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Command Syntax Conventions

The conventions used to present command syntax in this book are the same as the conventions used in
the IOS Command Reference. The Command Reference describes these conventions as follows:

e Vertical bars (I) separate alternative, mutually exclusive elements.

e Square brackets ([ ]) indicate an optional element.

e Braces ({ }) indicate a required choice.

* Braces within brackets ([{ }]) indicate a required choice within an optional element.

* Bold indicates commands and keywords that are entered literally as shown. In actual configuration
examples and output (not general command syntax), bold indicates commands that are manually
input by the user (such as a show command).

e [talic indicates arguments for which you supply actual values.

Reference Information

The chapters in this book include references to a variety of supporting documents, such as ITU-T and
ANSI standards. These supporting documents are listed in the “References” section at the end of the
book. Each document in this section is numbered. The corresponding number appears in the chapter text.
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Introduction

SS7/C7 is a signaling network and protocol that is used worldwide to bring telecommunications networks,
both fixed-line and cellular, to life. Setting up phone calls, providing cellular roaming and messaging,
and converged voice/data services, such as Internet Call Waiting, are only a few of the vast number of
ways that SS7/C7 is used in the communications network. SS7/C7 is at the very heart of telecommuni-
cations, and as voice networks and data networks converge, SS7/C7 will provide the technology to
bridge the gap between the two worlds. Anyone who is interested in telecommunications should have a
solid understanding of SS7/C7. The convergence of voice and data has extended the need to understand
this technology into the realm of those working with data networks.

Who Should Read This Book?

This book was written in such a way that those who have a general interest in communications and those
who are heavily involved in SS7/C7 can benefit. Although many of the earlier chapters are interesting to
those who require only introductory knowledge, many of the later chapters are more interesting to those
who have a deeper interest and are already involved in telecommunications.

How This Book Is Organized

Those who are new to the world of telecommunications signaling should read Chapters 1 to 5 first, in
sequence. Those who are already comfortable with telecommunications and signaling concepts can read
particular chapters of interest. This book should prove the most valuable for those who already consider
themselves experts in SS7/C7; in particular, attention should be given to the extensive appendixes.

Part I: Introductions and Overviews
Chapter 1: The Evolution of Signaling

This chapter introduces the concept of signaling. It is a great starting point for those who are unfamiliar
with signaling or telecommunications in general. It introduces concepts and terminology that are used
throughout the book.

Chapter 2: Standards

This chapter introduces the relevant standards and the bodies that are involved in creating them. It also
provides some background on both the history of the standards and the bodies themselves. In addition, it
introduces the concept of standards on different planes—national, regional, and international.

Chapter 3: The Role of SS7

This chapter is an excellent introduction to SS7/C7 and its relevance. Any reader can read it, regardless
of background. Hopefully even those who are very knowledgeable in SS7/C7 will find this chapter
interesting, because it lists the functions and services offered by SS7/C7 and explains its relevance in
the daily lives of people across the globe.

Chapter 4: SS7 Network Architecture and Protocols Introduction

This chapter provides a technical overview of the SS7 protocol and network architecture. Those who are
new to the subject will find it particularly interesting. It provides an introductory technical overview of
SS7 in such a way that newcomers can assimilate subsequent chapters more effectively.
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Chapter 5: The Public Switched Telephone Network (PSTN)

This chapter provides a brief overview of the Public Switched Telephone Network. It helps you under-
stand SS7 in its native environment as the primary form of interoffice signaling in the PSTN. It also
briefly introduces the PSTN’s transition to the next-generation Voice Over Packet architecture.

Part II: Protocols Found in the Traditional SS7/C7 Stack
Chapter 6: Message Transfer Part 2 (MTP2)

This chapter examines the first protocol on top of the physical layer. It covers frame format, functions,
and procedures —packet delineation, error correction, error detection, alignment, managing the signal-
ing link, procedures for establishing a signaling link, flow control, and link error monitoring.

Chapter 7: Message Transfer Part 3 (MTP3)

This chapter covers the core concepts of how SS7 network nodes communicate with each other. It dis-
cusses network addressing and routing in detail, along with examples of how messages flow through an
SS7 node. It also explains the numerous messages and procedures that MTP3 uses to maintain a healthy
network.

Chapter 8: ISDN User Part (ISUP)

This chapter explains how the ISUP portion of the protocol is used to set up and tear down calls, provide
trunk maintenance functions, and deliver supplementary services. It defines ISUP message structure as
well as the most commonly used messages and parameters. The association between call processing at
an SSP and the ISUP protocol is described, thereby helping you understand how an SS7-signaled call is
processed at an SSP.

Chapter 9: Signaling Connection Control Part (SCCP)

This chapter looks at the enhanced functionality that the addition of this protocol brings—namely,
application management, more flexible and powerful routing through the use of global titles, and mech-
anisms for transferring application data over the signaling network.

Chapter 10: Transaction Capabilities Application Part (TCAP)

This chapter describes the role of TCAP in providing a generic protocol mechanism for transferring
information components between applications across the network. It helps you understand the key role
TCAP plays in communication between SSP and SCP nodes. TCAP message formats and component
definitions, including ITU and ANSI formats, are explained.

Part III: Service-Oriented Protocols
Chapter 11: Intelligent Networks (IN)

This chapter explains the concept of the Intelligent Network, how it has evolved, and how it is used to
implement telecommunications services. It provides a detailed explanation of the IN call model and
explains the parallels and differences between the ITU CS model and the North American AIN model.
Several examples of IN services, such as toll-free calling and local number portability, are included to
show how IN services are used.

Chapter 12: Cellular Networks

This chapter introduces GSM public land mobile networks (PLMNs) so that the following chapter
can cover additional SS7 protocols used in cellular networks. It introduces cellular network entities,
addressing, terminology, and concepts.
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Chapter 13: GSM and ANSI-41 Mobile Application Part (MAP)

This chapter explains the operations and associated procedures that allow cellular subscribers to have
mobility; this is the key functionality expected of a cellular network. Subscriber authentication, opera-
tions and maintenance, supplementary service, unstructured supplementary service (USS), and short
message service (SMS) operations and procedures are also detailed.

Part IV: SS7/C7 Over IP
Chapter 14: SS7 in the Converged World

This chapter introduces the next-generation network architecture using media gateway controllers,
media gateways, and signaling gateways. Its primary purpose is to provide an in-depth look at the Sig-
naling Transport protocol (Sigtran), used between the media gateway controller and the signaling gate-
way. Sigtran is particularly interesting to those who are learning about SS7, because it provides a
common signaling protocol interface between legacy SS7 networks and voice over IP networks.

Part V: Supplementary Topics
Chapter 15: SS7 Security and Monitoring

This chapter explains the need for SS7/C7 security practices. It describes the current means of providing
security: traffic screening and monitoring. Details of providing traffic screening are supplied. Monitor-
ing functionality and what should be monitored also are covered.

Chapter 16: SS7 Testing

This chapter explains the tools used for SS7/C7 protocol verification and how to create appropriate test
specifications. It also outlines sample test cases for each protocol layer.

Part VI: Appendixes
Appendix A: MTP Messages (ANSI/ETSI/ITU)

This appendix lists all of the messages used by MTP3 for ANSI- and ITU-based networks. It also lists
the message codes.

Appendix B: ISUP Messages (ANSI/UK/ETSI/ITU-T)

This appendix lists all of the messages used by ISUP for ANSI- and ITU-based networks. It also lists
the message codes.

Appendix C: SCCP Messages (ANSI/ETSI/ITU-T)

This appendix lists all of the messages used by SCCP for ANSI- and ITU-based networks. It also lists
the message codes.

Appendix D: TCAP Messages and Components

This appendix lists all of the messages and components used by MTP3 for ANSI- and ITU-based net-
works. It also lists the message codes.
Appendix E: ITU-T Q.931 Messages

Q.931 is the Layer 3 protocol of the subscriber signaling system that is used for ISDN, known as Digital
Subscriber Signaling System No. 1 (DSS 1). It employs a message set that is made for interworking
with SS7°s ISUP. This appendix lists and describes the purpose of the Q.931 message set.
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Appendix F: GSM and ANSI MAP Operations

This appendix lists the operations found in GSM MAP and their respective codes.
Appendix G: MTP Timers in ITU-T/ETSI/ANSI Applications

This appendix lists ANSI- and ITU-specified MTP timers.

Appendix H: ISUP Timers for ANSI/ETSI/ITU-T Applications

This appendix lists ANSI- and ITU-specified ISUP timers.

Appendix I: GSM Mobile Country Codes (MCC) and Mobile Network Codes (MNC)
This appendix lists all of the MCC codes and the respective MNCs found against the MCC.
Appendix J: ITU and ANSI Protocol Comparison

This appendix covers some of the main differences between ANSI and ITU (international).
Appendix K: SS7 Standards

This appendix presents the main SS7 standards alongside the respective standards body.
Appendix L: Tektronix Supporting Traffic

This appendix contains reference traffic caught on a Tektronix K1297 protocol analyzer.
Appendix M: Cause Values

Cause values, which are included as a field in each ISUP REL message, indicate why a call was
released. This appendix lists and defines the ITU-T and ANSI cause values.
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CHAPTER 1

The Evolution of Signaling

This chapter is intended to provide a sound introduction to the world of telecommunications
signaling. It is particularly written for those readers who have little or no signaling knowl-
edge. It provides a solid foundation to help you grasp signaling ideas, concepts, terminology,
and methods. A strong foundation will provide the novice reader with a better understand-
ing of the book’s main topic: Signaling System No. 7. Today, Signaling System No. 7 is the
most advanced and widely used signaling system for both cellular and fixed-line telecom-
munications networks.

This chapter covers the following topics:

® What signaling is and why it is relevant
® Opverview of subscriber and network signaling

® The history of signaling and the development of the Public Switched Telephone
Network (PSTN)

® Overview of the Channel Associated Signaling (CAS) method of signaling and
its common implementations

® Overview of the Common Channel Signaling (CCS) method of signaling and its
operational modes

® The limitations of CAS and CCS

Signaling System No. 7, known more commonly in North America as SS7 and elsewhere

as C7,is both a network architecture and a series of protocols that provide telecommunica-
tions signaling. In order to begin studying SS7, you must first learn what telecommunications
signaling is by studying its origins and purpose.

The ITU-T defines signaling as, [47] “The exchange of information (other than by speech)
specifically concerned with the establishment, release and other control of calls, and
network management, in automatic telecommunications operation.”

Page 35 of 156



6 Chapter 1: The Evolution of Signaling

In telecommunications, the network’s components must indicate (that is, signal) certain
information to each other to coordinate themselves for providing services. As such, the
signaling network can be considered the telecommunications network’s nervous system. It
breathes life into the infrastructure. Richard Manterfield, author of 7Telecommunications
Signaling, has stated this poetically [103]:

“Without signaling, networks would be inert and passive aggregates of components. Signaling is the bond
that provides dynamism and animation, transforming inert components into a living, cohesive and powerful
medium.”

For example, if a subscriber wishes to place a call, the call must be signaled to the subscriber’s
local switch. The initial signal in this process is the off-hook condition the subscriber causes
by lifting the handset. The action of lifting the handset signals to the network that the sub-
scriber wishes to engage telephony services. The local switch should then acknowledge the
request for telephony services by sending back a dial tone, which informs the subscriber
that he can proceed to dial the called party number. The subscriber has a certain amount of
time to respond to the dial tone by using the telephone keypad to signal the digits that com-
prise the called party number. The network signals that it is receiving the dialed digits with
silence (as opposed to a dial tone).

Up to this point, the signaling is known as subscriber signaling and takes place between the sub-
scriber and the local switch. Subscriber signaling is also known as access signaling. The
“Subscriber Signaling” section of this chapter further describes subscriber signaling.

NOTE The calling party is often referred to as the A party. Similarly, the called party is referred to
as the B party.

When a complete called party number is received or enough digits are collected to allow
the routing process to proceed, the calling party’s local switch begins signaling to the other
nodes that form part of the core network.

The signaling that takes place between core network nodes (and switches and, over the past
two decades, databases) is known as network signaling.

NOTE Switches are also known as exchanges; within the United States, the term exchange is used
interchangeably with Central Office (CO) or End Office (EO).

Network signaling is also known as inter-switch signaling, network-network signaling, or
trunk signaling.

The purpose of network signaling is to set up a circuit between the calling and called parties
so that user traffic (voice, fax, and analog dial-up modem, for example) can be transported
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bi-directionally. When a circuit is reserved between both parties, the destination local
switch places a ringing signal to alert the called party about the incoming call. This signal
is classified as subscriber signaling because it travels between a switch (the called party’s
local switch) and a subscriber (the called party). A ringing indication tone is sent to the
calling party telephone to signal that the telephone is ringing. If the called party wishes to
engage the call, the subscriber lifts the handset into the off-hook condition. This moves the
call from the set-up phase to the call phase.

At some point in the call phase, one of the parties will wish to terminate the call, thereby
ending the call phase. The calling party typically initiates this final phase, which is known
as the clear-down or release phase. The subscriber signals the network of the wish to
terminate a call by placing the telephone back in the on-hook condition; hence, subscriber
signaling. The local switch proceeds with network signaling to clear the call down. This
places an expensive resource (the circuit) back to an idle condition, where it can be reserved
for another call.

The previous high-level example relates to a basic telephone service call; that is, simple call
setup and clear down. As you will discover, the signaling network can do far more than
carry the digits you dial, release calls, notify the network that you went on or off-hook, and
so forth. The signaling network can also translate toll-free numbers into “routable” num-
bers, validate credit and calling cards, provide billing information, remove faulty trunks
from service, provide the support for supplementary services (such as caller ID), allow you
to roam with your cellular telephone, and makes local number portability (LNP) possible.
This list is by no means exhaustive; see Chapters 3, “The Role of SS7,” and 11, “Intelligent
Networks (IN),” for more example services.

The main function of signaling is still that of circuit supervision: setting up and clearing
down circuits (that is, trunks). Traditionally, once a circuit was set up, no other signaling
was performed apart from releasing the call; therefore, all calls were simple, basic tele-
phone service calls. However, modern telephone networks can perform signaling while a
call is in progress, especially for supplementary services—for example, to introduce anoth-
er called party into the call, or to signal the arrival of another incoming call (call waiting)
to one of the parties. In fact, since the 1980s, signaling can take place even when there is
not a call in place. This is known as non-circuit related signaling and is simply used to
transfer data between networks nodes. It is primarily used for query and response with tele-
communications databases to support cellular networks, intelligent networks, and supple-
mentary services. For example, in Public Land Mobile Networks (PLMNSs), the visitor
location register (VLR) that is in charge of the area into which the subscriber has roamed
updates the home location register (HLR) of the subscriber’s location. PLMNs make much
use of non-circuit-related signaling, particularly to keep track of roaming subscribers.
Chapter 13, “GSM and ANSI-41 Mobile Application Part (MAP),” covers this topic in more
detail.

Network signaling is further described in the “Network Signaling” section of this chapter.
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8 Chapter 1: The Evolution of Signaling

The History of Signaling

To appreciate signaling in today’s network and its role in future networks, let’s examine the
history of signaling. The history of signaling has been inextricably linked to the history of
telecommunications and, in particular, switching. As telecommunications advances, so do
the signaling systems that support it.

1889-1976

The earliest telephone switches were manual; operators used a switchboard and wire cords
to connect and disconnect all calls. The first manual exchange occurred in 1878 in New
Haven, Connecticut. It was introduced to avoid the imminent problem of running wires
from each telephone to every other telephone (a fully meshed topology). The first manual
switch appeared in Great Britain in 1879, It was also within this same year that subscribers
came to be called by numbers rather than by names. Within a decade of introducing the
manual switch, the United States had 140,000 subscribers and a staggering 8000 exchanges —
that is, a switch for every 17.5 subscribers!

A subscriber who was connected to a manual switch would crank a lever to electronically
send an alerting signal that lit up a bulb on the operator’s switchboard. The operator would
then connect her telephone to the calling line, and ask for the called number, Next the
operator would connect her telephone to the called line, where she would place a ringing
signal. If the called party answered the call, the operator would establish the connection by
plugging in a cord between the two terminal jacks on the switchboard. Figure 1-1 shows
this process; on the switchboard, each terminal jack represents a subscriber.

Figure 1-1  Simple Call Setup Via a Manual Operator with Automatic Equivalent

{Automatic
: Exchange
i Equivalent ?
No Current . (Same) 15 - \
Current (Same) 2 »
_ "Operator...What Number...?" Dial Tone
“6678 Please” Dialed Digits _
_ ‘Line Is Ringing” E Ring Tone
“Connecting You Now” ¢ Answer

< CONVERSATION >
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The History of Signaling 9

Signaling, as we know it today, began around 1889 with the invention of the Strowger
exchange (which was patented 1891). The Strowger exchange was an electromechanical
device that provided automatic switching using the simple idea of two-motion selectors for
establishing calls between two subscribers. It was also known as a step-by-step switch
because it followed pre-wired switching stages from start to finish.

Inventing the Strowger Exchange

Almon B. Strowger was a schoolteacher and part-time undertaker. His reportedly constant
feuds with manual switchboard operators inspired him to develop an automatic switching
system and the dial telephone so he could bypass manual switchboard operators [102]. One
reported feud concerned an alleged business loss resulting from the complete lack of privacy
offered by a manual exchange. Strowger claimed that an operator at the new manual exchange
in Connecticut had intentionally directed a call to a competitor —an allegation that gave rise
to tales that the operator was either married to or was the daughter of a competing under-

taker. Strowger moved from Topeka to Kansas City, where he hoped his new, larger funeral
home would earn him his fortune. However, he suffered a similar fate there; he believed that
the manual operators there were intentionally giving his customers a busy signal. Strowger
therefore decided to do away with operators; he hired several electromechanical technicians,
who created the first automatic exchange within a year. As a result, the telephone became

faster, easier to use, and more private for everyone.

The first Strowger exchange in the United States opened in La Porte, Indiana in 1892

and had the switching capacity for ninety-nine lines. Lobby groups protested at the
automatic exchange, and one lobby group championed the personalized service afforded
by manual exchanges. The lobby group did not have much success, however; manual
switchboards could not service the dramatic increase in telephone subscribers. By 1900
there were 1.4 million telephones in the United States.

In Great Britain, the first Strowger exchange opened at Epsom in Surrey in 1912. The last
Strowger switch was not removed from the British Telecom (BT) service network until June
23,1995, when it was removed from Crawford, Scotland.

Strowger sold his patents to his associates for $1,800 in 1896 and sold his share in the

company for $10,000 in 1898. He died in 1902. In 1916, his patents were sold to Bell
Systems for $2.5 million dollars.

Strowgers’ dial telephone is considered the precursor of today’s touch-tone phone. It had
three buttons: one for hundreds, one for tens, and one for units. To call the number 322, the
caller had to push the hundreds button three times, the tens button two times, and the units
button two times.

In 1896 the Automatic Electric Company developed a rotary dial to generate the pulses.
This method of transmitting the dialed digits became known as pulse dialing and was
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10 Chapter 1: The Evolution of Signaling

commonplace until the latter half of the twentieth century, when fone dialing became

available. See “Address Signals” in the “Subscriber Signaling” section of this chapter for a
discussion of pulse and touch-tone dialing. It is interesting to note that early users did not
like the dial pulse handset because they felt they were doing the “telephone company’s job.”

Even in Great Britain in 1930, the majority of all local and long distance calls were still
connected manually through an operator. But gradually, calls placed between subscribers
served by the same local switch could be dialed without the help of an operator. Therefore,
only subscriber signaling was required because an operator would perform any inter-switch
signaling manually. In the decades that followed, it became possible to dial calls between
subscribers who were served by nearby switches. Thus the requirement for network signaling
was born. Most large U.S. cities had automatic exchanges by 1940.

Direct Distance Dialing (DDD) was introduced in the United States in the 1950s. DDD
allowed national long distance calls to be placed without operator assistance, meaning that
any switch in the United States could route signaling to any other switch in the country.
International Direct Distance Dialing (IDDD) became possible in the 1960s, thus creating
the requirement for signaling between international switches.

From 1889 to 1976, signaling had three main characteristics, which resulted because only
basic telephone services were available [102]:

® Signaling was fairly simple. All that was required of the signaling system was the
setting-up and releasing of circuits between two subscribers.

® Signaling was always circuit-related; that is, all signals related directly to the setting-
up or clearing of circuits.

® There was a deterministic relationship, known as Channel Associated Signaling
(CAS), between the signaling and the voice traffic it controlled. The “Channel
Associated Signaling” section of this chapter discusses CAS.

1976 to Present Day

Another form of signaling was introduced in 1976: Common Channel Signaling (CCS).
The “Common Channel Signaling” section of this chapter further explains CSS.

CCS has been used to implement applications beyond the scope of basic telephone service,
including Intelligent Networks (INs), supplementary services, and signaling in cellular
mobile networks. As you will learn, SS7 is the modern day CCS system that is used for net-
work signaling. As with any technical subject, signaling can be split into a number of
classifications. The broadest classification is whether the signaling is subscriber or networked
signaling. The following sections discuss these types of signaling.
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Subscriber Signaling

Subscriber signaling takes place on the line between the subscribers and their local switch.
Most subscribers are connected to their local switch by analog subscriber lines as opposed
to a digital connection provided by an Integrated Services Digital Network (ISDN). As a
result, subscriber signaling has evolved less rapidly than network signaling.

Subscriber signals can be broken down into the following four categories:

® Address Signals
® Supervisory Signals
® Tones and Announcements

® Ringing

Address Signals

Addpress signals represent the called party number’s dialed digits. Address signaling occurs
when the telephone is off-hook. For analog lines, address signaling is either conveyed by
the dial pulse or Dual-Tone Multiple Frequency (DTMF) methods. Local switches can
typically handle both types of address signaling, but the vast majority of subscribers now
use Dual-Tone Multi Frequency (DTMF), also known as touch-tone.

The precursor to (DTMF) was dial pulse, which is also known as rotary dialing. In rotary
dialing, the address signals are generated by a dial that interrupts the steady DC current at
a sequence determined by the selected digit. The dial is rotated clockwise, according to the
digit selected by the user. A spring is wound as the dial is turned; when the dial is subse-
quently released, the spring causes the dial to rotate back to its original resting position.
Inside the dial, a governor device ensures a constant rate of return rotation, and a shaft on
the governor turns a cam that opens and closes switch contact. The current flowing into the
telephone handset is stopped when the switch contact is open, thereby creating a dial pulse.
As the dial rotates, it opens and closes an electrical circuit.

The number of breaks in the string represents the digits: one break for value 1, two breaks
for value 2, and so on (except for the value of 0, which is signaled using ten breaks). The
nominal value for a break is 60 ms. The breaks are spaced with make intervals of nominally
40 ms. As shown in Figure 1-2, consecutive digits are separated by an inter-digit interval of
a value greater than 300 ms.
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Figure 1-2  Dial Pulse Address Signals

Dight “3" Digit ~4*

The rotary dial was designed for operating an electromechanical switching system; the
speed of the dial’s operation was approximately to match the switches’ operating speed.

DTMEF is a modern improvement on pulse dialing that first appeared during the 1960s and
is now widespread. A DTMF signal is created using a pair of tones, each with a different
frequency. It is much faster than the previous pulse method and can be used for signaling
after call completion (for example, to operate electronic menu systems or activate supple-
mentary services, such as a three-way call). The standard DTMF has two more buttons than
dial pulse systems: the star (¥) and the pound, or hash (#) buttons. These buttons are typi-
cally used in data services and customer-controlled features. The CCITT has standardized
the DTMF frequency combinations, as shown in Table 1-1. For additional information
regarding the CCITT, see Chapter 2, “Standards.”

Table 1-1  Tones Used to Create DTMF Signals

1209 Hz 1336 Hz 1477 Hz 1633 Hz
697 Hz 1 2 3 A
770 Hz 4 5 6 B
852 Hz 7 8 9 C
941 Hz ¥ 0 # D

The fourth column (1633 Hz) has several special uses that are not found on regular tele-
phones. The four extra digits were used on special handsets to designate the priority of calls
on the Automatic Voice Network (AUTOVON), the U.S. military phone network that has
since been replaced with the Defense Switched Network (DSN). In AUTOVON, the keys
were called Flash, Immediate, Priority, and Routine (with variations) instead of ABCD.
Telephone companies still use the extra keys on test handsets for specific testing purposes.

All modern telephone handsets support both DTMF and dial pulse. Because an electronic
handset has buttons rather than a rotary dial, the numbers are temporally stored in the
telephone memory to generate pulse dialing. The handset then transmits the dial pulses.
This arrangement is sometimes known as digipulse.
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Supervisory Signals

A telephone has two possible supervision states: on-hook or off-hook. On-hook is the con-
dition in which the telephone is not in use, which is signaled when the telephone handset
depresses the cradle switch. The term on-hook comes from the days when the receiver
part of the telephone rested on a hook. The telephone enters the off-hook condition when
the handset is lifted from its cradle, thereby releasing the cradle switch and signaling to the
exchange that the subscriber wishes to place an outgoing call.

Residential systems worldwide use a change in electrical conditions, known as loop start
signaling, to indicate supervision signals. The local switch provides a nominal 48 V direct
current (DC) battery, which has the potential to flow through the subscriber line (between
the local switch and the subscriber). When a telephone is off-hook, DC can flow in the
subscriber line; when a telephone is on-hook a capacitor blocks the DC. The presence or
absence of direct current in the subscriber’s local switch line determines the telephone’s
supervision state. Loop start systems are adequate for residential use, but a problem known
as glare makes loop start unacceptable in typical business applications in which private
exchanges (PBXs) are used. PBXs use a system known as ground start signaling,
particularly in North America.

Ground start systems combat glare by allowing the network to indicate off-hook (seizure)
for incoming calls, regardless of the ringing signal. This reduces the probability of simul-
taneous seizure, or glare, from both ends. Ground start requires both ground and current
detectors in customer premise equipment (CPE).

Tones and Announcements

Tones and announcements are audible backward signals, such as dial tone, ring back, and
busy-tone, that are sent by a switch to the calling party to indicate a call’s progress. Table 1-2
shows the call progress tones that are used in North America.

Table 1-2  Call Progress Tones Used in North America

Tone Frequency (Hz) OnTime (Sec) | Off Time (Sec)
Dial 350+440 Continuous

Busy 480+620 0.5 0.5

Ring back, Normal 440+480 2 4

Ring back, PBX 440+488 1 3

Congestion (Local) 480+620 03 0.2

Congestion (Toll) 480+620 0.2 0.3

Howler (Receiver wrongly 1400+2060+2450+2600 | 0.1 0.1

off-hook)
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Forward signals refer to signals that transfer in the direction of call establishment, or from
the calling party to the called party. Backward signals refer to signals that transfer in the
reverse direction.

Ringing
Ringing is a forward signal sent by the switch to the called subscriber to indicate the arrival
of a call. It is known more specifically as power ringing to distinguish it from audible
ringing, which is played to the calling party to alert him that the called party phone is
ringing. Each country has a ringing pattern, which is known as the cadence. In North
America the pattern is two seconds on, four seconds off.

Note that audible and power ringing are not synchronized. This is why, on a rare occasion,
a caller is already on the line when you lift the handset. This situation generally causes
confusion because the calling party, who has heard audible ringing, is unaware of the
problem since the problem occurs because the caller’s switch does not generate an
independent ringing signal for each line. Instead, it generates one signal that is applied to
whichever lines are to be played audible ringing. Therefore, if you have an incoming call,
the switch must wait until the next on-cycle to ring your telephone. If you happen to pick
up the telephone during the few off-cycle seconds and a call has just come in, you have
answered a call before the exchange has had the opportunity to alert you of the incoming
call. In North America, the silent period during which inbound calls cannot be announced
is 3.9 seconds. Countries that use a short period of silence in the ringing cadence are less
susceptible to this problem.

NOTE If you are one of those people who say that you will call home and let the telephone ring
twice when you get to your destination safely, note that you have no guarantee that the
telephone will actually ring twice—or even ring at all. You might hear two rings, but that
does not mean the called party will hear two, or even any, rings because their power ringing
pattern might be in an off period.

The problems associated with the lack of synchronization between the calling and called
party is typically addressed in North American non-residential systems (PBX systems) by
using ground start rather than loop start. Other countries often employ a simple technique
known as ring splash. With ring splash, a PBX issues a brief ringing tone within a few
hundred milliseconds of the trunk being seized (the incoming call), after which normal
ringing cadence resumes. The downside to this solution is that the ringing cadence sounds
strange because it is not synchronized with the initial ring.
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