6 kbps, the loop rate is specified at 9.6 kbps. 64-kbps loop rates do not use
a secondary channel because all 8 bits are set aside for data. This is discussed further in the
Framing section later in this chapter.

The length of cable between the central office (CO) and the subscriber’s location (without
repeater) can be up to 18 kft (18,000 feet) at its peak bandwidth capacity of 64 kbps, but
closer to 60 kft when a circuit of 2.4 kbps is used. This length of cable is what is known as
the local loop.

Amplitude and pulse shaping requirements are in place, and must be met by the DDS line
equipment to avoid interference with other circuits (known as crosstalk) at the CO. One of
the ways that this is handled is through the use of a transmit filter. The transmit filter is
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located at the customer’s end of the loop, and filters strong repetitive patterns. Modern DDS
customer premises equipment (CPE) normally has a transmit filter built in. These filters do
not take into account any possible customer wiring issues. They deal strictly with the signal
being sent from the service provider.

DDS Equipment Overview

Figure 4-2

Before discussing DDS line operation, several devices should be examined:

® Channel service unit (CSU)

® Data service unit (DSU)

® Office channel unit-data port (OCU-DP)
®  Multijunction unit (MJU)

You can use a CSU in DDS and numerous other technologies. Typically referred to in
tandem with DSUs (CSU/DSU), you can use these devices in DDS, FT1/T1, FE1/E1, and
several other technologies. The CSU is the interface that communicates directly with the
service provider network (see Figure

4-2). The CSU terminates the DDS circuit, allows for maintenance through loopback and
test patterns, and formats the information transferred to it from the DSU for transmission
over the installed network.

Identifying the CSU Portion of DDS Equipment

DDS Circuit;CSU/DSU

To Service
Provider Network

To Customer
DTE Equipment

DSU CSuU

In the United States, the CSU is also responsible for power surge, power cross, and
lightning protection. A power cross is something like a power line detaching and landing
across pole telephone drops. The protection is two fold because the CSU protects your
equipment from a power spike coming from the service provider, and it also protects
sensitive service provider equipment from any type of power spikes that may originate from
your side of the network. This type of protection was made necessary by the divestiture of
the AT&T in 1984.



DDS Operation 108

Figure 4-3

DSUs are devices that connect to the customer’s DTE. For example, it connects to a router
that does not have DDS support or to a PC at your desk. The purpose of the DSU is to
convert the unipolar signal from something like a computer into a bipolar balanced signal
so that it can be transmitted through the service provider’s network (see Figure 4-3). The
difference between unipolar and bipolar signals is the fact the unipolar signals (uni) only
have a single polarity, and bipolar signals have two different polarity states.

Identifying the DSU Portion of DDS Equipment

DDS Circuit;CSU/DSU

To Service
Provider Network
CSu >

To Customer
DTE Equipment
< DSU

DSUs can connect to your equipment in several different ways, including V.35 and X.21. A
V.35 or X.21 connection identifies that the CSU/DSU is a separate piece of equipment that
terminates the DDS circuit. A CSU/DSU can also be an expansion card directly configured
in the Cisco router in use.

Prior to the divestiture, the CSU and DSU were separate boxes, both owned by the RBOC.
Since that time, they have become the responsibility of the customer. You typically see the
CSU and DSU within the same unit, such as a router with DDS support. Don’t let the terms
DSU/CSU and CSU/DSU fool you, they are the same thing. It just depends on who you are
talking to. If you are speaking with a service provider representative, chances are they say
CSU/DSU because the CSU is from their vantage point. Most customers, on the other hand,
refer to DSU/CSU for the exact same reason. Either way is correct.

The OCU-DP provides the four-wire DDS interface to the subscriber and is usually a card
located in a T1 channel bank at the CO. If there are multiple DDS circuits with loop rates
lower than 56 kbps or 64 kbps, a Subrate Data Multiplexer (SRDM) combines them into a
single digital service 0 (DSO) for multiplexing into a digital signal level 1 (DS-1) signal.
The channel bank acts as a T1 multiplexer that can provide multiple DDS, ISDN-BRI, and
subrate FT1s (fractional). These services are combined, or multiplexed, into a single DS-1
signal. In turn, these DS-1 links are normally multiplexed into a higher bandwidth link such
as a DS-3 through a M13 MUX or a Digital Access and Crossconnect System (DACS), as
shown in Figure 4-4.
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Figure 4-4  Multiplexing at the Central Office for DDS
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The definition of multiplexing is the action of taking multiple circuits and combining them
into a larger circuit with more bandwidth. This is where the term time-division multiplexing
(TDM) comes from. TDM and 24 DSOs with 8 kbps of overhead are combined to form a
DS-1 signal. Each DSO is allotted a moment in time to transmit information through the
circuit. Refer to Chapter 5, “T1 Technology,” for more information on T1 circuits and
TDM.

OCU-DP cards can provide variable rates of service up to 64 kbps, depending on the
subscriber’s needs. Most of the time, DDS is thought of as a point-to-point, nailed
architecture. The term nailed refers to a circuit that is always connected and always
being paid for. However, some hardware can also provide a point-to-multipoint service
for DDS by using a polling mechanism. Figure 4-5 shows a DDS deployment with an
MIJU.

‘When a point-to-multipoint configuration is required, the service provider will use an MJU.
In communication downstream from the primary CSU/DSU, data can be sent to one or
more of the connected CSU/DSUs at the remote ends of the circuit. DDS does not employ
any type of mechanism to avoid data corruption from multiple devices transmitting
simultaneously or to ensure that one device does not monopolize the circuit bandwidth.
These functions are left up to the customer’s CPE.

Referencing Figure 4-5, CSU/DSU A acts as the hub for the connection. It can
communicate individually with each remote CSU/DSU (B-E) or broadcast to them all at
once. Furthermore, communication is between one of the remote devices and the hub.
Communication between remote devices such as B and E is not necessarily specified. This
topology is common for local stores that are uploading their receipts for the day to a
regional sales center.
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Figure 4-5  Point-to-Multipoint DDS Connection
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Line Coding

The topics covered in this section include the following:

® Alternate mark inversion (AMI)
® DDS line coding rules
®  64-kbps loop rate

Alternate Mark Inversion

To quickly review Chapter 3, “Analog-to-Digital Conversion,” encoding is the last step

in the pulse code modulation (PCM) process. Encoding allows the digital equipment to
transmit a digital signal through a network by using 1s and Os. The line coding scheme
that you use with DDS is called AMI. AMI is a bipolar return to zero (RZ) type of encoding.
To simplify this, bipolar means that there are two different voltage states (positive and
negative), and RZ means that before each transition there is a brief RZ so that the signal has
a reference point (see Figure 4-6).
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Figure 4-6 AMI Line Coding and AMI Line Coding with BPVs
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In Figure 4-6, just before each bit position with a binary 1 there is a brief RZ prior to
moving to the next bit position. Again, referencing Figure 4-6, look at the bottom half of
the image, which introduces the next point of bipolar violations (BPVs). One of the basic
premises of AMI is that every other binary 1 must be transmitted as the alternate polarity.
So, if your first 1 is positive, the next needs to be negative. The polarity alternates between
binary 1s because the average voltage must equal zero to avoid the buildup of DC voltage
on the circuit. The buildup of DC voltage, also known as capacitance, blocks the flow of
DC current if its level becomes too great. To that point, remnant DC voltage on service
provider circuits make it difficult for circuit equipment to be powered properly because the
DC voltage is not passed through effectively.

To put this into perspective, think about rolling billiard balls down a hallway. Some of the
balls you roll all the way to the other end, and some you roll with less force, which causes
them to stop in the middle of the hallway. Eventually, the buildup of billiard balls in the
middle of the hallway prevents any of the other balls from reaching the other end.
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Figure 4-7

If you have two consecutive 1s with the same polarity, it creates a BPV. BPVs, such as
transmitted 1s, must alternate polarity every time. Excessive BPVs can be the product of
faulty equipment and can destroy transmitted data, so it’s best to control their frequency.
This doesn’t, imply that you should never have them.

You can use BPVs in some network types to transmit different circuit states and represent
long bit patterns of Os. As you will see later on in the book, some line coding schemes, such
as bipolar 8-zero substitution (B8ZS) and High Density Bipolar of Order 3 (HDB3),
intentionally insert BPVs to maintain 1s density regulation.

Because DDS is a synchronous network type, timing is an important issue. DDS equipment
needs to derive a reliable timing source from somewhere on the network. The way this is
done in DDS, T1, E1, and most other digital network technologies is through a system
called Phase Lock Loop (PLL). PLL gives your equipment the ability to derive timing from
the transmitted signal, more specifically the 1s transmitted on the circuit. A pseudo-steady
stream of 1s allows a device’s receiver to lock onto the signal source and derive the required
timing.

The problem is that not all bits transmitted are 1s. Remember that a 0 is not transmitted as
a discrete voltage state. So, it’s conceivable that if you have too many Os in a row, you can
lose timing on the network. This problem is known as a 1s density violation. AMI has no
way of combating too many Os in a signal stream, so it is designed to steal the least
significant bit to ensure that at least 1 in every 8 bits is a 1 (see Figure 4-7).

AMI Stealing the Least Significant Bit for 1s Density

listh Bit Stolen for 1s Density Requirements

+3v

DDS Line Coding Rules

By stealing the least significant bit, AMI limits transmission rates to 56 kbps per DSO.
However, AMI functions a bit differently in DDS (no bit robbing).
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Table 4-2

The AMI line coding differs slightly between DDS circuits with the secondary channel and
DDS circuits without the secondary channel. Table 4-2 lists the naming conventions for
describing coding patterns throughout the rest of this section.

Naming Conventions for Line Coding Schemes

Symbol Definition*

0 Indicates that a 0 is transmitted.

B Indicates +/-A volts with polarity determined by the bipolar rule.
v Indicates +/-A volts with polarity in violation of the bipolar rule.
X Indicates O or B, depending on the required polarity of a violation;

a pulse of correct polarity or a O introduced in
areserved time slot preceding a BPV to maintain zero
signal average.

N Indicates that the bit value is disregarded and a O or 1 is
acceptable.

* The definitions of naming conventions are from ANSI T1.410-1992.

Although DDS uses AMI, BPVs indicate the circuit states and provide a vehicle for zero
substitution. To this end, DDS does not technically use a pure version of AMI line coding.
The following section applies to DDS circuits of 2.4 kbps to 56 kbps without secondary
channel.

V is the symbol for a BPV on a DDS circuit. It is typically represented as X0V when coding
in full stream. The X0 preceding the V is selected in whichever polarity is required to
maintain an average 0 signal. BPVs can also identify that there is no data to be transmitted
through an idle message. This message is encoded as BBBX0V when using 2.4-kbps,

4 .8-kbps, 9.6-kbps, or 19.2-kbps loop rates, and BBBBX0V when using the 56-kbps loop
rate. The idle message is momentarily delayed from the last data bit to ensure that the
messages are separated and that the equipment on the receiving end does not interpret
them as data.

Zero substitution is handled differently between loop rates. In the case that there are six
consecutive 0s, the lower loop rates are required to encode them as 000XO0V. This allows
both ends of the DDS circuit to identify this string as six consecutive Os. With a 56-kbps
circuit, zero substitution is done when seven consecutive Os are detected. It is encoded as
0000XO0V. A zero substitution cannot be sent and received in succession. This can cause an
excess of Os being presented to the equipment and cause it to lose PLL sync.

The line coding when using a secondary channel is handled differently because of the

framing that is required. No framing is required with circuits that do not use the secondary
channel. All loop rates below 56 kbps use an 8-bit byte that includes 6 D-bits (Data), and
the 56-kbps loop rate uses a 9-bit byte that contains 7 D-bits. The last two bits are reserved
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for framing and secondary channel control, respectively. The F-bit uses a pattern of 101100
for framing, and the OCU-DP strips it off for transport over the network. The remote OCU-
DP replaces it before sending it to the remote CSU/DSU (see Figure 4-8).

Figure 4-8 Tracing Framing Bits Through the DDS Network
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C-bits are used for secondary channel purposes and can have one of two values:

® 0—The CSU is transmitting management messages through the DDS network.
® | —The CSU is transmitting data through the DDS network.

C-bits should not be set to O during the transmission of subscriber data because network
functions invoked degrade circuit service. The C-bit is set to O in the event that a control
code such as a data mode idle (DMI) or control mode idle (CMI) message needs to be sent
through the network to identify that no data is present for transmission.

The D-bits transmit data, and at the loop rates of 2.4 kbps, 4.8 kbps, 9.6 kbps, and 19.2 kbps
there are no limitations on what can be transmitted. A complete string of six Os can be
transmitted because the data stream can still be recovered at the other end of the connection.
On the other hand, 56-kbps circuits cannot transmit all Os because of 1s density concerns.
Specific to 56-kbps circuits, there are two coding rules identified for data transmission.

® A DSU cannot transmit all 7 D-bits in a byte as 0 in a point-to-point or multipoint
DDS circuit configuration.

® A DSU cannot transmit all 7 D-bits in a byte as a O in the same frame that the C-bit is
set to 0. This pertains only to a point-to-point configuration.

These coding rules are described for 56-kbps circuits because DS1 equipment can mis-
interpret the string of Os and mark the data stream with an unassigned multiplex code
(UMCQ). If the data is marked with a UMC, it is unrecoverable at the remote end of the DDS
circuit.
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64-kbps Loop Rate

SW56

The last major topic to cover in this section is the use of 64-kbps loop rates. Restating what
was discussed earlier, the 64-kbps loop rate does support the secondary channel described
in the previous paragraphs. The 64-kbps loop rate uses the exact same framing sequence as
the other loop rates, including the removal and replacement of the framing bits at each end
of the circuit. 64-kbps DDS circuits also use a 9-bit byte structure, similar to a 56-kbps
circuit with secondary channel. The difference is that the 64-kbps circuit sends data in a
pattern of DDDDDDDFD, as opposed to the DDDDDDDEFC on a 56-kbps circuit with
secondary channel. That last bit is for data, not control; therefore, the control channel
(secondary channel) is not available.

CSU/DSUs on a 64-kbps loop need to adhere to coding rules to prevent the mimic of
network control signals. Because all 8 bits are used with the 64-kbps loop rate, it is possible
that normal traffic can be misinterpreted by network equipment as a request for a loopback
or even that the circuit is out-of-service (OOS). To avoid this problem, Cisco equipment can
be set to scramble the data stream. Because the network equipment looks for specific bit
patterns for testing functions, modification of the bit stream does not allow the network
equipment to start a maintenance function without a proper request.

SW56 services evolved from the DDS offering in the United States. From the beginning, it
was realized that DDS was an expensive way to communicate for corporations because they
were always connected to the network and always paying for the connection, regardless of
its use. Remember that DDS is digital end to end, and a point-to-point (or multipoint)
offering. Basically, you have to pay for the entire circuit from Miami to New York. Even if
you didn’t send any data during a month, you had a fairly hefty charge for the lease of the
circuit. Enter SW56.

SW56 normally provides service over two pairs of copper wiring, just as DDS, but it can
also be deployed by using a single pair in proprietary configurations. SW56 operates
exactly as it sounds, by switching calls through the network on a call-by-call basis. Savings
with SW56 are two-fold. First, you pay a fraction of the circuit costs by only paying for the
local loop on your end of the circuit. Second, you use phone numbers to dial remote
locations and you are billed on a call-by-call basis. Figure 4-9 traces a call through the
service provider’s network between customer sites.
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Figure 4-9  Call Progress Through a SW56 Network
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SW56 uses an in-band signaling method. It is interwoven with the data and is not separated
for call setup and teardown. This is in contrast to a technology such as ISDN, which uses a
logical channel for call control. The dialing mechanism that SW56 service uses is dual tone
multifrequency (DTMF). DTMF is a widely deployed method of tone generation that is
also used in most analog deployments.

As shown in Figure 4-9, if the corporate headquarters in San Jose wants to connect to a
regional office located in Raleigh, NC all it has to do is call 555-555-1111. During this time,
it is likely that the customer is paying a premium rate for the long distance call, but it is still
less than a standard DDS circuit. After the call is terminated, the billing is stopped and the
billing record is generated by the service provider. Because the call likely travels through
more than one provider, the service provider has to use a non-biased settlement service to
decide who gets how much money out of the call.
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Circuit Testing Patterns

Figure 4-10

In the event of a suspected faulty circuit or equipment, you need to have a way to determine
the source of the errors. Circuit testing patterns identify problems with equipment on both
the customer’s and service provider’s end. Modern CSU/DSUs can loop up the circuit, in
either direction, to test and isolate problems (see Figure 4-10). If a pattern is sent and it
doesn’t receive the same pattern back, it is likely an issue with the remote equipment.
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Within the equipment, it is essential to test the CSU and DSU. Bit error rate tester (BERT)
tests and stress patterns (SPs) are normally started from the service provider but can also be
started manually in most equipment. You can use several BERT tests and SPs for testing
digital equipment. Also, while running test patterns you can manually inject errors into the
signal stream to make sure that the same error is received.

The following list is a set of basic testing patterns that you can commonly use on DDS
circuits. You can also use these test patterns for testing many digital mediums on the market:

® 511 pattern— A Quasi-Random Signal Source (QRSS) signal that is repeated after a
total count of 511 bits has been reached. QRSS can also be defined as Quasi Random
Signal Sequence.

® 2047 pattern— A QRSS signal that is repeated after a total count of 2047 bits has been
reached.

® SPI1—A pattern consisting of a low 1s binary series (01000000).
® SP2—A pattern consisting of an average 1s binary series (00110010).

® SP3— A repeated pattern of 100 octets with pattern (01111110). Followed by a
repeated pattern of 100 octets with pattern (00000000).

® SP4— A repeated pattern of 100 octets with pattern 11111111. Followed by a repeated
pattern of 100 octets of 00000000.
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Cisco equipment also supports the following testing patterns:
®  Full—Transmits a full-bandwidth line loopback request to a remote device, which
you use for testing.

Payload —Transmits a payload line loopback request to a remote device, which you
use for testing the line and remote DSU.

®  Smart-Jack—Transmits a loopback request to the remote smart-jack, which some
service providers attach on the line before the CPE. You cannot put the local smart-
jack into loopback.

® 0Oinl—Not used in DDS (B8ZS required).

lin1 —Transmits an all-1s test pattern for signal power measurements.

® 1in2—Transmits an alternating 1s and Os test pattern for testing bridge taps.

® lin5—Transmits the industry standard test-pattern loopback request.

1in8 —Transmits a test pattern for stressing the timing recovery of repeaters.

® 3in24—Transmits a test pattern for testing the 1s density tolerance on AMI lines.

®  QRW —Transmits a quasi-random word test pattern, which is a random signal that
simulates user data.

Setting a Cisco device up in a test pattern mode is simple. The first thing that you do is
access the proper serial interface from global configuration mode:

Router(config)#interface serial 0/0

After you are in the desired interface, you can select the stress pattern or testing pattern that
you want to run:

Router(config-if)#loopback remote stress-pattern 1

%LINEPROTO-5-UPDOWN: Line protocol on Interface Seriali, changed state to down

%LINK-3-UPDOWN: Interface Seriall, changed state to down
%SERVICE_MODULE-5-LOOPUPREMOTE: Unit 1 - Remote unit placed in loopback

Configuring a Cisco Router for DDS/SW56

This section details how to configure a Cisco router with a WAN interface card
(WIC)-1DSU-56K4 for DDS or SW56 operation.

Just as you do with the test patterns, you must enter the proper serial interface that is
associated with your WIC for DDS/SW56 configuration:

Router(config)#interface serial 0/0
From this interface you can begin to configure the DDS circuit. The first command to enter

is whether you are using DDS or SW56. If you use switched, you also have to specify dialer
in-band for the dialing method:
Router(config-if)#service-module 56k network-type switched

Router(config-if)#dialer in-band
Router(config-if)#no shutdown
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With SW56 circuits, it might be necessary to specify the carrier that you are using, in case
of a specific carrier echo cancellation tone prior to placing calls. Three settings are
available, and when the circuit is set to sprint, an echo cancellation tone is sent at
connection setup. The other settings are att and other, and neither sends an echo
cancellation tone:

Router(config-if)#service-module 56k switched-carrier sprint

If you select dds, you are required to configure the circuit loop rate (clock rate), the source
of the timing, and you might also specify an IP address or encapsulation type. Unless you
are configured in a back-to-back DDS circuit, select line as the clock source. The service
provider gives you the timing on a live circuit:
Router(config-if)#service-module 56k network-type dds
Router(config-if)#service-module 56k clock rate 56
Router(config-if)#service-module 56k clock source line
Router(config-if)#ip address 192.168.1.1 255.255.255.0
Router(config-if)#encapsulation ppp
Router(config-if)#no shutdown
If you are using a 64-kbps DDS circuit, you can configure data scrambling to avoid
transmitting data that appear to be a network management function:
Router(config)#interface serial 0/0
Router(config-if)#service-module 56k clock rate 64

Router(config-if)#service-module 56k data-coding scrambled
Router(config-if)#no shutdown

Summary

DDS is a leased-line technology that provides variable loop rates to customers. Loop rates
available are 2.4 kbps, 4.8 kbps, 9.6 kbps, 19.2 kbps, 56 kbps, and 64 kbps. DDS service is
deployed over a two pair copper service from the service provider’s CO to the customer’s
premise. The circuit interconnection occurs at the NI, which also separates where the
responsibility of the service provider ends.

Several functions and devices make up a basic DDS connection: the OCU-DP, CSU, DSU,
DTE, and DCE. The OCU-DP is a card that resides in a T1 channel bank that is responsible
for providing the four-wire DDS service to the customer. It is multiplexed into a DS-1
signal, and then DACS into a higher bandwidth circuit for transmission through the service
provider’s network. The CSU is responsible for terminating the DDS circuit, for providing
an interface for loopback, and for protecting the customer’s and service provider’s
equipment from power surges and power crosses. The DSU is responsible for converting
the unipolar signal of the DTE (normally a computer) into a balanced bipolar signal.

DDS circuits use a version of AMI line coding. AMI is a bipolar coding structure that states
that every other transmitted 1 must be of the alternate polarity. If the 1s transmitted are not
alternated, a BPV occurs. BPVs can transmit idle codes and management codes, but
excessive BPVs caused by faulty equipment destroy the transmitted data.
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SW56 is based on DDS, but it has a major difference in the fact that the circuit is not leased
from end to end. SW56 circuits are a switched service that allows the customer to lease only
the local loop portion of the circuit. When a connection is desired, a call is placed by using
a phone number, and a connection between nodes is established. The customer is only
charged for the duration of the call.

Testing patterns and SPs help isolate network or equipment problems. The most common
patterns are 501, 2047, SP1, SP2, SP3, and SP4. The 501 and 2047 patterns transmit a
QRSS pattern until 501 or 2047 bits are reached. After that point, they are repeated. The
SPs test different 1s and Os densities on the circuit equipment to ensure that the equipment
at both ends can run the specified patterns.

Review Questions

Give or select the best answer or answers to the following questions. The answers to these
questions are in Appendix A, “Answers to Review Questions.”

1 How many wires do you use on a DDS circuit?

a 2
b 4
c 6
d 8

2 Which pins does a DDS circuit use?

a 4,5
b 2,3
c 1,2,7,8
d 5,6,7,8

3 What is the function of an OCU-DP?

a To terminate the DDS circuit and protect the customer’s equipment from power
surges

b To multiplex 24 DSOs into a DS-1 signal
¢ To convert the unipolar signal of a computer into a bipolar balanced signal

d To provide the 4-wire DDS interface to the customer
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4 Which line coding do you use on a DDS circuit?

a CMI
b B3ZS
¢ B8ZS
d HDB3
e AMI

5 What is the function of a multi-junction unit (MJU)?

6 Which of the following is not a possible DDS loop rate?
a 2.4 kbps

b 57.6 kbps
c 19.2 kbps
d 9.6 kbps
e 4.8 Kkbps

7 How is an idle code coded on a 19.2-kbps DDS circuit?
a BBBXO0OV

b XO0XXBB
¢ 00XXBB
d BOBBOV

8 Which of the following is the maximum loop rate of a DDS circuit, including
overhead?

a 56 kbps
b 64 kbps
c 72 kbps

d 96 kbps
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9 What is the main difference between a DDS circuit with a secondary channel and a
DDS circuit without a secondary channel (other than the channel itself)?

10 What is the main benefit of SW56 technology over DDS?




This chapter covers the following topics:

® T1 physical characteristics—Covers the equipment involved in the production and
transmission of the T1 signal, and the line preparation that must be performed to
prepare the physical circuit for use as a T1.

® T1 line-coding schemes — Details the differences between the two main methods of
encoding user traffic into a form transmissible over the T1 circuit.

® T1 framing and formatting — Explains the two alternatives for adding control bits to
the T1 bit stream, so that frame boundaries can be identified by the receiving
equipment.

® T1 troubleshooting— Offers practical advice on the test patterns that you can use to
discover problems with a T1 installation. You also learn the significance of the three
major carrier alarms that test equipment and data terminal equipment (DTE) can
indicate.

®  Configuring a T1 controller —Gives a sample configuration for Cisco equipment,
with specific commands that are necessary to synchronize on each device, so that
conflicts that can disable service do not occur.



CHAPTER

T1 Technology

This chapter introduces you to a specific digital circuit that is known as T1. You will become
familiar with the method by which data is transformed into pulses of electricity, light, or
some other media-dependent signal. This chapter also details the framing formats that the
industry uses to form the T1 signal before it is transmitted. Finally, you will learn some
valuable troubleshooting techniques and be presented with a sample configuration for
Cisco devices.

By the end of this chapter, you should have no trouble understanding the value of T1
circuits and similar circuits in the family of digital signal transmission. Remember as you
read that the development of T1 and related technology has resulted in the reduction of cost,
both from a service provider standpoint and from the perspective of the service subscriber.
This reduction in cost comes in forms such as the reduction of copper to service the same
number of logical connections, which includes the cost of laying and maintaining the
outside cable plant. Further savings result from the relative scale of equipment needed to
terminate a single circuit, as opposed to each individual circuit that the T1 replaces.

In Chapter 3, “Analog-to-Digital Conversion,” you are presented with a formula for
calculating the digital rate of a bit stream generated from an analog source signal. What you
can do with this digital signal is varied, but one of the most popular implementations for
this 64-kbps bit stream is to combine it with others similar to it into a circuit that has, as one
of its characteristics, a specific number of grouped channels. The number of channels
depends on the circuit in question. Other noteworthy traits of such circuits that are produced
by combining these 64-kbps bit streams, which serve to further differentiate them from one
another, are as follows:

® Line-coding schemes

®  Frame format schemes

®  Physical distribution options

® Geographical popularity and support

® Required equipment for implementation

Differences among such multiplexed circuits can also be noted in the technical specification
documents that should be consulted to find details of their implementation, although many
such documents tend to treat a trait, rather than the circuit. Such specifications usually give
details on the same characteristic for each group of circuit rates. This chapter details the
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Table 5-1

Table 5-2

primary features of one of these circuits that combines channels to create an autonomous
entity, T1 (also written T-1). AT&T developed T1s in the early 1960’s as inter-office trunks,
but tariffed their use to consumers in 1984, after divestiture of the Regional Bell Operating
Companies (RBOCs). You commonly use T1s as private WAN links within organizations
and as public circuits that are offered by service providers to interconnect subscriber private

branch exchanges (PBXs) and LANS, or as access trunks to the public network.

Table 5-1 compares and contrasts the most identifying features of three of the world’s most
popular families of digital telecommunications circuits. These are the T-, E-, and J-carriers.
As a group, these families compose the plesiochronous digital hierarchy (PDH). Details of
both E1 and J1 circuits appear in Chapter 6, “E1l, R2, and Japanese Carrier Technology.”

Table 5-2 depicts the North American Digital Hierarchy (NADH), of which T1 is a member.

Plesiochronous Digital Hierarchy

n North America (Tn) Europe (En) Japan (Jn)
Number Rate Number Rate Number Rate
of DS0s (Mbps) of DS0s (Mbps) of DS0s (Mbps)

1 24 1.544 32 2.048 24 1.544

2 96 6.312 128 8.448 96 6.312

3 672 44.736 512 34.368 480 32.064

4 4032 274.176 2048 139.264 1500 97.728

North American Digital Hierarchy

Digital Signal Level | Number of DSOs Rate (Mbps) Equivalent T1s

DS-0 1 0.064 n/a

DS-1 24 1.544 1

DS-1C 48 3.152 2

DS-2 96 6.312 4

DS-3 672 44.736 28

DS-3C 1344 89.472 56

DS-4 4032 274.176 168

In Table 5-2 the signal level known as DS-1C is basically the equivalent of two T1 circuits

(48 DS-0s). Although the DS-1C signal is named after the DS-1 signal, the two DS-1s

carried by the DS-1C are not easily accessible. You will read shortly about other signal

levels that are created by multiplexing smaller signal levels.




126

The term plesiochronous comes from the Greek and means “nearly the same clock.” This
refers to the timing of the circuits not being identical. The actual signals they use come from
different sources, but approximate each other so closely that communication is highly
reliable. In other words, an expected disparity occurs between different links on the same
circuit with respect to timing. However, because it is expected, it can be limited to a certain
tolerance. Over the long term, the signals from different legs of the same circuit can become
out-of-phase with one another. Even though the timing of the bits, and of the bit stream in
general, can be said to be at the same rate, the actual times that the same bit event occurs
can be completely different (phase difference).

Switching and cross-connect devices can exploit the relative closeness of the timing
between the two links but can eventually be required to add or delete bits to compensate for
the difference. The practice of intentionally dropping bits in an attempt to regain or
maintain circuit timing is referred to as a controlled frame slip. Here, the word frame does
not mean the same as it does in local-area networking. This type of frame is discussed in
detail later in this chapter in the section “T1 Framing and Formatting.”

There is an important issue surrounding the PDH and the general industry push to replace
this technology with others that are more efficient and accessible (with regard to the actual
information). The issue is that after individual channels are combined (multiplexed) into
any one of these transmission media, it is not possible to access the individual channels or
component circuits (in the case of the larger circuits) without first demultiplexing the
transmission signal.

To clarify, multiplexing is the combining of individual source signals into a composite
signal, which is characterized by capacity equal to or greater than (for additional overhead)
the sum of the component signals. For example, it is through multiplexing that 24 DS-0s
are combined into a single DS-1. However, when you multiply 24 by the individual channel
rate of 64 kbps, you arrive at 1536 kbps. Upon closer inspection it can be seen from Table
5-1 that a T1 has a bit rate of 1544 kbps. The additional 8 kbps comes from formatting
overhead that will be presented shortly.

The point is, those additional 8 kbps do not relate to any or all of the original traffic that
emanated from the individual channels, but rather only from the formatting of the frame
structure employed during the multiplexing process. Before these channels are broken back
out at the receiving end, this overhead is removed, and the end devices on each receiving
channel have no knowledge that the overhead was ever added to the circuit. In other words,
the overhead is for the implementation of the larger multiplexed circuit, not for the
individual channels.

The multiplexing used with the PDH is known as time-division multiplexing (TDM). TDM
is characterized by all sources getting an interleaved slice of time, known as a timeslot,
every n timeslots, where n is the number of channels being multiplexed. Concisely, a TDM
circuit is one that offers the entire frequency of the multiplexed circuit for a specified
fraction of the time that the circuit is in operation. The fraction is usually equal to 1/n, where
n is the number of channels being multiplexed. The timeslots in TDM do not vary with



127 Chapter 5: T1 Technology

Figure 5-1

regard to their order of occurrence. For example, timeslot 5 always follows timeslot 4, and
timeslot 1 always follows timeslot n, where n is again the number of channels being
multiplexed.

Although TDM is the only multiplexing scheme that standard T1 technology uses, it is far
from the only multiplexing scheme in existence or even in common use. Other schemes
include, but are not limited to, frequency-division multiplexing (FDM), where a channel is
assigned a slice of the overall frequency of the multiplexed circuit for the entire time of its
operation (popular in inter-office trunks before TDM took over); and wavelength division
multiplexing (WDM) and dense wavelength division multiplexing (DWDM), a set of
technologies that increases the transmission capabilities of optical fiber by splitting the
medium into multiple channels. Each channel is carried on different wavelengths of light.
WDM is similar to FDM, in that these wavelengths represent the inverse of frequencies,
each one a subset of the complete circuit. Each channel in WDM and DWDM has access
to only its component frequency for the entire duration of the operation of the circuit, as in
FDM. Figure 5-1 gives a visual representation of TDM. MUX is short for multiplexer.

TDM

Direction of Flow

[ Iz [ Jlez ] [a ]2 ][ 1]

DS-0is found in all aspects of the PDH. A DS-0 is the 64-kbps output of the analog-to-digital
(A/D) conversion process that is detailed in Chapter 3. There is no T-carrier equivalent to
the concept of a DS-0. Starting with T1, there is a corresponding DS level that numbers
concurrently with the T-carriers. In other words, a T1 circuit carries a signal known as DS-1,
and a T3 carries a DS-3 signal. It is the 24 DS-0s, one from each channel, that are multiplexed
into a single DS-1. As mentioned earlier, there is no way to access the individual DS-0s that
have been multiplexed into a DS-1, without first demultiplexing the DS-1 into the component
DS-0s.
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T1 Physical Characteristics

Figure 5-2

Recall from Chapter 3 that signals attenuate, or lose strength, as they travel along the
transmission medium. Analog technology combats this loss with the use of amplifiers,
which strengthen the level of any analog interference that also might have been picked up.
For digital technology, such as T1, repeaters replace amplifiers. Repeaters are devices that
regenerate a weakened signal, allowing noise and interference to be filtered out, thereby
reconstructing the signal in its original form. The links between repeaters in a T1 network,
and the links between end devices or central office (CO) equipment and their respective
nearest repeaters are called spans. A T1 span is generally 6000 feet in length. The span
between the end device or the CO and their nearest repeater is only 3000 feet, because when
the equipment is put into a loopback state the roundtrip distance is 6000 feet.

A typical T1 installation might see customer equipment such as a router with a serial
interface connected to a channel service unit/data service unit (CSU/DSU) with a V.35
cable. Figure 5-2 shows the pertinent equipment from the DTE to the service provider’s
network. The CSU/DSU is connected to a telecommunication company (telco) smart-jack
with either a 15-pin D-shell connector or an 8-pin modular connector. The smart-jack is the
telco demarcation point (demarc) and is telco property at the customer premises that
connects to the telco’s CO through two twisted pairs of copper (22-26 gauge), one for the
transmit direction and one for the receive direction. T1 communication is full duplex, in that
transmission and reception occur simultaneously. Most smart-jacks are addressable by
equipment in the CO. This addressability feature allows telco personnel to send a signal to
the smart-jack, which places it in loopback. After the smart-jack is placed in loopback
mode, testing can be done on the circuit, up to the smart-jack.

T1 Connection Between CPE and Telco

Demarc
I

V.35

F*"?L-| e | o

Spans

OCU Is Placed at the
Service Provider's Ingress.

Customer Premises I Service Provider Network

The CSU/DSU is a dual-function device that was once two separate devices before digital
circuits were deployed to subscribers. The DSU connects to the CPE, and the CSU
interfaces with the telco’s network, where it eventually mates with an office channel unit
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(OCU), the service-provider equivalent of a CSU. Each half of the CSU/DSU has specific
functions that it supplies to the T1 circuit, but the main functions are, collectively, the
protection of the telco’s equipment from anomalies generated by the CPE, line
equalization, and monitoring of the bit stream. In the preceding description of a typical T1
installation, a PBX with built-in multiplexer and CSU/DSU, connecting directly to the
smart-jack, can easily replace the router.

As far as physical connectors are concerned, those that you see at the customer premises
vary, especially with regard to the connection between the DTE and the data circuit-
terminating equipment (DCE), which, in this case, are the router and CSU/DSU,
respectively. DTE is a term that generally refers to the equipment that generates the traffic
being transmitted across the network. DCE describes the equipment that takes the signal
from the DTE and converts it into a format that is compatible with the network. These terms
also describe the relationship between a PC and its modem.

The connectors that are fairly standardized are those that connect the CSU/DSU to the
smart-jack. Again, these can be either a 15-pin D-shell connector (only on the CSU/DSU
or PBX T1 card) or an 8-pin modular connector (on the smart-jack or both devices). On the
smart-jack, the modular connector is referred to as an RJ-48X (RJ means registered jack),
which has shorting bars that automatically create a loopback to the CO if the cable from the
CSU/DSU is unplugged at the smart-jack. In other words, when the connector is removed
from the RJ-48X receptacle, pin 1 shorts over to pin 4 and pin 2 shorts over to pin 5, which
creates a physical loopback toward the network (service provider). The interface at the
CSU/DSU is referred to as just RJ-48 (or specifically RJ-48C), because it has no shorting
bars. The connection between these two jacks is a straight-through 8-conductor twisted-pair
cable with matching 8-pin modular connectors on each end.

The CSU/DSU and smart-jack form a coupled unit. That is to say the signal is simply
passed between them over a straight-through cable, with no change in pin function. For
instance, transmitting toward the network is done on the same pins in both devices. Contrast
this to the relationship between two devices, where one is considered DTE and the other
DCE. In such a case, the transmit and receive pairs swap positions in the interfaces, so that
a straight-through cable can be used for interconnection. Compare this with the RJ-48C and
RJ-48X jacks that both face the network from the same perspective.

Figure 5-3 shows the corresponding transmit and receive pairs for the DB-15 and modular
connectors. The DB-15 connectors are usually marked with respect to pin numbers, but the
modular connector requires learned familiarity with pin numbering. Figure 5-3 also shows
a graphical representation of pin numbers for the 8-pin modular connector. Pin 1 is found
on the left side of the connector as you hold the insertion end up with the keying clip away
from you (that is, with the contacts toward you). For testing or demonstration purposes, it
is possible to make a T1 crossover cable by connecting pins 1 and 2 on each side to pins 4
and 5, respectively, on the other side. This cable can then connect two CSU/DSUs together,
each one responding as if they were actually connected to a T1 network.
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Figure 5-3 71 Connector Pinouts
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Another interface that finds its origin in the days when DSUs and CSUs were separate
devices is the DSX-1. This was the interface between the CSU and DSU and was
considered the demarcation interface, with the CPE on one side and the service provider’s
equipment on the other. The physical connection was usually 8-pin modular or DB-15.
Today, with the CSU and DSU functionality being integrated more often than not in one
device, the demarc tends to be the opposite side of the CSU, its DS-1 interface with the
provider’s network.

Although the DSX-1 signal is the same as the DS-1 signal, the DSX-1 is a shorter-distance
interface, which is not able to be deployed to the service provider’s network without
interfacing locally to a device with CSU functionality. The DSX-1 interface often connects
two devices, such as PBXs or a PBX and a multiplexer, to each other locally, which
simulates an actual T1-network connection. In COs the DSX-1 signal and interfaces
interconnect pieces of equipment within the same office. Based on the distance between
devices, line equalization (short-haul build-out) must often be applied to the DSX-1
interface to add gain to the signal, which allows it to be recognized and accepted by the
opposing device. Line equalization is usually set in terms of feet, ranging from O to 655 feet,
in roughly 133-foot increments.

Related to line equalization (inversely), but found on DS-1 connections to the service
provider’s network, is long-haul line build-out (LBO). LBO serves at least two main
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purposes. A more antiquated purpose stems from older repeaters requiring at least 7.5 dB
of attenuation, with respect to the nominal signal level. If the CPE supplies a stronger signal
than the repeater expects, pulses are not interpreted as the 1s they are intended to represent,
and an all-Os signal results. More common today is the use of long-haul LBO to equalize
signal strength between two or more customers whose circuits meet at a non-repeated line
junction. This is a mutual cross-connect point or other such facility, whereby multiple
circuits convene for redirection to the customers’ respective first repeaters. If one customer
is closer to the junction than the other, without LBO applied to the closer customer’s DS-1
signal, the potential for crosstalk interference to affect the more distant customer’s signal
is great. Long-haul LBO is generally configurable ranging from 0 to —22.5 dB, in —7.5 dB
increments.

The intent of the parenthetical comment in the first sentence of the last paragraph, regarding
the two build-out schemes being inversely related, was to point out that while moving away
from the O setting with line equalization, the signal level becomes stronger. Conversely,

while moving away from O in the setting of long-haul LBO, a weaker signal level results.

Bridged taps and loading coils are common, everyday occurrences in the world of analog
telephony distribution. Bridged taps are lengths of cable that are spliced into the primary
distribution run, at a point as close to the subscriber as the facility can reasonably be tapped
into. This is done to provide service without having to run a new pair all the way from the
CO. Loading coils are sort of like non-powered analog amplifiers for frequencies in the
voice range, which block frequencies outside of this range. Both bridged taps and loading
coils are destructive to the quality of the T1 signal and must be removed before placing a
T1 circuit into service.

The 6000-foot span between repeaters comes from the specifications for signal loss budget.
Although different service providers vary as to where they decide to install a repeater, the
customary rule of thumb is to install a repeater where the signal is measured to have a level
of =30 dB (30 dB less than the original signal). A dB is a measurement of signal strength,
with respect to a known value (relative power level). For audio levels, a dB is measured
against a level of sound that is equivalent to the volume threshold of human hearing. For
electrical signals, as in the case of a T1 signal, a dB represents the ratio of the observed
signal strength, with respect to the initial signal strength from the source.

The mathematics behind dB values employs the science of logarithms. The logarithmic
function results in a positive value when based on an argument greater than or equal to 1.
For arguments less than 1 (but greater than 0), the logarithm is negative. Therefore, if gain
has been introduced, and the resulting signal is stronger than the original signal, the
logarithm is computed for a value greater than 1, and the result is positive. Conversely, if
the signal experiences loss, in comparison to the original signal level, the ratio is less than
1 and the result of the logarithmic function is negative. It is important to understand that the
negative sign in front of the dB level does not imply a negative signal level. In fact, the
logarithmic function is undefined for values less than or equal to 0. The following examples
illustrate the concept of the logarithmic function as it relates to dB of signal loss or gain.
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® Formula for calculating dB loss or gain:
— 10 log (observed signal level/initial level) = loss or gain in dB
® For an observed signal level equal to the original level:
— 10 log (1) = 0 dB (neither gain nor loss)
® For an observed signal level 10 times the original level:
— 10 log (10) = 10 dB (gain)
®  For an observed signal level 1,000,000 times the original level:
— 10 log (1,000,000) = 60 dB (gain)
® For an observed signal level one tenth the original level:
— 10 log (1/10) =-10 dB (loss)

You now can compute that a loss of 30 dB represents a signal level observed at one
thousandth of the initial signal level.

T1 Line-Coding Schemes

After all traffic is in digital form, whether by conversion or naturally, to transmit it across the
T1 circuit you need to choose a line-coding scheme that allows the signal to make it across
the physical medium without attenuating to the point of becoming unrecognizable. Internal
wiring is in a more controlled environment and usually conforms to stricter standards than
outside plant with regard to noise, interference, crosstalk, and capacitance. As a result, it is
not as important to worry about the line coding for internal wiring, because the cabling often
offers enough signal protection.

Outside wiring is a different story. Two metallic conductors that run in close proximity to one
another and are separated by some form of dielectric, such as plastic and air, form a capacitor.
In practice, if you attempt to send pulses across a circuit and you allow the current to flow in
only one direction, as is the case with many inside-wiring encoding techniques, a capacitance
builds up on the pair of wires, which causes some level of resistance to the normal flow of
electrons. This eventually results in a discharge that can be mistaken for traffic. With today’s
internal wiring, the twisted pairs counteract the capacitance by creating a mutual inductance
between the conductors of the pair.

Because external wiring cannot be counted on to be as homogeneous as internal wiring, and
because the run length of the unshielded wiring inside is less than is required outside, line
coding is chosen in such a way so as to prevent the situation that leads to a build-up of charge
between the pairs. Therefore, if the cause is the flow of electrons in a single direction, the
solution is to alternate the direction of flow for the electrons —an alternating current of sorts.
Line-coding schemes that alternate polarity of pulses transmitted are considered to be bipolar.
Figure 5-4 shows examples of bipolar signals with varying characteristics.
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Figure 5-4  Various Line-Coding Schemes
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If the pulse simply moves through the zero-voltage reference point, without traveling along
the axis at that point, the signal is considered a bipolar non-return to zero (BNRZ) signal.
Conversely, if the signal does spend some amount of time at the zero-reference point,
regardless of whether a O value is being transmitted, the signal is considered a bipolar return
to zero (BRZ) signal. BRZ returns the signal to the zero-voltage reference during the
transmission of a digital 0 and for half of the bit width of a 1’s pulse. This prevents the loss
of the center zero-value, during long stretches of consecutive pulse transmissions, which
eventually results in misinterpreted pulse readings because the transmitting node is actually
using a different scale from the receiver. An example of a BRZ signal is generated by the
alternate mark inversion (AMI) line-coding scheme. BRZ and AMI are shown as the same
graph in Figure 5-4. Another form of AMI, and hence BRZ, line coding is bipolar §-zero
substitution (B8ZS). Although similar to AMI, B8ZS is better suited for data transmission.
B8ZS is covered later in this section.

The reason that the industry bothers with fancy versions of BRZ line coding is that standard
BRZ line coding cannot satisfy the requirements of the original T1 equipment, for which

the specifications were written. Remember the term plesiochronous. To be timed nearly the
same, based on different clock sources, there has to be a third variable tying the two clocks
together. That variable is the pulse stream on the T1 circuit. In fact, the two clocks need not
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actually be in phase with one another, but they are required to be running at the same
frequency. This is much easier than remaining locked into the same phase.

If the requirement is to make sure that the clocks on either end are phase-locked with each
other, the complexity of the T1 network is unacceptable, due to the delays that are inherent
with multiple devices interconnecting and sending synchronous information all around the
world. There would be no hope for transcontinental or satellite-based T1 circuits. All that
is required is that there be enough pulses in the pulse stream to allow the receiving clock to
remember the pulse width the sending node’s clock is operating under. Because timing is
recovered from the pulse stream, phase shift can be more than a frame’s worth, while it
would have to be less than the width of a pulse, otherwise.

With the preceding argument in mind, you need to specify exactly how many Os, or bit times
without pulses, can be coded consecutively, before the receiving circuitry loses its bit-width
reference and declares a loss-of-signal condition (confusing the string of Os with no signal
at all). There is also a minimum percentage of pulses that must be seen within a bit stream,
in addition to the maximum consecutive Os allowed. The minimum requirements for any T
pulse stream follow:

® Maximum 15 consecutive Os
®  Minimum 12.5 percent 1s density

To satisfy these requirements, AMI uses a process known as pulse stuffing. AMI forces the
least significant bit (LSB) of every channel-byte to be a 1, thus reducing each channel to a
56-kbps conduit, and dropping the data rate of the T1 to only 1.344 Mbps. In doing so, AMI
ensures that one out of every eight bits is a 1, thus satisfying the 12.5 percent minimum 1s
density requirement. At the same time, if no more than seven Os are allowed to pass, before
a pulse is stuffed into the pulse stream, the requirement of no more than 15 consecutive Os
is in no danger of being violated. AMI also specifies a type of error known as a bipolar
violation (BPV). AMI requires that any two consecutive pulses be of opposite polarity, no
matter how much zero traffic comes between the two pulses. Although not the best error-
detection method known, detecting and counting BPVs is actually a fairly accurate measure
of the network’s stability. Excessive BPVs can indicate failing equipment or overpowered
facilities.

Nevertheless, AMI takes a rather large chunk out of the potential of a T1 circuit. In an effort
to capture the stolen bandwidth, which was barely missed by voice applications, but would
greatly benefit the data applications that were beginning to appear on the market, B8ZS was
developed in the 1980°s. B8ZS still watches for BPVs and it is still a BRZ technology. It
also still watches out for the 1s density and consecutive Os requirements of the T1 circuit,
but it offers what is known as clear-channel transmission, where the entire DS-0 is available
for user data. B8ZS works on the principal that if the transmitting node adds pulses to the
bit stream, and the receiving node is able to easily recognize these pulses, and is able to
determine the original values of the bits that were substituted, no user bandwidth needs to
be sacrificed to satisfy the circuit’s requirements.
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As Figure 5-4 shows, when B8ZS circuitry detects a series of eight consecutive Os,
regardless of whether the boundary corresponds to a channel-byte, it substitutes a
distinctive pulse pattern that has little chance of appearing naturally in normal traffic. In
fact, this pattern contains two BPVs, which AMI would never allow, but which B8ZS
receiving equipment recognizes and converts back to the eight Os that were in the original
data. As far as the receiving DTE is concerned, the substitution never occurred. The pattern
is described in the standards as 000VBOVB. Numbering from left to right, the fourth bit of
the eight consecutive Os is an intentional BPV (V = violation). Because the transmitting
circuitry remembers the previous pulse’s polarity, it simply uses it to create the violation,
instead of to prevent it, as it normally would. Any BPVs occurring outside of this pattern
are still errors and are treated as such.

The fifth bit in the series 000VBOVB is bipolar (B), with regard to the previous intentional
violation. This serves two purposes. First, it makes the pattern more distinct. Second, it
atones for the transgression of the BPV, which is normally avoided to minimize line
capacitance. The sixth bit is skipped, and the seventh and eighth bits are always opposite in
polarity to the fourth and fifth bits, respectively, which causes another BPV and a
correction. The next pulse that occurs naturally (after the eighth natural 0) is the same
polarity as it would have been if the substitution had not taken place. The end result is that
if at least one out of eight consecutive bits is a 1, the substitution does not take place, but
the minimum requirements are still met. If substitution is required, the minimum
requirements are more than satisfied. In fact, a pattern of all Os is transmitted as 50 percent
pulses.

T1 Framing and Formatting

You’ve been introduced to the concept of multiplexing multiple source flows into a single
circuit. How the receiving end knows where in the resulting stream of bits each channel’s
traffic can be found is the result of two processes, known as framing and formatting. Recall
from Chapter 3, that each 64-kbps bit stream is created from 8000 samples per second, each
sample being represented by a single 8-bit byte of information. A T1 multiplexer does not
buffer traffic from the channel sources. As a result, each byte created must be accepted by
the T1 multiplexer as it is created. As the multiplexer collects a byte from each channel, it
creates a frame. With 24 channels, each contributing a byte to the frame, each frame
consists of 192 bits.

If each frame were placed back-to-back, the receiving end would still have no reference to
where the channel bytes were located in the bit stream. For this reason, the multiplexer
begins each frame with a single framing bit, making each frame a total of 193 bits. Figure
5-5 shows a framing bit inserted between the last byte of one frame and the first byte of the
next frame. If you think about it, the aforementioned 8-kbps T1 overhead can be explained
by these framing bits. If each channel puts out 8000 bytes per second, and each frame is
created with one of these bytes from each channel, there must be 8000 frames created every
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second. With a single framing bit added to each frame, 8000 framing bits (also referred to
as F-bits) per second compose the entire 8 kbps of overhead associated with the T1 circuit.

Figure 5-5  The Use of F-bits in DS-1 Frames
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The following framing formats are discussed in the upcoming channel-bank sections:

® D4 Superframe (SF)
® Extended Superframe (ESF)

The value assigned to successive F-bits depends on the framing format chosen for the
particular T1 circuit and is fixed for SF, as all SF F-bits are used for the alignment pattern.
For ESF, some F-bits are fixed in value, while others vary from superframe to superframe.
As with line coding, the framing format must be identical on both ends of each link in the
T1 circuit. It is recommended that line coding and formatting be identical throughout the
T1 circuit, across all links, but if this is not possible (read feasible), conversion must be
performed at the junction of disparate coding and formatting. It is the collection of F-bits,
with their controlled values over a series of frames, that allows receiving equipment to
recognize frame boundaries by first recognizing superframe boundaries.

Although it is common to attribute the framing format known as D4, or SF, to the D4
channel bank, SF was actually introduced with the D2 channel bank. The term channel bank
originally referred to the equipment that terminated the T1 circuit. Channel banks came in
different forms, but the most accommodating channel banks afforded channel-by-channel
access to the multiplexed T1 signals. Channel banks generally also include the functionality
of T1 multiplexing. The various formats for channel banks that the industry regards as
standards follow:

® DI (1962)
® D2(1969)
® D3(1972)
® DIC(1973)
® D4(1976)
® D5(1982)
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D1 Channel Banks

The original channel-bank standard was developed in 1962 by Western Electric and was
called D1. D1 was characterized by the use of the LSB of every channel byte for on-hook/
off-hook signaling. This left only 56 kbps on each channel for user traffic, a limitation that
could not be lifted, even with the use of a line-coding technique designed for clear-channel
transmission, such as B8ZS. Fortunately, this practice would change with future
implementations. Recall, however, that this initial format was designed for use in voice-
only circuits and that 56 kbps of speech quality is not that different from speech transmitted
at 64 kbps.

With only seven bits per sample being allowed for each channel, the D1 channel bank was
able to use a less complex companding algorithm known as y-100, as opposed to the p-255
algorithm discussed in Chapter 3. This allowed the diodes that performed the logarithmic
companding process to be less precise and thereby require less cooling. The segmented
approximation companding technique would not be introduced until later.

The D1 channel bank operated on two streams of channelized bytes to reduce the speed
required of the early multiplexing electronics. Channels 1 through 12 contributed in that
order to one stream, and channels 13 through 24 contributed to the other. The D1 channel
bank interleaved the two streams into one. So, consecutive channels did not have
consecutive timeslots. A byte from channel 1 was followed by a byte from channel 13,
which was followed by bytes from channel 2, channel 14, channel 3, and so on.

For alignment to the frame structure, you can use two broad methods. Either a unique code
can be sent in front of each frame to identify that a frame is to follow or bits can be inserted
between frames, which forms a nearly unique code over the collection of inserted bits. The
former method adds excessive overhead to the bit stream, but allows realignment or
alignment verification at each frame. High-level data link control (HDLC) is an example of
this type of frame alignment. You usually use this method for protocol-based framing.

For framing closer to the physical layer, as in the case of T1 (which can actually carry
HDLC information with its own brand of framing), the use of framing bits inserted between
frames is generally employed. This technique requires more frames to be analyzed and
potentially dropped when alignment is lost, a condition known as out-of-frame (OOF), but
itrequires less overhead. With the quality of digital transmission pathways, chances are best
taken with less overhead, despite the mild threat of more data loss. The receiver is more
certain of alignment, the longer the alignment string inserted into the F-bits is. It is also
customary for receiving equipment to not declare a state of misalignment solely based on
one or two alignment-bit errors.

Because of the less costly F-bit alignment method, this format was chosen for the original
DS-1 signal during the time of the D1 channel bank. The alignment pattern was a simple

alternating 1s and Os pattern in the F-bits. The concept of a SF was not considered for D1
channel banks. The alternating pattern succeeded because naturally occurring, long-term,
alternating values every 193 bits is neither typical nor probable.
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If an OOF condition is declared, the D1 channel bank steps back in the bit stream a set
number of bits and begins checking for the alignment pattern every 193 bits. If the current
position does not prove to be the F-bit location, the equipment advances bit by bit until the
pattern is recognized. OOF is declared over when eight consecutive frames are recognized
by the alternating F-bit pattern.

D2 Channel Banks and the SF

D1 channel banks were originally designed to connect a pair of nearby COs, where the analog
signals would then be switched locally. When AT&T decided to use T1 to connect offices in
tandem, the switches required analog signals for processing, so the digital signal would be
converted back and forth from analog to digital and back again. The repetitive re-sampling of
the analog signal resulted in increased quantizing noise by the time the signal made it to its
final destination. The D2 channel bank was designed to minimize the signal-to-noise ratio that
was so problematic with the D1 channel bank.

Additionally, the D2 channel bank saw the introduction of the SF format, which deviated
from setting the F-bits to the arbitrary alternating pattern that was used by D1. However,
similar to D1, the D2 channel bank used an interleaving scheme, although different from
that used by D1, for combining the 24 channels onto the T-carrier. In fact, it used a two-
stage scheme that started by taking 96 channels and splitting them into eight groups of 12.
Channels are arranged sequentially within their respective group. The eight groups are then
byte-interleaved to form a 96-channel signal. This composite signal is then inversely
multiplexed onto four distinct DS-1 signals, each of the four being comprised entirely of
two out of the eight 12-channel groups. All four DS-1 signals have to be terminated on the
same D2 channel bank on the receiving side. Remember that this scheme was developed
long before the intention of supplying T1 service to the subscriber.

The SF format groups 12 DS-1 frames (a 24-byte group of channel-bytes with an F-bit) into
a data structure that is known as a superframe. Although signaling is carried in every
channel-byte of the DS-1 signal used with D1 channel banks, SF formatting places
signaling in every sixth byte of each channel, again by robbing the LSB. Because of this
use of user data bits to communicate signaling information, the term robbed-bit signaling
(RBS) is commonly used, because user data is irretrievably lost.

The justification is that for voice traffic, the LSB of a sample has the least effect on quantizing
errors, should the signaling bit be different from the original user bit. Furthermore, only every
sixth LSB is robbed. Figure 5-6 depicts the idea behind every sixth byte of each channel
having the LSB robbed for signaling. Note that this translates to the 6th and 12th frames of
each SF that is carrying signaling information. This fact will be revisited shortly, during the
discussion of the F-bit values and their use. The signaling bits can carry different values,
which results in four possible settings. The bits are referred to as the A-bit (frame 6) and B-
bit (frame 12). Because more bits are freed up for user traffic, it was decided that the D2
channel banks would use y-255 companding, instead of the y-100 employed by the D1
channel banks.



139 Chapter 5: T1 Technology

Figure 5-6  The SF Format
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The set 12-bit pattern for the 12 F-bits is 100011011100. When this pattern is placed end-
to-end, you cannot find this particular sequence of bits by starting on any F-bit but the first.
You should be aware of two additional key points. The first is that the F-bits of the odd
frames form what is called the frame alignment signal, or terminal framing bits (Fp), and
the F-bits of the even frames in the SF compose what is known as the multiframe alignment
signal, or signaling framing bits (Fg). The second is that the F bits provide the alignment
function that D1 used every F-bit for (the pattern of alternating 1s and Os remains), while
the Fg bits quickly identify the locations of frames 6 and 12, where the signaling (hence the
name) bits are located. The receiving equipment is looking for the transition of the Fg bits
from O to 1 for frame 6 and from 1 to O for frame 12. If the six Fg bits are placed end-to-
end, these are the only two transitions that occur. To overcome even the modest
inconvenience of RBS, D2 channel banks allow common-channel interoffice signaling
(CCIS), in which a 64-kbps channel is allocated for signaling, thus making all 8 bits of each
channel in every frame available for user data.
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D3 and D1D Channel Banks

While AT&T was attempting to produce a cheaper D1 channel bank, they discovered that
much of the technology of the D2 channel bank also needed to be included. As a result, the
D3 channel bank was suitable for long-haul connections, as was the D2. Similar to the D1,
the D3 only operates on 24 channels. Unlike the D1, the D3 does so in a single stream,
which precludes the need for interleaving non-consecutive channel-bytes.

Nevertheless, an upgrade was made available to give D1 channel banks D3 functionality.
The upgrade could be purchased for less than a new D3 channel bank. The upgraded D1
was referred to as the D1D channel bank. The D1D is identical to the D3 in almost every
way. The big difference is that the D1D uses the channel-byte sequencing method of the D1
channel bank, which makes it incompatible with the D3. In other words, both opposing D1s
have to be upgraded, while switching one out with a D3 is not an option. Because the SF
format and p-255 companding are used with the D3 channel bank, it is closest in function
to the D2, with the only notable differences being the number of channels on which it
operates and the sequencing of the channel-bytes.

D4 Channel Banks

The SF format is also referred to as the D4 format, even though the D4 channel bank was
not the first to provide SF functionality. The main impetus for the creation of the D4 channel
bank was the 48-channel T1C (DS-1C) circuit that AT&T was concurrently designing. Also
employing the SF format and y-255 companding, the D4 channel bank standardized what
we consider the channel-byte sequencing in use today, while allowing selectable backward
compatibility with the previous models.

The D4 channel bank accepts analog voice, voice-band data (an example of which is a
digital source modulated by a modem for transmission over an analog circuit), or digital
signals by converting them to the appropriate format for the directly connected T1 or T1C.
Two D4 channel banks can be directly connected through their T1C interfaces. Tandem
interconnection of D4 channel banks even allows connection to a T2 circuit.

D5 Channel Banks and the ESF

The D5 channel bank is basically a D4 channel bank with the ability to multiplex 72 and 96
channels for direct connection to a T2 line. Additionally, the D5 channel bank introduces
the ESF format. Although the D4 SF format was a vast improvement over the framing
format of the D1 channel bank, it lacked certain accommodations for management and
signaling. Although this was not a huge problem for voice traffic, as signaling could be
included through RBS, data traffic could not use RBS and still get the most out of the T1
bandwidth.
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NOTE Out of fairness to SF, T1-node CPE interfaces can be designed specifically for data
applications. Such interfaces do not add RBS bits to the channels that have these non-voice
inputs.

As aresult, ESF was designed with a larger data structure, thereby allowing more functions
to be derived from the F-bits of each SF, which for ESF is twice the length of the SF. This
means that 24 F-bits are available with ESF and that not all the bits are required for
alignment. Figure 5-7 shows the format of the ESF frame structure and the use of the F-bits
with ESF.

Figure 5-7  The ESF Format
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One of the problems the ESF format helped to overcome was the need to first take a D4-
formatted circuit out of service before performing any testing procedures on it. This is
simply due to the fact that there is no additional overhead, over which the testing signals
can travel, without disrupting normal user-data traffic. For this purpose, the ESF format
allows use, even proprietary use, of the 12 facility data link (FDL) bits, which are the F-bits
for all of the odd-numbered frames in the ESF. Doing the math, you can verify that 4 kbps
are available for FDL functions. To clarify, if you use 1 bit per frame, you use 8000 bits per
second, as frames are produced at this rate. Because FDL bits come from every other frame,
this cuts the 8 kbps in half, which results in the 4-kbps data rate of the FDL channel.
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The alignment pattern for the ESF format is always set to 001011 and is installed in the F-bits
of frames 4, 8, 12, 16, 20, and 24. The ESF alignment pattern is similar to that for SF in that
repeating the pattern end-to-end precludes finding the pattern in these bits by starting in any
F-bit but the first (frame 4). Unlike SF, however, the ESF alignment pattern has no component
that points to the signaling frames (6, 12, 18, and 24). Such a pointer was never necessary after
the SF boundary was defined. It was just an added redundancy defined for SF. The number of
signaling bits for voice applications has doubled. They are now referred to as A-, B-, C-, and
D-bits and appear in frames 18 and 24, in addition to the familiar frame 6 and frame 12
positions of the SF format. As a result, with ESF, there are 16 signaling states available.

The other six F-bits present in the ESF format are used for a 6-bit cyclic redundancy check
(CRC-6), which is an error detection scheme that uses the identical algorithm to compute a
6-bit value that is based on the transmitted bits throughout the SF, not including the F-bits. If
the value in these bit positions does not equal the locally computed value, based on the same
algorithm and the same data-bit positions, an error is assumed and a counter is incremented.
Data is not discarded at this level, but the CRC counter aids in management

of the circuit by representing the bit-level health of the T1.

T1 Troubleshooting

There is a variety of testing that can be done to baseline or troubleshoot a T1 circuit,
regardless of the frame formatting in use. With ESF formatting, there are even more benefits
because testing and messaging can be performed without first taking the circuit out of
service, as is necessary in the case of D4 formatting. ESF formatting makes use of the FDL
bits to send a special data unit toward the CO equipment. At the CO, a device called a line-
monitoring unit (LMU) is non-intrusively bridged across the circuit, where it reads the FDL
bits from the signal and generates alarms if necessary.

In the specifications, specific registers are called for in CSUs that support ESF formatting.
These registers are designed to maintain a history of problems that occur over a 24-hour
period, usually updated in 15-minute increments. During the breakup of AT&T, it was ruled
that the service provider has no natural rights to access information or control hardware
beyond the demarc on the customer premises. ANSI T1.403 specifies that CSUs should
communicate their register contents to the service provider (LMU) every second, instead of
waiting for the LMU to poll the CSU for its information. If this information passes through
a device known as the Digital Access and Crossconnect System (DACS), the FDL bits are
regenerated along with the rest of the framing, and any communication across these bits is
lost, regardless of whether the traffic is standards-based or proprietary. Because the FDL is
not in constant use, manufacturers include functionality in their equipment, which allows it
to communicate to, configure, and manage the remote device. One of the most popular uses
of the FDL bits is the bit error rate testing (BERT).
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BERT Testing

BERT testing is the sending of a known pattern onto the T1 circuit and monitoring whether
the same pattern is received at the testing point. The testing point can be the other end of
the circuit. It can be somewhere in the middle (for example, if the service provider is on-
site and testing back to their office). It can be the same location from which the pattern was
generated. It can even be the same device that generated the pattern. It is possible to send
out a code, either in-band with the data or across the FDL bits, to place a device into a
loopback state, which means that anything that device receives, it turns around and sends
back to the transmitting device. Whether anything is done to the traffic before sending it
back depends on what kind of loopback is implemented. Three types of loopback are used
for various reasons:

® Network or line
® Payload
® DTE

The network loopback is controlled either by the service provider or at the CSU control
panel or terminal interface. The loopback is generated from the network by repeating an
unframed binary 10000 pattern, which can be sent in-band with the user data (AT&T) or
across the FDL bits (ANSI). The network loop is then taken down with an unframed 100
pattern. The network loopback is invaluable for testing the efficacy of LBO settings
configured by the network and on the CSU. This value is derived from the fact that the
signal from the network is returned to the network, so that service providers can conduct
BERTS, thus verifying the integrity of the portion of the T1 circuit that extends from them
to their customer. This loopback is intended to allow bit-by-bit testing of the data stream
because the framing is not regenerated but instead is returned as it was originally generated
by the testing entity. Network loopbacks allow testing only up to the CSU functionality of
the CSU/DSU.

The payload loopback is similar to the network loopback, in that network traffic is returned
to the network, and the loop-up signal can be sent from the network. The difference is that
testing with the payload loopback turned up tests through the CSU/DSU, up to the DTE
interface of the CSU/DSU, in addition to the T1 facility. As such, the entire bit stream is
reframed and regenerated before being sent back to the network.

Finally, DTE loopbacks are not actuated from the network, but must be turned up from the
CSU/DSU panel, a terminal interface to the CSU/DSU, or by a code sent from the DTE.
This loopback is made at the DTE side of the CSU/DSU. It sends the signal from the DTE
back to the DTE. The CSU/DSU is also thoroughly tested during the DTE loopback, as it
simulates a 4-kft (4000 feet) line before returning the signal to the DTE.

Although there are various patterns that can be transmitted during a BERT test, the
following list contains the most popular patterns and their associated uses:
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®  Mark,orall 1s, simulates a keep-alive signal, which places the maximum bit count on
the T1 and tests repeater power integrity.

®  Space,or all Os, discovers improperly configured equipment in the path of the test. This
tests a B8ZS-coded circuit. If AMI exists in the path, it converts the intentional BPVs
that are generated by B8ZS into legitimate bipolar pulses. Because the verification is
performed after B8ZS removes its intentional BPVs, receiving anything but all Os
indicates the presence of AMI in the circuit.

® 1:1is an alternating pattern of 1s and Os, which is a one-to-one ratio of 1s to Os. This
pattern offers a signal with an appreciable number of pulses without taxing components.
Such a pattern is useful when verifying round-trip connectivity.

® 1.7 is a repeating pattern of one mark, which is followed by seven Os. This pattern
creates a one-out-of-eight, or 12.5 percent, 1s density, which tests the minimum
requirements.

® 3-in-24 is a pattern that not only tests the minimum 1s density by having three 1s out
of 24 bits (12.5 percent), but also the maximum consecutive Os limitation. This is
because the pattern (100010001000000000000000) finishes with a string of 15 Os that
are broken by the beginning mark of the next instance of the pattern. This pattern is
occasionally referred to incorrectly as 3:24. This implies that there are three 1s for
every 24 Os, when the ratio is actually 3:21.

® 2047,0r pI | ,18 a pseudorandom pattern that consists of a maximum of 10 consecutive
Os and 11 consecutive 1s. A binary number that consists of only 11 1s has a value of
2047. This pattern is effective in testing digital dataphone service (DDS) and Integrated
Services Digital Network Basic Rate Interface (ISDN BRI) circuits. Similar patterns, the
names of which work out mathematically, as does 2047, are 63,511, and 4095. Each one
has similar applications and uses varying maximum blocks of 1s and Os.

* 220 1jsa pseudorandom pattern that consists of a maximum of 19 consecutive Os and
20 consecutive 1s, which is a moderate test of the equipment’s ability to handle
excessive consecutive 0s.

® 223 1 s similar to 229-1 , but it allows a maximum of 22 consecutive Os and 23
consecutive 1s, thereby creating a more stressful test with excessive consecutive 0s.

® The Quasi-Random Signal Source (QRSS) is a version of the 220_1 pattern, with
consecutive 0Os kept under the maximum of 15. This is the best pattern for simulating
live data.

The term mark means a pulse and space refers to the lack of a pulse (1 and 0, respectively).
Cisco equipment has a series of debug commands that allow BERTS to be conducted.
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T1 Errors

The errors on T1 circuits come from two major categories:

® Format (or frame-level) errors
® Logic (or bit-level) errors

Format errors are those that violate the frame structure and its coding and 1s density
requirements. Format errors include, but are not limited to, the following situations:

® BPVs

® Loss of signal (LOS)

® Loss of frame (LOF), or OOF

® More than 15 consecutive Os

® Less than 12.5 percent 1s density

® Malformed pulses (width and height)

Both D4 and ESF are capable of detecting format errors, either directly or through the
coding method that is employed.

In contrast to format errors, logic errors on a T'1 circuit are basically caused by the insertion
or deletion of pulses. It is possible for such an action to result in a format error, provided
that the pulse affected represents a framing bit, but this is not a forgone conclusion. For
certain even-count insertions or deletions that occur between consecutive pulses, logic
errors can go completely undetected by T1 equipment. For example, if D4 formatting is
being used, and no F-bits are altered, there is no mechanism to verify the insertion or
deletion of pulses, and neither AMI nor B8ZS is capable of recognizing insertions that did
not cause BPVs. In the case of B8ZS, this includes events that cause its intentional BPVs
to appear illegitimate. ESF is able to detect a preponderance of insertions and deletions by
way of the CRC-6 bits, which are computed on all original bits of the frame and compared
by the receiving node to the CRC-6 that is computed on the arriving bits.

To clarify some of the terms in the preceding discussion, OOF occurs when the receiving
circuitry cannot lock on the alignment pattern for the incoming frames. This condition
persists until a configured amount of time passes, during which the alignment pattern is
continuously recognized. LOS is usually the result of power loss or complete system failure
on one side of the T1 and is characterized by the receipt of continuous unframed Os. An LOS
condition is usually declared after the receipt of 175 consecutive bit times with no pulse.
BPVs can be caused by several factors, such as improper signal levels, opens or shorts in the
wiring of the circuit, or mismatched line coding. These can result in frame errors if the F-bits
are compromised egregiously enough, which tends to indicate the overall degradation of the
circuit, possibly due to a failing component.

Because of the variety of components that can go into constructing a T1 circuit, each one
potentially having its own clock source (the plesiochronous factor), it is likely that enough
delay is introduced into the signal, from time to time, to disrupt the normal flow of traffic.
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This delay is called jitter (low levels are referred to as wander), and too much can result in
CRC-6 errors or in a phenomenon known as timing or frame slips. T1 components use
phase-locked loop circuitry to try to keep the phase shift to a minimum. Controlled frame
slips are the intentional discarding of frames, in an attempt to reacquire the alignment
pattern before synchronization is lost. Occasionally, uncontrolled frame slips are necessary,
whereby the T1 equipment clears its buffers, declares an OOF condition (after two of any
four F-bits are in error), and attempts to regain synchronization by searching for the
alignment pattern.

Other important terms to be familiar with involve the reporting and tracking of error
conditions. For example, an errored second (ES) is one in which one or more format or
logic errors occur. When the count gets up to about 320 in a single second, a severely
errored second (SES) is counted. Consecutive severely errored seconds (CSES) are
generally counted to determine when a failed signal state should be declared. In more
specific terms, ten CSESs result in a LOS.

Alarm Conditions

T1 alarm states are commonly referred to based on the colors of the lights that the original
T1 equipment used to designate that particular alarm condition. Each of the three alarms
discussed in this section are considered major alarms and are not usually declared for events
that do not directly result in some form of failed signal state or OOF/LOS condition. In fact,
many manufacturers specify a set of minor alarm conditions that serve to alert administrators
to the impending risk of a major alarm. If a minor alarm is not warranted, counters are still
incremented, so that proactive management can possibly prevent more serious conditions.

The first two alarm conditions presented here are the red and yellow alarms, known
collectively as carrier failure alarms (CFAs). When a T1 device receives errors beyond a
sometimes-configurable threshold, it declares a red alarm condition. Often two or three
seconds of continuous LOS or OOF will trigger a red alarm. In this case, the device
immediately attempts to transmit a code that signals the opposite end to declare a yellow
alarm condition. Thus, knowing which end is in which condition makes it easier to begin
pinpointing the cause of the problem. Generally 10 to 20 seconds of healthy signal ends the
CFA condition.

Very often, however, the complete circuit goes down, which places both ends into the red
alarm. In this situation, neither end has the ability to transmit the yellow alarm code to the
other end. On D4 circuits, the yellow alarm is signaled to the opposite end by setting the
second most significant bit in each byte to 0, thus disrupting all traffic that might otherwise
be traveling in that direction (any bit affects data, but the second bit also gravely affects
voice traffic). This is rarely an issue because transmission in one direction is not usually
beneficial. ESF circuits signal the yellow alarm by alternating eight 1s and eight Os in the
12 FDL bits for at least one second.
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The third major alarm, the blue alarm, is also known as the alarm indication signal (AIS)

and as a keep-alive signal. It is characterized by a continuous stream of unframed 1s. A T1
node that receives the AIS sends out the yellow alarm signal. This pattern serves at least two
primary functions:

® Signify a malfunction in the transmitting node (the CSU is not receiving data from the
DTE side)

® Keep repeaters and other equipment supplied with pulses for timing recovery

A T1 repeater can also generate the AIS toward the CSU, which in turn generates the yellow
alarm signal, which places the opposite end in the yellow alarm.

To summarize, the red alarm is not a transmitted signal, but rather a condition entered into
by equipment that is receiving a signal with problems. The yellow and blue alarm signals
are actually transmitted across the circuit. If intelligent DTE or a test set is in place and able
to detect these signals, the following summarizes the significance of the yellow and blue
signals from the perspective of such equipment:

® The yellow alarm signal indicates problems in the transmit path.

® The blue alarm signal indicates problems in the receive path.

Configuring a T1 Controller

Example 5-1

This section gives two examples of how to configure a T1 controller on Cisco networking
devices.

To access the T1 controllers for configuration, you have to be in global-configuration mode
and then select the appropriate T1 controller.

Example 5-1 shows the simple configuration of a T1 controller for ESF framing and B8ZS
line coding. Additionally, the controller is being configured to supply equalization (gain)
for cables up to 133 feet.

Configuration of a T1 Controller

router#configure terminal

router(config)#controller t1 0/0
router(config-controller)#framing esf
router(config-controller)#linecode b8zs
router(config-controller)#cablelength short 133
router(config-controller)#clock source line primary
router(config-controller)#no shutdown

The commands listed in Example 5-1 allow you to configure a basic T1 controller. You need
to be aware of your timing requirements. Verify whether you should receive timing from
the line (if the circuit is from a service provider, chances are you are to clock to the line).
The timing defaults to line, and by adding primary to the timing statement, you are
identifying the device’s primary timing source.
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Configuring a T1 Hairpin

Figure 5-8

Figure 5-8 shows the use of a drop and insert function, which is also referred to as a hairpin
connection. This allows you to redirect timeslots and then drop out the remaining timeslots
to another device. Here, timing is important to remember because the same circuit’s DS-0s
travel through multiple devices. In Example 5-2, the clock source internal command at the
end of the controller t1 0/1 configuration is necessary if this controller will be providing

the timing to the device at the other end of the cable attached to controller t1 0/1.

T1 Controller 0/0 —\
—

__.i 4 >

T1 Controller 0/1 —:—/
! Cisco SLT 2611

T1 Hairpin Configuration Using Drop and Insert
Zy Groom Off DSO(s)

Central Office

1
T1 Controller O.II

T1 Circuit AS5400

DSO0 Hairpin

Example 5-2 shows the sample configuration of two T1 controllers within the same Cisco
Signaling Link Terminal (SLT) 2611. Figure 5-8 shows the relationship between the SLT
and its external neighbors. The channel-group command under controller t1 0/0 identifies
channel 1 as the signaling channel that is referenced by commands to pass this signaling on
to another device. The tdm-group commands establish the numerical identifiers that are

used in the final command of the configuration. Using these identifiers, the connect
command mates the same 23 channels from one controller to the other and specifies an
arbitrary connection name (hairpin) that appears in the configuration, but that does not have
to reference any other command.

Example 5-2 Hairpin Configuration of a Cisco SLT 2611

router(config

router(config

router(config-
router(config-
router(config-

router(config-
router(config-

router(config-
router(config)#connect hairpin t1 0/0 1 t1 0/1 2

router#configure terminal

router(config)#controller t1 0/0
router(config-
router(config-
router(config-
-controller)#clock source line primary

controller)#framing esf
controller)#linecode b8zs
controller)#cablelength short 133

controller)#channel-group @ timeslots 1
controller)#tdm-group 1 timeslots 2-24
controller)#exit

router(config)#controller t1 0/1
router(config-
router(config-
-controller)#cablelength short 133

controller)#framing esf
controller)#linecode b8zs

controller)#tdm-group 2 timeslots 2-24
controller)#clock source internal

controller)#exit
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Summary

In this chapter you were introduced to the PDH, which includes digital carriers from all
over the world, each one based on the same 64-kbps DS-0. The NADH takes its place in the
PDH and exhibits a couple of additional levels, in comparison to the other hierarchies. T1
fits near the bottom of the NADH and is a component of higher-level circuits.

The T1 circuit extends from the CSU function on the subscriber side to the CO, over two
22- to 26-gauge copper pairs that operate in duplex mode. T1 line repeaters can be placed
every 6000 feet between the customer premises and the CO, but only 3000 feet from the
customer to the first repeater, and from the last repeater to the CO. A device called a smart-
jack is used as the demarcation point. The smart-jack is placed at the customer premises
and allows control by the CO.

Line coding is required to transmit a T1 over the physical medium that connects the
subscriber to the service provider. T1 circuits require that no more than 15 consecutive 0s
be transmitted, and at least 12.5 percent of the traffic must be 1s, on average. AMI and
B8ZS are both BRZ line-coding schemes that satisfy these requirements in different ways.
AMI limits bandwidth, and B8ZS permits user traffic to run on clear channels.

As the multiplexer collects a byte from each channel, it creates a frame. With 24 channels,
each contributing a byte to the frame, each frame consists of 192 bits and a framing bit,
which makes each frame a total of 193 bits. 8000 framing bits per second comprise 8 kbps
of overhead associated with the T1 circuit. D4 and ESF both use an alignment pattern that
comprises some or all of the F-bits. ESF offers additional functionality with its expanded
SF size. Formatting methods were introduced with devices called channel banks, which
started with D1 in 1962 and extended up to D5 by the 1980°s. On-hook and off-hook status
is communicated by RBS, in which actual user traffic is overwritten by this status signaling.

Troubleshooting a T1 is made easier by the ability to send loop codes to T1 devices or to
place them into loopback mode directly from the console of the device. When in loopback
mode, a device returns the traffic it receives on its receive pair. BERT tests can be run while
the T1 device is looped up, thus verifying the integrity of various portions of the T1 circuit.
Various test patterns can be injected onto the T1 circuit, each one with a different purpose.
T1 errors come in two forms, format and logic errors. Both formatting methods (D4 and
ESF) can detect format errors because they both have F-bits to be monitored. Only ESF is
capable of detecting most instances of logic errors, by way of the CRC-6 bits. An OOF
condition results from too many F-bit errors, and a LOS condition stems from a complete
lack of pulses being detected on the circuit.

Three major alarms are specified for T1 management. They are denoted by their original
lighted colors. Two of them, the red and yellow alarms, are considered CFAs because they
are related and both signify that a severe problem exists on the network. The third alarm,
the blue alarm, is also known as the AIS. It is characterized by a stream of unframed 1s,
which generates a keep-alive signal while the device is attempting to come back up.
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Review Questions

Give or select the best answer or answers to the following questions. The answers to these
questions can be found in Appendix A, “Answers to Review Questions.”

1 How many DS-0s make up a T1 circuit?

a

b

c

d

16

24

32

30

2 What is the difference between AMI and B8ZS?

3 What is another term for the alarm indication signal?

a

b

c

d

Red alarm

Yellow alarm

Blue alarm

CFA

4 How many bits are in a frame, including the F-bit?

a

b

c

d

191

192

193

194
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5 How many frames are in a D4 superframe? How many in an extended superframe?

a 1,2

b 12,12

c 12,1

d 192,384
e 12,24

6 What are the FDL bits used for in ESF formatting?

7 What are the CRC-6 bits used for in ESF formatting?

8 In the D4 superframe, what are the two types of F-bits and their uses?

9 What condition is declared when two out of four consecutive F-bits are found to be in
error?

a OOF

b LOS

¢ BERT

d SES
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10 What does a node that is in red alarm or that is receiving the keep-alive signal attempt
to do?




This chapter covers the following topics:

® El introduction— An introduction to E1 including a brief discussion of its history.

® E1 physical characteristics — An overview of the physical characteristics of E1.

® E1 framing— A discussion of E1 framing including NO-CRC-4 framing and CRC-4
framing.

® El line coding— Includes coverage on High Density Bipolar of Order 3 (HDB3) line
coding.

® Configuring an E1 controller — A discusion of basic E1 controller configurations
and an Expert White Board on configuring an E1 hairpin.

® R2 signaling characteristics — An overview of R2 signaling. Although this is a
signaling type, and not a circuit, R2 is included here because it is almost always
associated with E1 circuits.

® R2 configuration on a Cisco E1 controller —This section builds upon the basic E1
configuration coverage by adding support for R2 signaling.

® Japanese Digital Hierarchy (JDH)— An overview of the JDH and how it maps to
the North American Digital Hierarchy (NADH) and the international community.



CHAPTER 6

E1, R2, and Japanese
Carrier Technology

E1 Introduction

NOTE

If you work in North America, you may or may not have ever had any exposure to an

El circuit. El is the Level 1 digital signal that is found in the International Digital
Hierarchy developed by the International Telecommunication Union Telecommunication
Standardization Sector (ITU-T, formerly CCITT). Most countries around the world use
El circuits, with the exception of North America and Japan. Parts of Korea, Taiwan, and
Hong Kong also use T-Carrier interfaces, although this use is decreasing gradually.

Japan uses T-Carriers and a national specific format known as J1. J1 will be covered later
in this chapter.

The E-Carrier data rates and operation were derived from a set of ITU standards that range
from G.703 to G.822. Admittedly, the E-Carrier technology is different than its North
American counterpart, but it still uses many of the same pulse code modulation (PCM)
principles. Referring back to Chapter 3, “Analog-to-Digital Conversion,” remember that the
companding method is a major difference between E-Carrier (A-Law) and T-Carrier (u-
Law). The companding algorithm is only important when using the T- or E-Carrier circuits
for voice. Extremely poor voice quality can result from a companding mismatch during a
voice call. However, if data is to be transported, the companding differences are no longer
an issue.

Upon its inception in the late 1950s, one of the main problems with the T1 design was its
initial line coding format. As you might recall, alternate mark inversion (AMI) steals the
least significant bit to ensure against 1s density violations. Again, this limits the amount of
bandwidth available per digital service 0 (DS0) to 56 kbps. Although ANSI wanted
everyone to use its set of standards, the ITU decided against T-Carrier and created its own
set of standards.
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E1 Physical Characteristics

Similar to T1 technology, an E1 refers to the carrier facilities associated with the digital
signal. E1 circuits are also dedicated point-to-point synchronous circuits. Similar to T1,E1
circuits are equally susceptible to timing issues associated with multiple clock sources.
Don’t confuse the synchronous circuit with the plesiochronous network structure.
Remember that plesiochronous networks contain multiple synchronous circuits with
different clock sources.

An E1 circuit differs in several ways from a T1 circuit. The first, and most noticeable, is the
allocation of DSOs. An E1 circuit has 32 DSOs, instead of 24 DSOs, which gives it a total
bandwidth of 2.048 Mbps. Out of these 32 DSO0s, 30 or 31 of them might be for bearer traffic
(depending whether or not you use timeslot #16 [TS16] for signaling or bearer traffic).

An argument can be made as to whether E1 circuits are common channel signaling (CCS)
or channel associated signaling (CAS). By definition, CCS states that the signaling is not
intrusive to the data, but CAS states that signaling is intrusive, or non-separable from the
data. The fact is, you can use E1 circuits in several different ways. Basic E1 circuits are
typically found in CAS configurations. When the circuit is set up as CAS, TS16 splits
between the circuit timeslots at timed intervals and the bits for one timeslot cannot be
shared with another.

However, when you use an E1 circuit in a CCS configuration, all the timeslots use or share
TS16 as a common resource. For example, if you use the E1 circuit as a Signaling System
7 (SS7) signaling link or as an Integrated Services Digital Network Primary Rate Interface
(ISDN PRI) the circuit can be considered CCS. The reason for the CCS classification is that
in both instances, TS16 can provide signaling for any of the other timeslots on the circuit.
Although the signaling is physically in-band, the signaling is logically out-of-band because
the signaling is carried over a separate timeslot.

You do not have to use TS16 for signaling, particularly in the cases of ISDN PRI and SS7.
It is common in both of these instances to have E1 circuits with 31 channels available for
bearer traffic. ISDN PRI circuits can be deployed in groups with something called non-
facility associated signaling (NFAS). NFAS allows a single ISDN D-channel to provide call
control for up to 479 B-channels. So, in a NFAS group with 5 PRIs, the first PRI uses TS16
as the NFAS D-channel. You can use TS16 in PRIs 2-5 for bearer traffic.

SS7is a similar case to ISDN. A single signaling link can provide call control for thousands
of timeslots (trunks). Within the first E1 span, circuits can use TS16 as the SS7 signaling
link, and subsequent E1 circuits can use TS16 for bearer traffic.

There might be other instances that allow you to reclaim the 16th timeslot for bearer traffic,
particularly if you are using the same vendor’s equipment on both ends of the circuit and a
proprietary signaling format has been put in place. However, these proprietary signaling
formats are not nearly as common as the usage described with NFAS or SS7. Figure 6-1
shows the allocation of the channels for an E1 circuit.
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Figure 6-1 DSO Allocation on an EI Circuit

Sydney Adelaide
DSO . .
o
s [ ]
>
16 g
17-31

Timing and Synchronization = = = = = =

Signaling

E1 circuits, similar to T1 circuits, are referred to as co-directional interfaces. A co-
directional circuit is defined when timing information and the bearer traffic take the same
physical path between nodes and in the same direction. Figure 6-2 shows a co-directional
circuit deployed as two copper pairs of wiring. Remember that because of time-division
multiplexing (TDM), it is possible to carry 32 timeslots over just four wires.

Figure 6-2 Co-Directional Circuit Between Endpoints
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El circuits are deployed throughout the international community on one of three types of
medium:

® 120 ohms unbalanced twisted copper cable

® 75 ohms balanced coax cable with Bayonet Neil Concelman (BNC) connectors

® DB-15 connector
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NOTE

If using twisted pair, you are using pins 1, 2,4, and 5 of the modular plug. Pins 1 and 4 are
a pair, as are pins 2 and 5. Similar to T1, to make a cross over you cross pins 1 and 4 and
cross pins 2 and 5. If using balanced coax cable, you most likely have two BNC connectors:
one for Tx and one for Rx. DB-15 connectors are more common with T1 deployments, but
you can use them with E1 circuits. A DB-15 connector has 15 pins and is similar to a
monitor cable connector. DB-15s are only found inside premises as a short haul connector
from a smart-jack or similar connector. The type of medium that you use depends solely on
what your service provider can deploy to your location. Cisco makes equipment that can
accommodate any of these types of connection.

E1 circuits also use a channel service unit/data service unit (CSU/DSU) for communication
with the service provider’s network. For review purposes, the DSU function takes a
unipolar signal (such as from a computer system) and converts it into a bipolar balanced
signal. Remember that the difference between the unipolar and bipolar signals is that the
unipolar signal only has a single polarity, positive or negative. The bipolar signal has both
positive and negative polarities. The CSU function of the device interfaces directly with the
network and terminates the circuit. The CSU also formats the information from the DSU
for transmission over the E1 circuit.

A common configuration with E1 circuits on Cisco routers is for the computers to
communicate with the router over Ethernet. The router, in turn, is connected to the E1
circuit and it forwards specified traffic out the E1 connection.

When an E1 circuit is deployed, attenuation must be taken into consideration. The general
rule of thumb when deploying E1 circuits is that you can deploy regenerators every 4800
feet, or if there is —40 dB or more loss on the circuit. Irrespective of the standard loop
length, as the dB loss reaches higher than —40 dB, the signal might be too weak for the
receiving equipment to use effectively. —40 dB is only an estimate because the dB loss can
vary from —38 dB to —44 dB before a repeater is placed on the circuit. The actual cutoff for
the signal depends on the circuit location and the service provider installing the circuit. This
amount of loss can be caused by faulty equipment on the line, bad cabling, or extreme
environmental conditions in loop lengths less than 4800 feet.

Remember that with digital signals, you use regenerators. The regenerator does not just
amplify the signal as with analog but completely regenerates the digital signal stream.

E1 rates are not expressly limited to 2.048 Mbps. As with T1, subrate offerings have been
specified in ITU specifications. These subrate offerings vary depending on location and
what your service provider can provide to you. The two commonly deployed services are
the data rates of 64 kbps (a single DS0) and 384 kbps (six DSO0s). 384-kbps subrate Els are
most commonly used in video conferencing applications, and can also be deployed in
combination with ISDN. The physical and electrical characteristics of these subrate
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interfaces do not differ from that of a full 2.048-Mbps E1 circuit. This also dictates that
these subrate interfaces include TS16 as the signaling timeslot.

Subrate circuits have a set of priorities that define which timeslots you should use first. This
allows the service provider to divide single E1 circuits into many subrate circuits through
a device such as a Digital Access and Crossconnect System (DACS).

NOTE There is always a catch with technology. Although it is stated that you use TS16 for
signaling, you do not have to use it if an out-of-band or proprietary signaling method is
in place. In these cases, you can use TS16 for regular traffic transmission, as any other
timeslot.

E1 Framing

El frames are larger than their T-Carrier counterparts. The E1 frame has a total of 256 bits
(8 bits * 32 timeslots). Instead of grouping frames into segments of 12 Superframe (SF) or
24 Extended Superframe (ESF), E1 circuits group frames into clusters of 16. This is known
as a Multiframe 16 (MF16). Each MF16 is 4096 bits long.

Within each MF16, even and odd frames serve different purposes. Even frames control
actual frame alignment and odd frames identify circuit alarms. Several different types of
bits are used in a standard E1 frame. Not only are there different types of bits in each frame,
but you can use these bits differently depending on whether you are using cyclic
redundancy check with 4 bits (CRC-4) framing.

Within frame 0 of the MF16, TS16 manages MF alignment by using what is called the
Multiframe Alignment Signal (MFAS). This process is detailed over the next few pages.
TS16 in the remaining frames within the MF16 is set aside for CAS, ISDN, or QSIG
signaling. QSIG is based on Q.931, and is primarily deployed for private branch exchange
(PBX) applications.

NO-CRC-4 Framing

The first bit in each frame is a reserved bit that can be used for a CRC if you are using CRC
framing. CRC-4 framing is the most common type of CRC framing and is discussed further
in the next section. CRC-8 and CRC-16 framing also exist, and the number specifies how
many bits are set aside for the CRC. However, CRC-8 and CRC-16 are rarely if ever used.
In the event that you are not using CRC, the first bit is flagged as a 1 if the circuit is
connected between two different countries. If the circuit is within national borders, the first
bit can be used for any user application (and not necessarily flagged as a 1).



159 Chapter 6: E1, R2, and Japanese Carrier Technology

Figure 6-3

On even frames without CRC, the next seven bits are used as the framing alignment signal.
This allows the framers in the CSU/DSU on each end of the circuit to synchronize their
patterns and align the signal. Figure 6-3 shows the difference between the even and odd
frames when there is no CRC framing. Pay attention to the 7-bit framing alignment signal
in the even frame.

Framing Alignment Without CRC

Even Frames

Si 0 0 1 1 0 1 1
1e e BlTe e 8
Odd Frames

Si 1 A R R R R R

Frame Alignment Signal |:|

The first bit in each frame (Si) is reserved for international use. The bit is to be flagged as
a 1 in the event that the E1 circuit traverses an international border. If it does not, the first
bit can be used for a national application, such as providing added error monitoring control.
The A-bit is used for alarm transport, and the bits marked as R are reserved bits that can be
used for national applications.

In the odd frames without CRC, the second bit is flagged as a 1 intentionally to avoid
mimicking the frame alignment signal. The third bit of odd frames is used for alarm
transport. During normal operation, the third bit is equal to 0. If a loss of signal (LOS)—
Red Alarm—is detected on the line, the circuit equipment attempts to transmit a remote
alarm— Yellow Alarm —to the other end of the circuit by toggling the third bitto a 1. Figure
6-4 shows the circuit equipment toggling the third bit in the frame for alarm transport when
a LOS is detected.

Still within odd frames, bits 4 to 8 are reserved bits that can be used for link maintenance
and monitoring, nationally specific applications, or in some instances even nationally
proprietary synchronization messages. If the bits are not being used for a specific function,
they are toggled to 1 within the CSU/DSU.
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Figure 6-4  Alarm Detection and Transmission
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CRC-4 Framing

CRC-4 framing uses a CRC to verify the integrity of the framing sequence. When you use
CRC-4 framing, the frames are broken down a bit differently. CRC-4 framing splits each
MF16 into two equal segments, often called submultiframes.

The first submultiframe groups frames O through 7, and the second submultiframe groups
frames 8 through 15. Within each submultiframe, the even frames (0, 2, 4, 6, and so on)
place the CRC bits in the first bit position. CRC bits located in 0,2, 4, and 6 act as a CRC
for the first submultiframe. CRC bits located in frames 8, 10, 12, and 14 act as the CRC for
the second submultiframe. There are four CRC bits, thus the term CRC-4 framing. Odd
frames use the first bit position to denote an error when detected by the CRC bits. The error
is flagged with an E-bit. Figure 6-5 shows the locations of the C-bits that you can use for
the CRC, and the E-bit that flags detected errors.
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Figure 6-5 CRC Bits and Error Detection Bits in CRC-4 Framing
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Far-end block errors (FEBEs) are transmitted to a sending device to indicate that an error
has occurred at the receiving end. FEBEs are commonly detected if the framing types do
not match on both sides of the circuit. For instance, if you have set your CSU/DSU to NO-
CRC-4 framing, and the service provider is set to CRC-4 framing, it results in a FEBE on
the circuit. The reason for this is that the remote end is expecting to receive the CRC bits in
the even frames, but you are not sending them.

E1 Line Coding

Although Els are different circuits, they still must have a way to encode information onto
the circuit path. Two types of line coding can be associated with E1 circuits: AMI and
HDB3. Although both are possible, AMI is rarely if ever used on an E1 circuit. For this
same reason it is rarely used on T1 circuits; the use of AMI limits your data rate per DSO to

56 kbps. Nevertheless, it is an option and is included on Cisco E1 controllers for
configuration.

HDB3 Line Coding

HDBS3 line coding is the ITU answer to the 1s density problems associated with phase
locked loop (PLL) circuits. The history of HDB3 is somewhat interesting. Believe it or not,
it was actually created by the ITU prior to the development of bipolar 8-zero substitution
(B8ZS) by ANSI. So in essence, this was the ITU’s answer to the limitations set forth by
AMI. When using HDB3, no more than three consecutive Os are allowed on the circuit. As
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Figure 6-6

with B8ZS, HDB3 inserts a unique bipolar violation that both ends of the circuit
understand as a string of Os. The way that this works is that if there is a string of four Os,
the last zero is encoded as the same polarity of the last known pulse. On the receiving end,
when two pulses are received as the same polarity, the receiver changes the second pulse
back into a 0 because it understands that change to be equivalent to the initial string of Os.
Figure 6-6 shows how HDB3 deals with a string of Os by encoding it as a unique bipolar
violation.

HDB3 Unique Bipolar Violations

+3v

8 1 2 3 4 5 6 7 8 1 2
0

h String of Os -
-3v
HDB3 Encoding
+3v
HDB3 BPV

8 1 2 3 4 5 6 7 8 1 2
0
-3v

To take this a step further, HDB3 also states that the unique bipolar violations must alternate
for the line coding pattern to be kept. However, it is possible that the last known good pulse
remains the same polarity. Because HDB3 must ensure that the bipolar violation alternates,
HDB3 forces the alternate polarity on the next encoded bit (which at this point is a 0) to the
opposite 1 polarity state. In other words, if the standard bit encoding does not allow for the
alternating of the bipolar violation, HDB3 manually alternates the bit pattern. The remote
device also can decode this group as a string of Os. Figure 6-7 shows how HDB3 alternates
the bit pattern, if needed, when inserting the unique bipolar violations.
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Figure 6-7  Alternating HDB3 Bipolar Violations
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Configuring an E1 Controller

This section shows you how to configure an E1 controller a couple of different ways. The
El controllers in these exercises are standard dual port E1 controllers with drop and insert
(VWIC-2MFT-E1-DI). It is important to remember what IOS version and Cisco equipment
you are using. Command syntax can change from box to box.

Basic E1 Controller Configuration

To access any type of controller for configuration, you have to be in global configuration
mode. After you are there, select the appropriate E1 controller. Example 6-1 shows the
commands required to configure an E1 controller for normal operation.
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Example 6-1 Configuring an E1 Controller for Normal Operation

NOTE

2600-1(config)#controller el 0/0
2600-1(config-controller)#framing no-crc4
2600-1(config-controller)#linecode hdb3

2600-1(config-controller)#clock source line primary
2600-1(config-controller)#no shutdown
2600-1(config-controller)#"C

2600 - 1#wr

The line coding has been set in the example to show the syntax, but the defaults are CRC-
4 for the framing and HDB3 for the line coding.

The commands listed in Example 6-1 allow you to configure a basic E1 configuration. You
need to make sure that you are aware of your timing. Verify whether you are receiving
timing from the line (if the circuit is from a service provider, chances are you have to clock
to the line). The timing defaults to the line, and by adding primary to the timing statement
you identify the device’s primary timing source. The default framing is CRC-4 and the
default line code is HDB3.

Expert White Board: Configuring an E1 Hairpin

The second type of configuration for E1 controllers is an advanced and specific config-
uration known as a hairpin. Figure 6-8 shows the use of a hairpin configuration, also
known as a drop and insert, to connect a Cisco network to a traditional TDM-based SS7
infrastructure. This connection allows you to redirect timeslots carrying SS7 signaling out
through an Ethernet interface and then drop the remaining timeslots to another device. You
typically see this type of configuration in some of Cisco’s SS7 Interconnect solutions that
use Cisco’s signaling link terminal (SLT) and a drop and insert multiflex voice WAN
interface card (VWIC) (2MFT-E1-DI). It is important to remember timing because the
same circuit’s DSOs travel through multiple boxes. Example 6-2 shows how the hairpin
configuration from Figure 6-8 is configured on the Cisco SLT.
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Figure 6-8 E! Hairpin Network Diagram Using Drop and Insert
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Example 6-2 Configuration of an E1 Hairpin

2600-1(config)#controller e1 0/0
2600-1(config-controller)#framing no-crc4
2600-1(config-controller)#linecode hdb3
2600-1(config-controller)#clock source line primary
2600-1(config-controller)#channel-group @ timeslots 16
2600-1(config-controller)#tdm-group 1 timeslots 1-15,17-31
2600-1(config-controller)#no shutdown

2600-1(config-controller)#controller el 0/1
2600-1(config-controller)#framing no-crc4
2600-1(config-controller)#linecode hdb3
2600-1(config-controller)#clock source internal
2600-1(config-controller)#tdm-group 2 timeslots 1-15,17-31
2600-1(config-controller)#no shutdown
2600-1(config-controller)#end

2600-1(config)#connect Hairpin e1 0/0 1 el 0/1 2
2600-1(config-connect)#"C

2600 - 1#wr

There are several things of interest about the configuration in Example 6-2.

Within the first controller, the command channel-group 0 timeslots 16 states, when used,
what DSO SS7 signaling is located on. This is a specific application but it illustrates the
grooming of a single DSO away from the rest of the DSOs.

Still in the first controller, the tdm-group statement instructs the E1 controller to combine
DSO0s 1 through 15 and 17 through 31 into a single group.

E1 controller 0/1 does not have a channel group because the signaling that was coming in
from the telecommunication company (telco) has already been groomed off of the circuit.
Therefore, it is not necessary here.
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El controller 0/0 is receiving circuit timing from the service provider’s network. The clock
source is set to internal from E1 controller O/1. This is to ensure that timing is passed onto
the next device. Because it is a back-to-back E1 connection between the 2611 and the 5400,
you need to specify one side as internal because they both default to the line. If they both
default to the line, it causes clock slips.

El controller 0/1 also has a tdm-group statement with the same DSOs listed. This sets up
a group of DSOs 1 through 15 and 17 through 31 on controller el 0/1.

Finally, there is a connect statement that is entered in global configuration mode that
connects the two TDM groups together and creates the path to drop out the remaining DSOs
to the AS5400. Without this command, the two tdm-group statements are useless. The
syntax for the connect statement is as follows:

connect name-of-connection el controller tdm-group el controller tdm-group

R2 Signaling Characteristics

Table 6-1

R2 signaling is a standard for both analog and digital communication that was put in place
for the transmission of call control signals in the mid-1950s. R2, similar to SS7, is a set of
international standards that are deployed throughout the world with the exception of North
America. A separate set of signaling standards were developed for North America (R1
signaling). Also similar to SS7, many different variants of R2 exist, which are deployed on
a country-specific basis. While configuring E1 with R2, it is important to know which
variant you are using. Table 6-1 lists a subset of the country variants that are supported by
Cisco Systems equipment. Refer to the Cisco Web site (cisco.com) for up-to-date
information.

R2 Country Variants Supported by Cisco Equipment

Argentina Greece Paraguay

Australia Guatemala Peru

Bolivia Hong Kong (China variant) Philippines

Brazil India Saudi Arabia

Bulgaria Indonesia Singapore

China Israel South Africa Panaftel
Colombia ITU Telmex (Mexico variant)
Costa Rica Korea Telnor (Mexico variant)
Croatia LAOS Network (Thailand variant)  |Thailand

East Europe Malaysia Uruguay

Ecuador ITU Malta Venezuela

Ecuador LME New Zealand Vietnam
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R2 was designed as a method of transporting signaling information on a channelized E1
circuit between switches. You can use R2 as a tie-line replacement for communication back
to a CO or a PBX when configured on an E1 controller. Tie lines can be thought of as
circuits that are static through the network rather than the typical switched circuits. In other
words, you can access the remote end of the circuit, most times by just picking up the
phone. Another similar representation is the private line, automatic ringdown (PLAR)
circuit. A colleague I worked with at Adtran Telecommunication, Ken Stallings, describes
this as the Bat Phone. Commissioner Gordon just picks up the phone and the red phone at
Bruce Wayne’s residence starts ringing.

R2 Call Control

Most definitions of R2 signaling state that R2 is a compelled signaling type. However,
semi-compelled and non-compelled R2 signaling types also exist. The following
definitions of these signaling types come from Cisco’s web site:

R2-Compelled — When a tone-pair is sent from the switch (forward signal), the tones stay
on until the remote end responds/Acknowledges (ACK) back with a pair of tones that
signals the switch to turn off the tones. The tones are compelled to stay on until they are
turned off.

R2-Non-Compelled — The tone-pairs are sent (forward signal) as pulses so they stay on
for a short duration. Responses (backward signals) to the switch (Group B) are sent as
pulses. There are no Group A signals in non-compelled interregister signaling.
R2-Semi-Compelled — Forward tone-pairs are sent as compelled. Responses (backward
signals) to the switch are sent as pulses. It is the same as compelled, except that the
backward signals are pulsed instead of continuous. [sic]

Non-compelled is the most common form of interregister signaling, and R2 supports all
three types. R1, found in North America, only supports semi-compelled or non-compelled
signaling. Fully compelled signaling is not supported by R1.

R2 signaling messages are broken down into several different areas. Two main types of
signaling exist, each with its own sub-classes, line signals, and interregister signals. Line
signals are supervisory signals that are used for circuit management between carrier circuit
endpoints, and the interregister signals are used for the actual call setup and teardown
messages. Specific to R2 signaling, registers are actually the endpoints of the call, and the
signals that pass between the registers are called interregister signals.

Line Signaling
Line signals apply functions such as seizing a circuit, clearing a circuit in a forward or
backward direction, answering signals, and blocking signals, as described in Table 6-2.
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Table 6-2

Table 6-3

Forward and Backward Line Signals

Forward Line Signals Definition

Seize At the beginning of a call, reserves a circuit for a call in the
forward direction.

Clear-Forward Terminates a call in the forward direction.

Forward-Transfer Starts an international assistance operator.

Backward Line Signals  Definition

Seize Acknowledgment Acknowledges receipt of the Seize signal in the backward direction
and changes the state at the called party location to be seized.

Answer Indicates that the called party has answered and begins Billing and
Measurement System (BAMS) functions.

Clear-Back Terminates the call in the backward direction.

Release-Guard Acknowledges the Clear-Forward signal in the backward direction
to notify the calling party that the circuit has been returned to an
idle state.

Blocking Applies an intentional blocking state to a circuit. While this state is

applied, no calls can be accepted or placed.

R2 signaling is split into three different standard areas: analog, pulse, and digital. The
analog version of R2 line signaling is designed for telco carrier circuits and is specified for
one-way use on a four-wire circuit. This type of signaling equates to analog call control by
using what is called tone-on-idle signaling. Tone-on-idle stipulates a forward and backward
direction. With each direction, the tone can either be on or off. For example, if the tone is
on in a forward and backward direction, the circuit is said to be idle. Table 6-3 lists the
different states of tone-on-idle signaling.

Tone-On-Idle Signaling States

Registered Signaling Forward Direction State Backward Direction State
State of Tone of Tone

Idle On On

Seized Off On

Answered Off Off

Clear-Back Off On

Release On On or Off

Blocked On Off
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Figure 6-9

During a basic call setup, a call is placed from calling to called party. The called party is the
forward direction, and the calling party is the backward direction. When the call has been
placed, a circuit seizure takes place. When the call is answered, the tone is off on both ends,
which signifies that the circuit is not idle. When a release occurs, the tone is turned on again,
which represents an idle state, and it notifies the equipment that it is again able to make or
accept a call. Figure 6-9 shows a typical analog call flow with R2 signaling.

Basic Call Setup and Teardown Using Tone-on-Idle Line Signaling

Calling Party Called Party

Call placed. The tone is off on
calling end, but remains

Seized / on at the remote end. //
d -

Call answered. The tone is turned
off at both ends. The circuit is no

Answered / longer idle and the call is active. //
d [

Calling party hangs up the phone. The
tone will be turned back on at the calling
party end and at the called party end as

Release./ | soon as the circuit is released remotely. //

Forward Direction Backward Direction

When the call is released, the remote end must either reset the tone to the on state or a
timeout occurs, in which case the tone is restored anyway. If for some reason this tone is
not set back to the on state, the circuits remain in a blocked state and are unable to place or
accept calls. Pulse signaling handles call control in the same way that analog does with the
exception of the duration of the tones. Typically deployed with satellite links, pulse
signaling only pulses the circuit state changes. In other words, instead of providing a
constant tone, the tone only lasts long enough to signal the actual circuit state change and
is then removed.

Digital line signals use a different format for conveying circuit states. Instead of tones,
digital circuits use a 2-bit binary code. There are four bits allocated (A through D) for CAS
signaling in TS16, but generally you only use the A and B bit. Furthermore, the binary
codes are not necessarily equal in both directions for the same signal. Table 6-4 lists the line
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Table 6-4

signal states for a digital circuit. The basic line signaling call flow is the same as in Figure
6-9, with the addition of the Seize Acknowledge message.

Circuit State Values for Digital Circuits

Circuit State Forward Direction Backward Direction
Idle or Released 10 10
Seized 00 10
Seize Acknowledge 00 11
Answer 00 01
Clear-Back 00 11
Clear-Forward 10 01
10 11
Blocked 10 11

Interregister Signaling

Interregister signaling is considered a multitone (MT) signaling type. Each digit dialed is
collected as two discrete tones from a set of six possible tones in both directions, which
combine to form the specified MT value. The use of MT signaling identifies single tone
signals as faulty. A common form of MT is dual tone multifrequency (DTMF). Although
not the same as R2, anytime you pick up a touch-tone phone and dial a number, the tones
that you hear in your ear are DTMF tones. MT signaling is much faster than older legacy
signaling, such as pulse dialing, because instead of requiring a physical circuit to open and
close several times for each digit, MT merely collects tones, which requires no mechanical
operation. Therefore, several digits per second are possible.

Interregister signaling consists of the actual call control signaling between the registers
(signaling nodes). Interregister signals are split four ways. First, they are segmented
between forward and backward signal types and then segmented again with each direction.
First, the forward signals are split into Group I and Group II signals. These signals consist
of the actual tone values assigned for digit collection.

Group I messages, listed 1 through 15, identify the individual digits dialed (1 through 9 and
0) with messages 1 through 10, respectively, and then other attributes with messages 11
through 15. Refer to Table 6-5 for a complete listing of the Group I and Group II messages
for forward signaling types.
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Table 6-5  Forward Signaling Message Groups I and I1

Signal Number Definition

Group |

1 Digit 1

2 Digit 2

3 Digit 3

4 Digit 4

5 Digit 5

6 Digit 6

7 Digit 7

8 Digit 8

9 Digit 9

10 Digit 0

11 Country code indicator

12 Country code indicator (no echo canceller required)
13 Test call

14 Country code indicator (half echo canceller inserted)
15 Not used

Group Il

1 Subscriber without priority

2 Subscriber with priority

3 Maintenance equipment

4 Spare

5 Operator

6 Data transmission

7* Subscriber

8* Data transmission

9% Subscriber without priority

10* Operator with forward transfer facility
11 through 15 Reserved for national use

*Used in international networking
The compilation of this table was based on Tables 6 and 7 from ITU-T Q.441.
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Table 6-6

Group I also identifies the country code indicator and the end of the dialing sequence (1
through 15). Group II messages, also listed 1 through 15, identify the subscriber priority
setting (on or off), whether maintenance is to be set up, and if the call is to be a data
transmission. Only the first ten messages are defined. The last five are reserved for national

use.

Backward signals are also split into two groups, Group A and Group B. These signals
acknowledge received digits and requests for retransmission of a digit. These signals also
signify the end of a signaling series. Table 6-6 lists the messages associated with Groups A

and B.
Backward Signaling Messages Groups A and B

Multitone Definition

Group A

1 Send next digit

2 Send last digit (n-1)

3 Address complete, change to Group B

4 Congestion in the national network

5 Send calling party’s category

6 Address complete, charge, setup speech conditions
7 Send last digit (n-2)

8 Send last digit (n-3)

9 Spare

10 Spare

11 Send country code indicator

12 Send language or discrimination digit

13 Send nature of circuit

14 Request for information on the use of an echo suppressor
15 Congestion in an international exchange or at its output
Group B

1 Spare

2 Send special information tone

3 Subscriber’s line busy

4 Congestion (after changeover from A to B)

5 Unallocated number

continued



173 Chapter 6: E1, R2, and Japanese Carrier Technology

Table 6-6

Backward Signaling Messages Groups A and B (Continued)

Multitone Definition

6 Subscriber’s line free, charge

7 Subscriber’s line free, no charge
8 Subscriber’s line out of order

The compilation of this table was based on Tables 4 and 5 from ITU-T Q.441.

The compelled interregister signaling works in a logical flow. The following lists the
sending and receiving tasks of basic interregister signals as they are transmitted through the
network:

® A circuit is seized in the forward position (outgoing).

® The originating network equipment begins sending the first forward interregister
signal to the receiving node.

® The receiving node begins transmitting the first backward interregister signal in the
backward direction to the originating network node. This signal serves as the
acknowledgment to the inbound interregister signal.

® The originating node ceases the forward interregister signal when the
acknowledgment is detected.

® The receiving node ceases the backward interregister signal when it detects that the
forward interregister signal is no longer being transmitted to it.

® The originating node sends the next forward interregister signal upon detection of the
ceased backward direction interregister signal. At this point, the originating node is
aware that the receiving node is ready for the next signal.

R2 Configuration on a Cisco E1 Controller

Earlier in this chapter, you looked at how to configure some basic E1 scenarios on a Cisco
2611. This section builds upon the basic configuration by adding support for R2 signaling.
One thing to remember about R2 signaling, which is specific to the 2600 or 3600 series, is
that you must have a High Density Voice Network Module (NM-HDV) card installed to
configure it. This is required because you need digital signal processors (DSPs) to operate
properly. DSPs process streams of voice or data traffic that are time sensitive. Without the
use of DSPs, voice is typically choppy and of poor quality.

Use the following steps to configure R2 signaling:

2600-1(config)#controller e1 0/0
2600-1(config-controller)#framing no-crc4
2600-1(config-controller)#linecode hdb3
2600-1(config-controller)#clock source line primary
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JDH

NOTE

The first four lines in this configuration are exactly as you configured before, but now you
add the necessary information for the R2 signaling. To do this, you need to know what type
of line signaling you are using (analog, digital, or pulse) and what type of interregister
signaling you are using (R2-compelled, R2-non-compelled, or R2-semi-compelled). The
command in this case is as follows:

2600-1(config-controller)#ds@-group 1 timeslots 1-15 type r2-digital r2-non-compelled

After that has been completed, you can also customize your signaling for any specific
variants that are required in your country. The default load is sufficient in most cases, but
you can control many different variables associated with the R2 signaling. Great care must
be taken in modifying any of the variables. Unless you are sure what the settings should be,
modification of the timers and message types is not recommended. The next set of
commands show how to set an E1 controller to use the R2 defaults for Australia:

2600-1(config-controller)# cas-custom 1

2600-1(config-ctrl-cas)#country australia use-defaults

2600-1(config-ctrl-cas)#"C

2600 - 1#wr
Australia is used in the previous example, but other country specifics might be required.
Replace australia with the necessary country and, followed by use-defaults, the controller
sets variables to the default settings for your country.

Japan uses a digital hierarchy that is similar to both the NADH and ITU Digital Hierarchies.
The Telecommunication Technology Commission has specified its own set of standards for
use within Japan. Based off of the ITU standards, the Japanese standards preface the ITU
specifications with a JT. So ITU G.701 becomes JT-G701. Within these standards, circuit
speeds are specified for a 1.544-Mbps link.

JDH is based on 64-kbps DSOs, as with every PCM TDM network. However, subrates at 64
kbps are generally not offered because technologies such as digital dataphone service
(DDS) are not deployed. The lowest rate offered in the JDH is 1.544 Mbps and is referred
to as a J1 circuit. J1 circuits are widely deployed as trunks between switches and as
subscriber end services. J1 is largely based on T1 facility standards with the exception of
the line coding.

There is information in different publications about a Y1 trunk interface in the JDH that is
specifically for PBX-based applications. According to the JT specifications, however, there
is no reference to a Y1 interface or a 2.048-Mbps link. Those same JT specifications state
that 2.048-Mbps links should be removed from the documentation because they are not
used.
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Figure 6-10

Table 6-7

The line coding, as specified in G.703, is coded mark inversion (CMI). CMI makes one
significant improvement upon AMI line coding, and that is the ability to deal with 1s
density issues without stealing the least significant bit. The way this is done is by creating
discrete alternating voltages for 1s and Os, as shown in Figure 6-10.

Coded Mark Inversion Encoding an 8-Bit Word (10110101)
No Split Voltage on Binary 1

1 0 1 K 1 0 1 0 1
+3v 7 ]
4
8 1 2 3 4 5) 6 7
0
-3v

Split Voltage on Binary 0

Remember that AMI operation specifies that a 0 is no voltage. Because the CMI codes even
0Os, equipment on both ends have something to maintain timing. Y1 framing is similar to
that of T1 in the fact that it uses a 193-bit frame (8 * 24 DSOs + 1 framing bit). One major
difference in reference to the framing is that you can use only 24-frame ESF. This is because
12-frame SF does not allow for the use of CRC. J1 circuits are commonly deployed with
110-ohm twisted pairs, and balanced cable with male DB-15 connectors. The pin
assignments in Table 6-7 are for Y1 DB-15 connectivity.

DB-15 Pin Assignments for JI1 DB-15 Connectivity

PIN Function

2 Transmit Tip
9 Transmit Ring
4 Receive Tip
11 Receive Ring

1 Shield
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Following the J1 in the JDH is the J2 circuit. The J2 circuit is composed of four J1 circuits,
which you typically use in multiplexing applications for J3 circuits.

JDH actually specifies six levels of digital communication, as does E1 (DSO through DSS5).
The first and second levels of the JDH digital signals (DSs) are equivalent to that of the
NADH, but beginning with digital signal level 3 (DS-3) the values are different. Refer to
Table 6-8 for a comparison of Japanese, international, and North American Digital
Hierarchies.

Table 6-8 A Comparison of International Digital Hierarchies
Digital Signal Level = North American (T1) International (E1) Japanese(J1)*
0 64 Kbps 64 Kbps 64 Kbps
1 1.544 Mbps 2.048 Mbps 1.544 Mbps
2 6.312 Mbps 8.448 Mbps 6.312 Mbps
3 44.736 Mbps 34.368 Mbps 32.064 Mbps
4 274.176 Mbps 139.264 Mbps 97.728 Mbps
5 565.148 Mbps 397.200 Mbps
*The levels specified in the Japanese hierarchy match those specified in JT-G702. Nothing past 1.544 Mbps is
specified for J1.

Summary

The ITU developed E-Carrier technology after T-Carrier had been created to attempt to
correct some of its shortfalls. The major problem associated with T-Carrier was the initial
line coding method, AMI. AMI steals the least significant bit to ensure against 1s density
violations. When the E1 circuit was developed, HDB3 ensured that no more than three Os
are transmitted over the circuit at any given time. This is done by inserting a unique bipolar
violation to signify that a series of 0s has been transmitted. The remote end of the circuit,
also set to HDB3, understands the BPV as a string of Os and decodes it accordingly.

El circuits are made up of 32 64-kbps DSOs, and 30 or 31 of them can be used for bearer
traffic. TSO is used for timing and synchronization and TS16 is used for signaling. In the
event that an out-of-band or a proprietary signaling method is put in place, it is possible to
reclaim TS16.
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El framing is different from T1 framing in that it uses MF16. The TSO in even frames
manages actual frame alignment and the odd frames identify circuit alarms. Within frame
0 of the MF16, TS16 manages MF alignment by using the MFAS. The two main types of
framing are CRC-4 and NO-CRC-4 framing. The difference between them is that CRC-4
framing ensures the integrity of the frames that are using a CRC. CRC-8 and CRC-16 also
exist, and the number refers to how many bits are in the CRC. These bits are not typically
used in E1 circuits.

R2 is a method of CAS signaling that allows for call control to take place between registers.
Registers are merely the signaling endpoints of the call. The two major types of signaling
in R2 are line signaling and interregister signaling. Line signaling manages circuits
between registers. It is responsible for seizing, answering, and disconnecting circuits.
Interregister signaling is responsible for the actual digit collection between registers and the
acknowledgment of those digits. Other features include notification of last digit and request
for commencement of billing.

The JDH specifies six different levels of digital signals, and the first three match the NADH.
J1 circuits, also based on 64-kbps DSOs, are equivalent to T1 circuits at 1.544 Mbps, except
that they use a different line coding standard, CMI. CMI corrects some of the issues with
AMI, most notably its inability to deal with a long string of consecutive Os. CMI allows for
a voltage transition on O bits, therefore allowing the receiving equipment to maintain PLL
during the transmission of Os through the network.

Review Questions

Give or select the best answer or answers to the following questions. The answers to these
questions are inAppendix A, “Answers to Review Questions.”

1 How many DSOs are included in an E1 circuit?

a 16
b 24
c 32
d 30

2 What similar function do B8ZS and HDB3 serve?
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What is the function of the third bit in odd frames of NO-CRC-4 framing?

How does a J1 circuit differ from a T1 circuit?

If you use a Multifrequency signaling type, such as R2, and a digit is collected with a
single tone instead of two; what happens?

Name two signaling formats that allow you to reclaim TS16 for bearer traffic.

How does CMI alleviate the 1s density issues that are commonly associated with AMI
line coding?

What is the maximum cable distance allowed without a digital regenerator on an
El circuit?




This chapter covers the following topics:

® T3 technology — After a brief description of the North American Digital Hierarchy
(NADH), which shows digital service 1 (DS1),DS2,DS3, and DS4 levels, focus turns
to T3—at how multiplexing is performed, the physical media, the line coding, and the
framing types. A configuration is also given.

® E3technology — In this section, the international digital hierarchy is described, along
with more details about E3 multiplexing and framing. Unchannelized E3 is also
covered.

® Beyond the X3 barrier — The purpose of this section is to illustrate how to get more
bandwidth in addition to what is offered with T3 and E3.
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T3 and E3 Technology

NOTE

As the technology in telecommunications advanced, so did the requirements for customer
circuits. As more and more businesses and users were connected to the infrastructure, it
became apparent that even DS1 and E1 circuits would no longer be sufficient. Higher
bandwidth circuits were required to allow for growth and to provide more services to
subscribers. DS3 carrier systems, just as DS1 carrier systems, allow for a level of pair gain.

Remember, pair gain is the function of gaining pairs by deploying multiple circuits over a
time-division multiplexing (TDM)-based circuit such as DS1 or E1. Because two pairs can
serve 24 or 30 circuits, you are said to be gaining pairs when you are actually just avoiding
having to deploy them.

DS2 is an intermediary step that is covered in the “M12 Multiplexing” and “E12 Multi-
plexing” sections later in this chapter. T2 and E2 were developed as the second digital
hierarchy level but were hardly ever used. Particularly in the U.S., T2 saw only develop-
mental and internal service provider deployments. This step is important because although
not used, it is included within the T3/E3 framework. Just as you would multiplex DSOs into
aT1 or E1, you multiplex a number of T1/Els and T2/E2s into a T3 or E3, respectively.

This chapter discusses the framing, line coding, and operation of the T3 and E3 carrier
systems. Within each section, the deployment of these circuits is analyzed and accompanied
by configuration examples. Furthermore, there is a brief discussion of the higher levels
within each digital hierarchy.

T3 Technology

T3 (or DS3) was created to aggregate 28 T1s, or 672 DSO0s, in a single circuit. In
unchannelized mode, it provides around 44 Mbps of usable bandwidth. This section
describes how this is achieved.
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Evolution of the North American Digital Hierarchy

As explained in Chapter 5, “T1 Technology,” DS1 technology was introduced to groom
several telephony pairs in a single circuit (24 DSOs), which resulted in savings for telephone
companies (telcos) in copper, office space, and other equipment.

In the same way, DS1c (48 DS0Os), DS2 (96 DSO0s), DS3 (672 DS0s), and DS4 (4032 DSOs)
were defined to groom more and more telephony circuits. The DS0,DS1,DS1c,DS2,DS3,
and DS4 hierarchy is the NADH, also referred to as the plesiochronous digital hierarchy
(PDH). Plesiochronous means almost synchronous, and you will see that the DS1s inside
the same DS3 do not need to share the same clock. Europe (International Telecommunica-
tion Union [ITU]) and Japan have their own PDH hierarchies, which differ by the speed and
the number of DSOs that are supported.

DS3 is a North American standard (American National Standards Institute [ANSI] T1.404,
ANSI T1.107).

In parallel, it became apparent that there was a need to offer not only telephony pairs to
customers but also digital circuits to enterprises, as shown in the following example.

As a small startup company, you began with a single digital dataphone service (DDS)
connection for WAN connectivity. At first, this circuit was more than adequate to provide
the bandwidth that your company required. About six months later, you added two new sites
and you graduated to Switched 56 (SW56) to cut down on costs.

About a year later, with your company growing rapidly, you decided that it was time to get
a combination of T1 and Fractional T1 (FT1) circuits to accommodate the increased
demand. Your applications now include Internet Web and FTP services, video conferenc-
ing, and telecommuting for your employees. You are adding more and more T1 circuits to
keep up with your explosive growth. The costs are adding up quickly, and you need to find
a way to eliminate this growing problem. You decide to investigate the costs of a T3 circuit
from your service provider.

Simply put, after five to ten T1s, your costs will compare to that of leasing a T3. This of
course varies from provider to provider. The point is that if you are to be spending the
money, why not spend the same amount on more bandwidth?

Service providers can also offer FT3. An FT3 is a T3 in which only a subset of the 28 T1s
are active, and a client is charged only for the T1s that are being used. It also offers the
ability to quickly increase the bandwidth offered to the customer by activating more T1s.

For speeds above T3, Synchronous Optical Network (SONET) is now the preferred choice
(Chapter 14, “SONET and SDH”).
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Synchronous or Asynchronous

As you learned in Chapter 5, the T1 circuits are synchronous technology. It would be easy
to assume that a T3 is automatically synchronous, but in most cases that is simply not true.
In a channelized environment, a single T3 can contain 28 T1 circuits. Each of the T1 circuits
is synchronous, but their relation to one another is asynchronous.

Typically, T3 circuits are considered to be asynchronous because they take 28 circuits (each
with its own clock source) and modify them so that they can be transmitted as a single data
stream. So why does this make T3 asynchronous? To reach the bandwidth rate of 44.736
Mbps, two stages of multiplexing must occur. The first stage involves multiplexing T1
circuits into T2s. To multiplex these circuits completely, bit stuffing must occur on each T'1
circuit to remove discrepancies between their clock sources. The second stage involves the
multiplexing of T2 circuits to create a T3 circuit. Again, bits must be stuffed to ensure clock
synchronization. When you combine the lower level circuits, bit stuffing, and overhead you
have an asynchronous T3 circuit.

Not all T3 circuits are asynchronous. Several years ago, a synchronous form of T3 tech-
nology was developed, called synchronous transmission (SYNTRAN). SYNTRAN is not
widely used as a T3 technology, but it formed the basis for a couple of modern technology
giants, SONET and Synchronous Digital Hierarchy (SDH). SONET and SDH are the basis
for almost all the world’s high bandwidth optical trunks, and they continue to increase in
bandwidth capacity.

What differentiates SONET and SDH from something like T3 is that no bit stuffing needs
to occur to ensure mutual clocking. Synchronous Transport Signal 1 (STS-1) and
Synchronous Transport Module (STM-1) channels can be multiplexed without any further
modification to the signal.

As far as T3s and E3s go, asynchronous transmission is by far the most common application
that you will find.

Channelized and Unchannelized T3

Asynchronous T3 circuits have two modes that they can be leased in—channelized or
unchannelized. The difference between the two of them is rather simple. The channelized
T3 is composed of 28 T1s (672 DSO0s) and has all the associated overhead and bit stuffing.
Unchannelized T3 circuits are composed of a single, non-multiplexed DS3 signal. Because
unchannelized T3 has no bit stuffing or overhead, all the bandwidth is available for user
transmission.

A T3 is clocked at 44.736 Mbps. A channelized T3 offers 672 DSOs, so the maximum user
rate is 43.008 Mbps, the difference being the overhead and bit stuffing.
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Figure 7-1

On an unchannelized T3, the maximum user rate can be from 44.2 Mbps to 44.407 Mbps.
The larger of the two rates is available if the C-bits are not needed for any management
functions.

Channelized T3 circuits are normally deployed in a point-to-multipoint configuration
because of the ease of distribution. Because you have 672 DSOs available to you, as long as
your multiplexer supports it, you can groom and redirect any number of DSOs in any
number of directions. This is a viable solution for a company that wants to manage all WAN
connectivity from a central location. By doing so, the corporate office (CO) can provide
more bandwidth to the offices that need it and manage the rest of the bandwidth efficiently.
A topology example is given in Figure 7-1.

Channelized T3 in Point-to-Multipoint Configuration
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Unchannelized T3 circuits (44.2 Mbps) come in a single pipe of bandwidth. The
unchannelized circuits are commonly deployed in a point-to-point configuration because
no DSOs or DS1s can be separated from the signal stream. This is useful for applications
that require a large amount of bandwidth between two locations such as university distance
learning centers. A topology example is given in Figure 7-2.
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Figure 7-2  Unchannelized T3 Link Between University Locations

University Remote
Location Learning Center

University Distance
Learning Department
TJN] EPE'SITY
000000000000000

00000 00000 Full-Duplex Unchannelized T3
00000 E 00000 >
- /

T3 circuits are also used as the physical layer for technologies such as Asynchronous
Transfer Mode (ATM) and Frame Relay. In these cases, the T3 circuit is the physical
transport layer for the Layer 2 frame or cell switching technology. ATM uses an
unchannelized T3 and requires a delineation mechanism to identify ATM cells; two
methods are defined, physical layer convergence procedure (PLCP), which is adding a
specific frame format (and overhead) and a header error control (HEC)-based delineation
method. Although Frame Relay over T1 is more common, a standard for Frame Relay over
T3 does exist.

Sorting out the Mess

NOTE

The NADH is split up into four different levels: DS1 to DS4. The most common of these
digital signal levels are DS1 and DS3. For more information on DS1 in a DS1 carrier
system, refer to Chapter 5. For the remainder of this chapter, the 3rd digital signal level is
referred to as either DS3 or E3 (realizing that those are just the carrier systems).

When you talk to someone about a DS3 circuit or even read about it in a book, you normally
find that a DS3 is described as having 28 DS1s in a channelized configuration. To a certain
extent that is correct, but not entirely. The total bit rate of a channelized DS3 is 44.736
Mbps. The total bit rate of a DS1 is 1.544 Mbps. Go ahead and do the math (I’ll give you a
hint: 1.544 Mbps * 28 = 43.232 Mbps). Wait a minute, this doesn’t make any sense. I
thought all those books said that there were 28 DS1s in a 44.736 Mbps DS3 circuit? The
fact of the matter is that there are, but most of those books don’t tell you about the overhead
and bit stuffing involved in the two-stage multiplexing for channelized DS3s.

From here until the end of the chapter, a channelized DS3 is referred to as a DS3, and an
unchannelized DS3 is referred to as an unchannelized DS3.
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NOTE

When you take a closer look at DS3 circuits, you realize that there are several different
levels of multiplexing going on within the equipment. For every DS3, there are seven DS2s
that are multiplexed, and for every DS2 there are four DS1s. As stated before, there are not
just 28 DS1s in each DS3. You arrive at a DS3 by adding DS1s + bit-stuffing + overhead to
DS2s + bit stuffing + overhead.

The DS1 might be channelized (24 DSOs) or unchannelized. The DSOs are not considered
when multiplexing the DS1s.

M12 Multiplexing

When you look at DS3 carrier systems, you see a slew of references to M12,M23, and M 13
multiplexing. These are merely different stages in the DS3 multiplexing process. Bit
stuffing makes sure that all lower level digital signals are transmitting at the same rate
through the network. This process is necessary to synchronize several different
asynchronous circuits. Bit stuffing is also referred to as justification.

Although a DS1c circuit does exist (two DS1s), it is not used in the M12, M23, or M13
process, as it is in the intermediary step between DS1 and DS2. For review, the DS 1c circuit
bandwidth rate is 3.152 Mbps.

There are several stages to this multiplexing level. First, four DS1 signals need to be
combined. The DS2 frame is built by bit interleaving the four DS1s. Also, the DS1s can
have different clocks. For this reason, it is necessary for the multiplex equipment to ensure
that the lower frequency levels are synchronized to fit the higher frequency payload rate.
This is accomplished by bit stuffing at the individual DS1 level. Each DS1 is stuffed to a
total rate of 1.545796 Mbps. After they are combined, the four DS1 signals equal a total
bandwidth of 6.183184 Mbps. The second stage is to add the overhead associated with the
DS2 circuit that is necessary to manage the four DS1 circuits. The overhead added to this
circuit is 128,816 bps. The total bandwidth of a DS2 circuit is 6.312 Mbps:

6.183184 Mbps + 128,816 bps = 6.312 Mbps

This process is shown in Figure 7-3 and the frame format is shown in Figure 7-4.
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Figure 7-3  M12 Multiplexing
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Figure 7-4  Breaking Down a DS2 M-Frame
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Table 7-1

DS2 signal frames are a bit different than the format used with a typical DS1 circuit. DS2
frames more closely resemble a DS3 frame than a DS1 frame because of the nature of the
multiplex. A mixture of parity and framing bits keep track of the payload and management
information. Refer to Table 7-1 for a description of the various types of bits used in a DS2
frame.

Bit Types Found in DS2 Frames

Bit Description

M M-bits identify the different subframes within the DS2 frame. Each DS2 frame is broken
down into four subframes, but only three of them are named. In order of occurrence, they
are M1, M2, and M3. They also align the subframes of each frame. (The unnamed frame
is after the X-bit.)

C C-bits identify whether or not bit stuffing has occurred on the DS2 multiplex.

F F-bits identify the position of all overhead bits included in the DS2 frame (to include M,
C, and X).

X X-bits identify the channel that carries the alarm status of the circuit, if necessary.

Taking a closer look at the DS2 frame structure (M-frame), you see that each frame is 1176
bits long and is broken down into four equal 294-bit subframes, each preceded with a
M-bit, as shown in Figure 7-4. Within each subframe, you can see that the overhead bits are
interleaved with payload. The payload is distributed into equal 48-bit chunks for trans-
mission. Each 48-bit chunk contains 12 bits from each DS1.

Two separate alignment processes happen within the DS2 signal stream. First, each
subframe must be aligned, which combines all overhead and payload bits. The two
F-bits are used for this process by using the following pattern:

F1=0, F2=1

Second, the four DS2 subframes from each DS2 M-frame must be aligned using the M-bit
pattern. The last subframe of an M-frame is preceded by the X-bit. That X-bit carries the
alarm state of the circuit. This frame alignment is realized using the following pattern:

M1=0,M2=1,M3=1, X=any

Figure 7-5 shows the values of the F- and M-bits for subframe and frame alignment,
respectively.
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Figure 7-5  Frame and Subframe Alignment Signals
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The two alignment processes described above allow the DS2 multiplexer to keep all DS1
signals synched and in order. As you would expect, each subframe has a specific position
for each overhead bit. As the frames are repeated, the bit positions and sequence remain the
same. However, functions such as alarm transport and bit stuffing toggle the bit values.
When bit stuffing is used, you see stuffed bits in the pattern, which are shown in Figure
7-6. When bit stuffing is not in use, the C-bits are set to 0. Of the three 3 C-bits, at least two
must be toggled to 1 for there to be active bit stuffing.

Maintenance of a DS2 circuit involves the C-bits. If a circuit loopback is required, the
loopback takes place at the individual DS1 level. C-bit 3 conveys the loopback status and
is displayed opposite to C-bits 1 and 2. This is all right because zero or one C-bit set to 1
indicates no bit stuffing, and two or three C-bits set to 1 indicate bit stuffing.
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Figure 7-6  Bit Stuffing Pattern in the DS2 M-Frame
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M23 Multiplexing

M23 multiplexing involves the combination, using bit interleaving, of seven DS2 signals
into a single DS3 signal stream. Hopefully, you are beginning to see a pattern. DS1 to DS2
multiplexing is M12, and DS2 to DS3 multiplexing is M23. The first number in these
acronyms stands for the DS level that is multiplexed, and the second number stands for the
new DS hierarchy level that is created. Thus, M23 is the function of multiplexing DS2s into
a DS3. Figure 7-7 shows the M23 process.

294
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Figure 7-7  M23 Multiplexing
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Again in M23, you use bit stuffing to remove clocking variations between the separate DS2
signals. Each DS2 runs at a nominal rate of 6.312 Mbps, and 3761 bps is added to each
circuit to bring them to a total bandwidth rate of 6.315671 Mbps. If you combine the total
rate of seven DS2s, you get a total bandwidth rate of 44.209697 Mbps. The final addition
to the DS3 signal is the remaining overhead of 526,306 bps, which gives you the bandwidth
rate that you are accustomed to seeing—44.736003 Mbps. You most commonly see this
displayed as either 44.736 Mbps or simply 45 Mbps.

The frame structure of a DS3 is similar to that of a DS2, but it is significantly larger. Within
each DS3 frame, there are a total of 4760 bits. Each DS3 frame is also referred to as an
M-frame and is further segmented into seven subframes, as shown in Figure 7-8.

Multiplexing is achieved by using bit-by-bit interleaving, from DS1 to DS2, and from DS2
to DS3, which makes it difficult to extract a single T1 from a DS3. It requires demulti-
plexing the entire T3.
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Figure 7-8  Breakdown of a DS3 M-Frame
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As with DS2, the DS3 M-frame sequence is made up of a series of header bits followed by
blocks that are set aside for the actual payload of the circuits. Each of the overhead bits
serves a specific function, as noted in Table 7-2.

Table 7-2  Bit Types Found in DS3 Frames

Bit Description

X The X-bit identifies any significant error detected on the circuit such as an alarm
indication signal (AIS). Also called the remote alarm indicator (RAI), X1 and X2 are
always set to the same value, either both to 0 during normal operation or both to 1 during
the detection of an error.

P The P-bits function as a way for monitoring the performance of the circuit. The
continuous transmission of DS3 frames allots the P-bits for a parity check on the previous
frame. In other words, the value that is stated in the current frame is the parity
information from the last frame. The values are the same on both bits, either O or 1.

M The M-bit is used much the same way as it is in the DS2 frame structure to align each
DS3 M-frame. The difference is that not all subframes contain an M-bit in the DS3 frame
structure. The alignment pattern is M1=0, M2=1, M3=0.
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Table 7-2

Bit Types Found in DS3 Frames (Continued)

Bit Description

F The F-bits are used for the subframe alignment sequence. The alignment pattern is F1=1,
F2=0, F3=1, F4=0.

C C-bits are used in M23 framing to identify whether or not bit stuffing has occurred in the
M23 multiplex. In the absence of bit stuffing, C-bits can be used for other functions
within the signal stream such as network monitoring and management.

DS3 signals also need to use bit-stuffing techniques for synchronization of the DS2 signals.
The bit stuffing is a bit more involved because there are seven subframes instead of four and
a total of 84 bits per payload block, as shown in Figure 7-9