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ABOUT THISDOCUMENT

This document explains how to arrange two or more communications systems in a network. It aso tells
how to use your communications system to connect one data communications device or network to another
device or network.
Thisdocument isfor AT& T sales teams and customers who are responsible for:

¢ Designing telecommunications networks

* Interfacing data processing devices or networks through a communications system

PREREQUISITE SKILLSAND KNOWLEDGE

To use this document, you should be familiar with the communications systems you intend to include in the
network. The following documents describe AT& T communications systems:

¢ AnIntroduction to AT& T DEFINITY] 75/85 Communication System Generic 1 (555-200-024)

¢ AnIntroduction to DEFINITYO] 75/85 Communications System Generic 2 (555-104-020)

e AT&T DEFINITYO 75/85 Communication System Generic 1 System Description (555-204-200)

¢ DEFINITYLD Communications System Generic 2 and System 85 System Description (555-104-201)
* DIMENSON[ System Description and Planning (554-111-100)

For network implementation particulars, you may also find the following documents helpful:
¢ AT&T DEFINITYO] 75/85 Communications System Generic 1.1 Implementation (555-204-654)
¢ DEFINITYLD Communications System Generic 2 and System 85 Feature Descriptions (555-104-301)

e AT&T DEFINITYO 75/85 Communications System Generic 1 and System 75 and System 75 XE Feature
Descriptions (555-200-201)

[Appendix A, Related Documents) lists the names of other documents you may need to refer to for more
detailed information.

DOCUMENT ORGANIZATION

This document has two mgjor sections: Part | covers communications system networking, and Part Il
describes data connectivity. The document contains the following chapters.

¢ |Chapter 1 — Introduction to Connectivity] — Explains concepts and devices that are common to both
the communications system networking and the data connectivity sections of the manual. These areas
of shared interest include: transmission types, transmission states, multiplexing, and trunking.

XVii
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PART |

* |Chapter 2 — Communications System Networking — An Overview— Introduces the networking
software packages that are used to implement a PBX network. Included is a matrix that maps node
administration to the tools used given the type of switch and switch version.

¢ |Chapter 3— Tandem Tie Trunk Networks|— Defines tandem tie trunk networks and describes how they
operate.

¢ |Chapter 4 — Main-Satellite/Tributary (MST)[ — Describes the MS/T configurations, features, and
engineering and administration considerations.

* |Chapter 5 — Electronic Tandem Network (ETN)| — Describes the ETN configurations, features,
interactions with other types of networks (including Centralized Attendant Service networks and the
Software-Defined Network), and ETN engineering and administration considerations.

* |Chapter 6 — Distributed Communications System (DCS)| — Describes the DCS configurations,
transmission facilities, features, feature transparency, and engineering and administration
considerations.

PART I

¢ |Chapter 7 — Data Connectivity — An Overvien]— Describes general data communication concepts and
capabilities, as well as defines the basic data communications features provided that your
communication system provides.

¢ |Chapter 8 — Data Communications Capabilities— Describes how to use a communications system to
connect data terminal equipment, local area networks, public and private data networks, and
telecommunication hosts.

* |Chapter 9 — Data Communications Configurationy — Provides template configurations for various
data networking applications, e.g., medical imaging, FAX communication, file transfers, and so forth.

* |Appendix A— Related Documents) — Lists the names of documents related to DIMENSION, System
75/85, and the DEFINITY Generic 1 and Generic 2 communications systems.

¢ |Appendix B — Timing and Synchronization|— Provides detailed information on synchronization in the
private switching systems within a network. This appendix also provides many examples of how and
where synchronization is used.

* JAppendix C — Trunking Terms and Trunk Compatibilities — Provides a list of trunking terms and
severa tables that identify trunking compatibility between particular types of switches.

¢ |Appendix D — Protocols|— Explains the open system interconnect (OSI) protocol model, describes
protocol naming systems, defines some of the most widely implemented protocols, and describes DCP,
DMI, and BX.25 proprietary protocols.

¢ |Appendix E — Lead Designationg — Lists the pin-outs for RS-232C, RS-232D, RS-449, RS-366, and
V.35 connectors.

e |JAppendix F — Networking Features) — Lists the networking features available on each
communications system.

¢ |Appendix G — Robbed-Bit AVD (rbavd)|— Explains how to implement rbavd trunks on the Generic 1
communications system.

¢ |Glossary

* [IndeX
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1. INTRODUCTION TO CONNECTIVITY

This book explains two aspects of communicating through a business communi cations system:

e |Part I, Communications System Networking,| explains how to arrange two or more communications
systemsin anetwork so that they communicate with each other efficiently and cost effectively.

e |Part |1, Data Connectivity,|describes the flow of data both within and between communications systems.

This chapter explains some fundamentals that are common to both networking and data connectivity.
These fundamentals are;

¢ [Transmission types

* [Transmission stateq

¢ [Multiplexed communication|
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TRANSMISSION TYPES

Both analog and digital transmission can be used to carry information across telephone lines and data links.

ANALOG TRANSMISSION

Analog transmission carries information as continuously varying electrical waves. Variables like the wave
amplitude, phase, and frequency impart the information contained in the signal.
Analog transmission can carry both voice and data.

* Voice: Since voice originates as analog sound waves, analog voice terminals can transmit it over analog
facilities without any conversion.

VOICE ANALOG
< ={ VOICETERMINAL (==
(SOUND WAVES) SIGNAL

¢ Data: The discrete binary pulses that are generated by digital terminal equipment cannot be carried
across analog lines. However, they can be used to vary (modulate) a carrier signal, which analog
facilities can carry. At the destination, the variation in the signal is mapped to the original binary pulses
(demodulated), and the original pulses are regenerated. Modems perform this modulation/demodul ation
function.

The analog facilities over which voice and modulated data are carried are sometimes called voice-grade
lines. Hence, the name voice-grade data has been used for data carried over analog facilities.

DATA (BINARY ANALOG (CARRIER
=—= MODEM ~=—=
VOLTAGE PULSES) SIGNAL FREQUENCY)

DIGITAL TRANSMISSION

Digital transmission carries information as discrete pulses transmitted at different voltage levels (for
example, +3 volts/—3 volts). Each pulse represents a binary bit (for example, a +3-volt pulse might
represent abinary 1, while a—3-volt pulse might represent a binary 0). The hits are grouped into 8-bit units
called bytes that convey the information. Like analog transmission, digital transmission can carry both
voice and data.
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1. Origina
signal

3. PCM
pulses

011 001 110 001 011 110 100

4. PCM
output

011001110001011110100

Adapted from: Data and Computer Communications, by William Stallings, Macmillan Publishing Co., N.Y ., 1988

Figure 1-1. Analog-to-Digital Conversion
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* Voice: To carry voice over digital transmission facilities, analog voice signals must be converted into
digital information. To do this, the voice signal is sampled 8000 times a second. The sample is
encoded according to a process called pulse-code modulation or PCM. Pulse-code modulation is a
four-step process (seeffigure 1-1)]

1. Theanaogsigna issampled.

2. Through a process called pulse-amplitude modulation (PAM), discrete pulses are generated, of
the same amplitude as the analog signal at the sampled point.

3. Theamplitude of these discrete pulsesis rounded to the nearest integer.
4. The amplitude is encoded as a binary number, which is then transmitted over the digital facilities.

The device that performs pulse-code modulation is called a codec. Each digital voice termina attached
to a System 75, System 85, and DEFINITYJ communications system contains a codec, called a digitizer,
where PCM occurs for voice communication. For this reason, voice that can be carried over digital
facilitiesis sometimes called digitized voice. Digitization of communication originating at analog voice
terminals or trunks occurs at the switch ports to which these facilities are attached.

ANALOG DIGITAL
_= CODEC e
SIGNAL SIGNAL

Note that voice-grade data may also be carried over digita facilities if it is put through the PCM
process. In fact, when voice-grade data enters the switch at an analog line or trunk port, the codec treats
the dataidentically to voice (see steps 1 through 4, above).

e Data: For binary data to be carried over digita facilities, the bits need not be converted. However,
headers and trailers that make the transmission conform to a particular protocol must be created and
inserted. This can occur at a stand-alone data module, a voice terminal equipped with a data module, or
aswitch port.

PROTOCOL DIGITAL

DIGITAL DATA <—= =
CONVERTER SIGNAL

ANALOG VS. DIGITAL

Alexander Graham Bell invented the first practical telephone in 1876. For nearly 80 years thereafter,
transmission occurred over analog facilities. Since primarily voice was being transmitted during these
years, analog facilities more closely fit the need.

With the advent of computers, facilities that could transmit binary data were needed. The installation of
public digital facilities remained uneconomical, however, until the facilities could be used to transmit both
voice and data. It was not until the late 1950s that the digitization of voice and the transmission of digital
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signals became feasi ble through the economic, operational, and reliability features of solid-state electronics.
In 1962, the Bell System established the first commercia use of digital transmission when the first T1
carrier system went into operation in a Chicago area exchange. By 1985, 50% of the country’s exchange-
areatrunks were T-carrier digital facilities.

Currently, the national network is employing more and more digital facilities. This trend has occurred
because of some of the advantages that digital transmission offers. These advantages include:

* Integration of transmission and switching: The introduction of the No. 1 ESS[I in 1965 was a major
milestone in the telecommunications industry since it was the first switch that was computer controlled.
Thus, inside the No. 1 ESS, both data and voice were digital. In the public network, the No. 1 ESS was
followed in 1976 by the No. 4 ESSO and by the No. 5ESS[] in the early 1980s. AT&T customer-
premises switches became digital with the System 75 and System 85 offerings in the early 1980s. The
advantages of servicing these digital transmission facilities with digital switches arose from the fact that
the internal signal need not be converted back to analog for internal switch processing. In a totally
integrated network, voice signals are digitized at or near the source and remain digitized until delivered
to their destination.

¢ Jgnal regeneration: With al transmissions, the signal weakens (attenuates) the farther it is transmitted.
With analog transmission, the signal is amplified periodicaly in an attempt to recreate its original
quality. This means, however, that any noise on the line, due to line disturbances and random variations
in voltage or current, is aso amplified.

With digital transmission, the signal is regenerated by repeaters placed strategically along the line.
Since pulses are recreated during the regeneration process, any noise that had entered the line in the
distance the signal traversed since the last repeater is eliminated.

* Low signal/noise ratios: Noise and interference in an analog voice network become most apparent
during speech pauses when the signal amplitude is low. Relatively small amounts of noise occuring
during a speech pause can be quite annoying to the listener. In a digita link, the noise level during
speech pausesis held to an acceptable level because it is controlled by encoding rather than random line
conditions.

AT&T israpidly replacing analog facilities with digital and expects to have this conversion completed
in the early 1990s. However, local facilities terminating at customer premises are often analog.
Therefore, today’ s national network is essentially an analog/digital hybrid. This makesit imperative for
network planners to be familiar with conversion techniques and devices so they can design a cost-
effective network that utilizes uncomplicated routing patterns and existing equipment, no matter
whether analog or digital. Therest of this chapter explains the devices and techniques that are available
for building anetwork for voice or data transmission or both.
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When you plan a communications network, there are certain rules that you cannot violate:
¢ Analog signals cannot be carried over digital facilities without first being converted to digital.
¢ Digital signals cannot be carried over analog facilities without first being converted to analog.

¢ Digital communication must conform to a particular protocol. Unless a protocol converter is inserted
in the transmission stream, both the originating and destination ends of the communication link must
speak the same protocol. In addition, every protocol in the transmission link must be represented twice
in the line—once as an initiator and, again, as a terminator.

To plan a network that adheres to these rules, you must be familiar with how voice or data is represented at
every stage of switching and transmission. Its mode of representation at each stage is its transmission state
at that point.

VOICE TRANSMISSION

When you design a network, you must know at which points in the network the transmission state changes.
At the switch, transition points for voice signals occur before the signal enters the switch and, again, as it
exits the switch. (Seeffigure I-2/for the transmission states that occur with voice transmission.)

Entering the Switch

When voice is transmitted to the switch, the following processes occur depending upon the transmission
device.

* Analog telephones generate an analog signal that travels over twisted pair to an analog port on the
switch.

— If the switch is digital — like the System 75, System 85, and DEFINITY communications systems —
the port contains a codec, which converts the analog signal to adigital signal using PCM.

— On analog time-multiplexed switches, like the DIMENSIONL], the analog port samples the analog
signal and regenerates samples using pulse-amplitude modulation (PAM); or, on older switches, a
path through a switching matrix is found and the analog signal is applied to it directly.

¢ Digital voice terminals digitize the voice signal using PCM before transmitting it to a digital port on a
digital switch. No code conversion occurs at the digital port. (Note that digital voice terminas are
never attached to analog switches.)

¢ |ncoming analog-trunk calls to a digital switch are converted to PCM by a codec built into the analog-
trunk circuit pack through which the signal enters the switch. On atime-multiplexed analog switch, the
analog-trunk signal is also converted to PAM at the trunk port.
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Figure1-2. Transmission States for Voice Communication
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* Incoming digital-trunk calls to a digital switch need no conversion since the cal is aready PCM
encoded. Incoming digital-trunk calls to analog switches are converted outside the switch at a D4
channel bank. Inthese cases, the digital trunk terminates at the D4 channel bank. From the D4 channel
bank, incoming calls are forwarded to the switch via analog trunks. (See[Multiplexed Communication]
later in this chapter.)

Inside adigital switch, therefore, voice is always coded as PCM. Inside an analog switch, voice is coded as
PAM for time-multiplexed switches or left as a pure analog signal for matrix switches.

Below is a table that summarizes the types of signals that particular terminals generate and the types of
circuit packs that can handle the signals.

Table 1-1. Terminal/Port Compatibility

0 0 0 . 0
0 0 0 Circuit Packs 0
0 0 O 0
HTerminal  signal = 0 07561 0 S85/G2 -
;rermin 0 Signal Type 0O DIMENSION [ S75/G1 O 5 0
0 0 0 g g = 5 0
0 0 0 . . ETraditional QUniversal e
0 O 0 0 0 EModuIe EModuIe* 0
i a & = = = 5 0
(2500 series OAnadlog OAndog  BLco2 Urn7a2 Hsnz229 gTN742 O

ik . i
0 0 0 0
7100 series Analog gAnaog  CIN/A OTN742 OSN229  Un742
3 = 3 - U 1l E 0

0 0 0

7200 series JAnalog JMFET OLCO2& LC55 [TN735 OSN224  ON/A .
0 0 0 S 2 S = i
(7300 series OAnalog OMFAT — EN/A Jrnze2  UANN17  OTN7628B O
0 0 0 o o O = 0
0 o .o, U = = 0 0
7400 series Digital [Digital-line ON/A OTN754 OSN270 DTN754 0
0 O gorgPP U o o 0 0
0 0 0 O O 0 = O
L7500 series Digital BRI INIA ONA  ONIA OTNSS6 o
H H H 0 0 0 O H

* Universal modules are available only on the G2 switch.

Note that the table names the circuit-pack type by the type of terminal that can use it. Multifunction
electronic telephones use MFET circuit boards; multifunction analog telephones use MFAT circuit boards;
DCP terminals use digital ports (called digital-line ports on the S75/G1, and genera -purpose ports [GPP]
on the S85/G2) and basic rate interface terminals use BRI ports.

To complete the picture of analog and digital switch ports, you also need to know the trunk port types,
names, and numbers given in (See the[Trunking] section of this chapter for an explanation of
trunk types and protocols.)

Exiting the Switch

For outgoing or tandem calls that are routed over analog trunks, and for intercom or incoming calls to
anal og telephone sets, another conversion must occur.
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Table1-2. Trunk Port Types

0 0 - O
0 0 Circuit Packs 0
0 O 0
Ugignal B 1 . DsmiGL O S85/G2 J
>gn O Type ODIMENSION [ S75/G1 O 5 0
0 0 B B = 5 0
B B 0 0 STraditionaJ 0 Universal E
o
0 0 E E EModuIe EModule O
= & = = = 5 0
Andog OCO OLcos Urn7478 Usn2soB  TN7478 O
0 i J 0 - 5 s
0 o O O
0 OAuxiliary OLC13 OTN763C OSN231 TN763B [
0 0 0 0 0 - 0
0 0 0 0 0 0
DID LCo9 OTN753  [jSN232B  OTN753
0 OTie Hici Urnzeoc HUsN2ssc  gTN760C O
0 0 = D 0 = 0
Q... 0O = - t 0 0
Digita DS1 ON/A OTN767 OANNL11E JTN767
. = 0 0 0 0 0
0 0 O O O S 0
PRI ON/A OTN767 [ANN35  OTN767 and
= = O O O OTNSS5 o
B B 0 0 0 O H

* Universal modules are available only on the G2 switch.

* From a digital switch, the voice signal, which is represented in the switch as digital PCM code, is
converted to analog via a codec built into the analog line or trunk circuit pack.

* From an analog switch, conversion of the internal PAM code to continuous analog signals also occurs at
the trunk or line port.

For outgoing or tandem calls that are routed over digital trunks, and for intercom or incoming calls to
digital terminals, the following processes occur:

* From adigital switch, PCM code treatment depends upon the port through which the signal exits.

— DS1 and primary rate interface (PRI) ports package the signal according to how the port is
administered. (The line coding, framing, and signaling are administrative choices. Refer to the
[Multiplexed Communication| section of this chapter for further details.) In addition, PRI ports
package their supervisory messages according to ISDN-PRI protocol.

— Digital-line ports (System 75 and Generic 1) and general-purpose ports (System 85 and Generic 2)
are both digital ports that package the signal according to DCP protocol. (See[page 1-13)] for an
explanation of this protocol.)

— Badic rate interface (BRI) ports are digital ports that package the signal according to ISDN BRI
protocol. (See[page 1-13|for an explanation of this protocol.)

¢ From an analog switch, no provision is made for connecting with digital voice terminals. Outside the
switch, however, outgoing and tandem calls can be packaged for transmission over digital trunks. The
voice signal exits the switch via analog trunks, then enters the digital trunk at a D4 channel bank. (See
the[Multi plexed Communication|section of this chapter for further details.)
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DATA TRANSMISSION

Because of the variety of protocols that can be used in data communication, data transmission has many
more options than voice. To understand the processes that occur at the switch with data transmission, you
must be familiar with the layers of protocol that the switch handles, understand some details about the
protocols used at these layers, and know the points at which these protocols change.

Uselfigure 1-3)as a pictorial guide through data-transmission state changes. The figure illustrates the flow
of data from data terminal equipment (DTE), like a terminal or host, through data communications
equipment (DCE), like a modem or data module, into a communications system port on the switch. In the
figure, the data flow is shown by solid lines. Below these lines are stated the protocols that are used at
particular pointsin the data stream.

Note that the figure illustrates data transmission only through a digital switch. Communication through an
analog switch is typified by the analog-line-to-analog-trunk portion of the illustration. The only exception
isthat, inside the anal og time-multiplexed switch, the datais PAM encoded instead of PCM encoded.

Protocol Layers

The Open System Interconnect (OSI) model for data communications contains seven layers, each with a
very specific function. (Seefappendix D]for athorough discussion of the OSI model.) Communications to
and through the switch concern themselves only with layers 1 and 2 of the model.

* Layer 1, or the physical layer, covers the physical interface between devices and the rules by which bits
are passed. Among the physical layer protocols are RS-232C, RS-449, X.21, DCP, DS1, and others.

e Layer 2, or the data-link layer, here refers to code created and interpreted by the DCE. Using this layer,
the originating DCE may send blocks of data with the necessary codes for synchronization, error
control, or flow control. With these codes, the destination DCE checks the physical-link reliability,
corrects any transmission errors, and maintains the link. When a transmission reaches the destination
DCE, the DCE strips any layer 2 information that the originating DCE may have inserted. The
destination DCE, therefore, passes to the destination DTE only the information sent by the originating
DTE.* Notethat the origination DTE may also add layer 2 code to be analyzed by the destination DTE.
The DCE treats this layer as data, and passes it along to the destination DTE as it would any other
binary bits.

In[figure 1-3] the protocols used at layer 1 and the DCE-created layer 2 are given. Layers 3 to 7 (and the
DTE-created layer 2) are embedded in the transmission stream and are meaningful only at the destination
DTE. Therefore, they are shown in the figure as "user defined," with no state changes until the transmission
stream reaches its destination.

*  Not shown in thelfiqure 1-3)is the treatment of D-channelsin ISDN PRI and BRI transmissions. PRI and BRI D-channels transport
information elements that contain call-signaling and caller information. These information elements conform to ISDN level 3
protocol. In the case of BRI, the elements are created by the termina or data module; for PRI, the elements are created by the
switch, which inserts them into the D-channel at the DS1 port. For ISDN transmissions, therefore, BRI terminals and data
modules, and DSL ports insert, interpret, and strip both layer 2 DCE information and layer 3 information elements. Also, the DS1
port passes layer 3 information to the switch for processing.
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Protocols Used

The following is a list of the protocols that are meaningful when you transmit data to and through the
switch. The list is organized by protocol layers. Asyou read through the list, follow the protocol changes
through the transmission paths shown in

Layer 1 Protocols

Layer 1 standards include those used between the terminal or host (DTE) and the data communications
equipment (DCE), those used between the DCE and the switch port, and those used inside the switch.

The following are the layer 1 protocols used between the DTE and the DCE. DCEs can be data modules,
modems, or data service units (DSUs*).

* RS 232C — A common physical interface used to connect a DTE to a DCE. This protocol is typically
used for communicating up to 19.2 kbps.

* RS449 — A replacement specification for RS-232C. It was devised to overcome the RS-232C distance
and speed restrictions, and the lack of modem control that RS-232C procedures afford.

* V.35 — A physical interface used to connect a DTE to a DCE. This protocol is typically used for
transmissions at 56 or 64 kbps.

The following protocols constitute the conventions used at layer 1 to govern communication between the
DCE and the port. These protocols consist of codes that are inserted at the originating DCE and stripped at
the switch port. The DS1 protocol may be inserted at the originating, outgoing trunk port and stripped at
the destination port.

* Digital communications protocol (DCP) — An AT&T proprietary standard for a 3-channel link. The
DCP channel structure consists of two information channels and one signaling channel (21+1S). Each |
channel provides 64 kbps of voice/data communication, while the S channel provides 8 kbps of
signaling communication. DCP protocol is similar to the ISDN basic rate interface (BRI). In fact,
AT&T created DCP in anticipation of the ISDN-BRI standard. Digital voice terminals that interface
with the System 75, System 85, and DEFINITY Generic 1 and 2 systems use this protocol for
communications. See[appendix D|for further details.

¢ Basic rate interface (BRI) — An ISDN standard for a 3-channel link, consisting of two 64-kbps bearer
(B) channels and one 16-kbps signaling (D) channel. For the AT&T implementation of this standard,
see DEFINITY Communications System and System 75 and System 85 ISDN BRI Reference (555-025-
102).

¢ Analog — A modulated carrier signal.

* ADU Proprietary — A signa generated by an Asynchronous Data Unit (ADU). The signal has been
designed for communication over limited distances and can be understood only by a destination ADU
or destination switch port with a built-in ADU.

* DS1 — A protocol that dictates the line coding, signaling, and framing used on a 24-channel line. (See
the[Multiplexed Communication section of this chapter for an explanation of these parameters.) Many

* A DSU is adevice designed to transmit digital data to a particular digital endpoint over the public network without processing it
through any intervening private network switches.



1-14 TRANSMISSION STATES

types of trunk protocols (for example, primary rate interface [PRI] and 24th-channel signaling) use DS1
protocol at layer 1. (See the[Trunking section of this chapter for an explanation of these trunk types.)

Inside the switch, data transmission appears in one of two forms. It can be raw bits (digital data), the
physical layer protocols, like DCP and BRI having been stripped at the incoming port and inserted again at
the outgoing port. Or it can be PCM-encoded analog signal's (analog transmission via a modem), the signal
having been digitized by a codec at the incoming port.

Layer 2 Protocols
At layer 2, the protocols are given below.

* 8-bit character code between the DTE and the DCE. Depending upon the type of equipment used, the
code can be ASCII, EBCDIC, or any proprietary code set. ASCII code can be sent asynchronously (one
character at a time), or synchronously (one transmission unit, or frame, at a time). EBCDIC is
transmitted synchronously.

¢ Digital multiplexed interface (DMI) proprietary family of protocols between the originating DCE and
the destination DCE for digital transmission. (For a description of this protocol, see appendix D;
DEFINITY Communications System and System 75 and System 85 DSI/DMI/ISDN PRI Reference, 555-
025-101; and Digital Multiplexed Interface [DMI] Technical Specification, Issue 3.2, 555-025-204.)

* Voice-grade data between the originating DCE and the destination DCE for anal og transmission.

Protocol States

summarizes the protocols used in switch communication at various points in the transmission
stream. illustrates these protocol -states for data transmission.

Table 1-3. Protocol States for Data Communication

g g g g g
] ] ] | Protocols 0
g d g | |
Sl'ransmission g Incoming g osl B DTE to B DCE to B Inside B
O Type 0 DCE OLayer 0O DCE 0 Switch Port 0 Switch O
o - H H = = 0
BAnalog 2 Modem 0, 0 RS-232, RS-449, or V.35 U analog 0 pcm J

O O O 0 0 O
O O g g o 0 0
B B B 2 B 8- or 10-bit code 0 voice-grade data 0 voice-grade data B
g ad g g0 B B O
o 0ADU 0 1 0ORS232 0 ADU proprietary 0 raw bits (digital data) O
g d H] g I I a
O O O O _ 0 _ 0 o
O O o 2 [J asynch 8-bit code 0 asynch 8-bit code 0 DMI O
O 0 0 0 = = 0
DDigitaI JpataModde 5 1 = RS-232, RS-449, or V.35 U DCPor BRI U raw bits (digital data) g
O O O O 0 0 O
O O 8 g 5 0 0
O O 0 2 Usgypitcode 0 DMI 0 DMI g
O O O O O 0 O
0 [} [} M} 0 0 0
o 0ps1 o 1 O any DS1 PCM or o
O d g g g g ad

O O raw bits (digital data)

O O O O 0 0 o
O O ] ] 0 0 O
o g 0 2  [O8-hitcode DMI or voice-gradedata [ DMI or voice-grade data U
H] g g g E E O
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Note that both the physical-layer protocol and the DMI mode used in the connection are dependent upon
the type of 8-bit code used at layer 2 between the DTE and DCE. (See tables[1-4 and[1-5.)

Table 1-4. Physical-Layer Protocol vs. Character Code

0
tProtocol Code

N

= !
FRs-232 JAsynchronous 8-bit ASCI|
0 1 Synchronous

I

T

1
%8449 DAwnchronous 8-hit ASCII
0 Synchronous

L)

1w |

IEUEE

35 5 Synchronous

Table 1-5. DMI Mode vs. Character Code

a a a
M1 Mode o Code O
g ! 0
g 0 BS/nchronous (64 kbps) g
t ] O
o 1 Usynchronous (56 kbps) 0
0 D&/ (56 kbps) g
O 0 . O
O 2 gAsynchronous 8-bit ASCII (up to 19.2 kbps) O
O OSynchronous 0
0 0 a
a a . a
o 3 nAsynchronous 8-bit ASCII 0
O OPrivate Proprietary O
t U u

Connectivity Rules

implies certain connectivity rules:

* Inthe figure, only the DSL1 port and the analog trunk port are trunking facilities (all other ports shown
are line ports). For communication over these facilities, the destination DCE may be a hemisphere
away from the switch, and the signal may traverse any number of intervening switching systems before
reaching the destination DCE.

* Data originating at any type of digital device, whether DCP or BRI, can exit the switch at any type of
digital port — BRI, digital-line, GPP, PRI, DS1, and so on — aslong as the call destination is equipped
with a data module using the same DMI mode as that used at the call origin. This is because, once the
data enters the switch through a digita port, its representation is uniform (raw bits — that is, digital
data— at layer 1, and DMI at level 2), regardless of where it originated.

¢ Although data entering the switch through an EIA port has not been processed through a data module,
the EIA port itself has a built-in data module. This means that inside the switch EIA-port data is
identical to digital-line or GPP data. Therefore, data entering the switch at a DCP-line port (digital-line
or GPP) can exit at an EIA port. Conversely, data entering the switch at an EIA port can exit at any
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DCP-line port. The only caveat is that the destination data module must be set for mode-2 DMI
communication. (Seefappendix D] for adiscussion of DMI modes.)

* Voice-grade data can be carried over a DS1 facility as long as the destination DCE is a modem
compatible with the originating modem.

* When a mismatch exists between the types of signals used by the endpoints in a connection (for
example, the DCE at one end of the connection is an analog modem, and the DCE at the other end is a
digital data module), a modem-pool member must be inserted in the circuit. When the endpoints are on
different switches, the best place to insert the modem-pool member depends upon the transmission
medium, but it is recommended that the modem-pool member be put on the origination or destination
switch. (Note that a modem-pool member will aways be inserted automatically for calls to off-
premises sites. For interna calls, however, only the Generic 1 and 2 communications systems are
capable of automatically inserting a modem-pool member.)

¢ Data cannot be carried over analog facilities unless, inside the switch, it is represented as a PCM-
encoded analog signal. To accomplish thisfor data originating at a digital terminal, the signal entersthe
switch at adigital port and exits the switch at adigital port. The signal then reenters the switch through
a modem-pool connection (data-module to modem to analog-port) and exits the switch again at an
analog port.

¢ Although DS1 is commonly referred to as a trunk speed, here it names the protocol used at layer 1 for
digital trunks. There are trunks that use different signaling methods, but use DS1 protocol at layer 1
(for example, PRI and 24th-channel signaling trunks). (See the[Trunking] section of this chapter for an
explanation of these trunk types.)



MULTIPLEXED COMMUNICATION

As signas are transmitted away from the switch and onto a public or private network, multiplexed
communication becomes an option. Multiplexed communication results from the interleaving of signals
from multiple circuits into a single communications path. For transmissions with the same destination, it is
an economic alternative to using multiple single-trunk transmission paths.

TYPES OF MULTIPLEXING

Three types of multiplexing are used in switch communications: frequency-division multiplexing, time-
division multiplexing, and statistical multiplexing.

Frequency-Division Multiplexing

Frequency-division multiplexing provides a number of simultaneous channels over single analog medium
(twisted pair, coax, microwave, and so on) by using a different frequency band for the transmission of each
channel. Each channel provides adiscrete data or conversation path.

Frequency-division multiplexing is used only for public network transmission facilities. The analog trunk
groups attached to private communication system switches — like the System 75, System 85, and DEFINITY
Generic 1 and Generic 2 communications systems — are not multiplexed.

Time-Division Multiplexing

In time-division multiplexing, a single transmission path is divided into severa different communications
channels. The channels are assigned in units called time slots.

—— YOURTIMESLOT

l ||| l

MY TIME SLOT

125 uSECONDS 125 uSECONDS

Figure 1-4. Time Slot
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Time-division multiplexing can be bit interleaved or byte interleaved. With bit interleaving, the time slot
assigned to a particular channel is one bit long and the channel recurs every 15.5 microseconds over a DS1
link. With byte interleaving, the time slot is one byte long and recurs every 125 microseconds. (See[figurg
For voice communication, each byte-interleaved time slot carries a byte representing a PCM-encoded
sample. For data communication, it carries the next sequential byte of information.

Byte-interleaved multiplexers are not compatible with bit-interleaved multiplexers.

Statistical Multiplexing

Statistical multiplexers dynamically assign signals from incoming lines onto a single outgoing
communications path. This outgoing path is time-division multiplexed, but the time slots are assigned on
demand, making it possible for the number of incoming lines to be greater than the number of outgoing
time dots.

MULTIPLEXING OVER DS1 FACILITIES

The hierarchy of digital transmission ratesis given as "digital signa" (DS) numbers. DS numbers increase
from 0 to 4 asfollows:

DS Number of

Number Speed DS0 Channels
DS0 64 kbps 1
DS1 1.544 Mbps 24
International DS1 2.048 Mbps 30
DS1C 3.152 Mbps 48
DSs2 6.312 Mbps 96
DS3 44.736 Mbps 672
D34 274.176 Mbps 4032

DS0 is the lowest rate and consists of a single 64-kbps digital channel. The DSO data rate is achieved by
sampling the signal 8000 times a second and encoding each sample into an 8-bit byte. Above DSO, DS1 is
the first level at which multiplexing occurs and the higher levels represent the multiplexing of two or more
DS1 sources (plus additional overhead).

The System 75, System 85, and DEFINITY Generic 1 (G1) and Generic 2 (G2) communications systems
multiplex up to the DS1 level. In fact, DS1 facilities, like T1 trunks, are the medium through which many
time-division multiplexed signals are carried to and from the switch. Communication over these facilities
is managed through the DSL port on the System 75, System 85, and DEFINITY G1 and G2 switches. How
line coding, framing, and signaling are performed over a particular T1 trunk depends upon how the DS1
port is administered, which, in turn, depends upon the types of equipment through which the signal travels
after it exits the switch. (For further clarification of the DS1 protocol, see DEFINITY Communications
System and System 75 and System 85 DS1/DMI/ISDN PRI Reference, 555-025-101.)
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Line Coding

Line coding is the pattern that data assumes as it is propagated over a communications channel. Governing
line coding is a set of parameters that must be defined for al digital transmissions. These transmission
parameters specify the voltage level and patternsin which 1s and Os can appear on theline.

The parameters chosen for a given transmission stream must meet the requirements set by the hardware
through which the datais to be transmitted. Most notable among these requirements are two established by
the AT&T network. Thefirst of these requirements states that the voltage on the line should be anet DC 0.
Alternating mark inversion (AMI) was adopted to fulfill this requirement. The second requirement, known
as the ones density requirement, states that in every stream of 15 consecutive bits, a one must appear. Zero
code suppression (ZCS) and binary 8-zero substitution (B8ZS) line coding were adopted to meet this
requirement.

Alternating Mark Inversion

All transmissions generated by DS1 ports are encoded in AMI. AMI was designed to fill the line repeater’s
need for dependable and recurring voltage changes on the line. With AMI, every 1 in the transmission
stream changes the line state alternately to either +3 volts or =3 volts. That is, every other 1 is represented
as +3 volts, with the following 1 being represented as —3 volts. A zero is always represented as 0 volts.

(Seeffigure 1-5.)

v(t)

+3-

Bl _______

Figure 1-5. Alternating Mark Inversion

Zero Code Suppression (ZCS) Line Coding

ZCS ensures that each transmitted byte contains at least one 1. DS1 ports that are administered for ZCS
line coding arbitrarily insert a1 in the second least-significant bit of each all-zeros byte.

The arbitrary insertion of 1sin the transmission stream presents a problem for data because of the obvious
corruption that ZCS line coding produces. To avoid data corruption, at the originating data module the data
is encoded with inverted HDLC or inverted LAPD protocol. (See[appendix D|for protocol explanations.)
Using HDLC or LAPD with signal inversion (all 1s become Os; all 0s become 1s) ensures that no byte will
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ever beall zeros. Mode-2 communication always ensures signal inversion, while mode 3 usually does.

ZCS is the only line coding allowed over DS1 restricted channels. Restricted channels are those that
guarantee successful transmission for voice and for data that has been encoded to ensure that there is never
an al-zeros byte.

B8ZS Line Coding

B8ZS line coding substitutes a predetermined bit string for every group of eight consecutive zeros that it
finds in the transmission stream. The predetermined substitute string contains intentional bipolar pulse
violations so that it can be recognized at the receiving end.

With B8ZS line coding, no special care must be taken to use inverted HDLC or inverted LAPD for data.
This is because the data will never be adulterated by the arbitrary insertion of 1s in the all-zeros byte.
Instead, at the DS1 board, for both voice and data, all-zero bytes are replaced with a substitute string of
eight bits. The substitute string contains enough 1s to fulfill the ones-density requirement.

Uncoded
Bit Stream 010011 | 00000000 |111| OOOOOOOO | 00OOOOCOO | 01

Pulse
Stream 0+00-+ 000+-0-+ | -+- | 000-+0+- 000-+0+- | O+

I B

Intentional violations based on polarity
of last 1 transmitted

Figure 1-6. Example of B8ZS Line Coding

Different substitute strings are used depending upon whether the last 1 in the transmission stream was
represented by a negative pulse or a positive pulse. The string that is substituted is chosen because it
creates a bipolar pulse violation (for example, a positive 1, followed by another positive 1; or a negative 1
followed by another negative 1), thus alerting the the receiving equipment to either an error condition or an
all-zeros byte. When the receiving equipment examines the byte that isin error, if it recognizes one of the
designated bipolar pulse sequences, it restores the origina data by replacing the substitute string with an
all-zeros byte.

B8ZS line coding is used over unrestricted, or clear, channels. These channels can carry any kind of data,
regarless of the encoding. Unrestricted channels are equipped with devices that can distinguish between
true errors and intentional bipolar violations.
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Signal Inversion

Signal inversion isthe replacement of al 1sin adigital transmission stream with Os; and the replacement of
all Oswith 1s. The use of signa inversion is related to the transmission facilities, the DMI mode, and the
line coding. gives the conditions under which a signal should be inverted. (The need for signal
inversion is given in the last three columns of the table. Note that when no inversion is necessary, the table
entry is "normal.") In addition, lists, among other things, AT& T data modules and their signal-
inversion capabilities. The tables assume the following knowledge of the difference between restricted
versus unrestricted channels; between bit-oriented signaling (BOS) and message-oriented signaling (MQOS);
and among the DMI modes O through 3.

* Restricted channels are channels over which no all-zero bytes can be transmitted. The line equipment
transmitters on restricted channels use ZCS line coding.

Unrestricted channels have no restrictions on the number of consecutive zeros of user data that can be
transmitted. The line equipment transmitters on restricted channels use B8ZS line coding.

* Bit-oriented signaling is accomplished by inserting signaling bits in the 24th channel of a DS1 facility.
Message-oriented signaling is accomplished by inserting messaging octets in the 24th channel. (See
[24th-Channel Sgnalinglater in this chapter.)

Note that for BOS applications (and for any application where MOS is not carried end to end) the bearer
(B) channels should always be considered restricted since BOS cannot declare whether the network path
isrestricted on a per-call basis.

* The DMI modes are explained in[appendix D.] Note that DMI mode-2 transmission is always inverted,
regardless of the facility.

Table 1-6. Signal-Inversion Requirements

O O O O O
O 0 _ 0 1544 0 0
[(Channel o Traffic O Facilities O 2048 [
O Type O Type H = []Facilities []
O O ORestricted OUnrestricted [ O
O Il i Il Il N
0 D 0 BOS 0 Normal 0 Normal 0 Normal 0
DCh o O Signali O O O 0
Chenn O gnaling O 0 0O 5
0 0 MOS 0 Invert ] Normal ] Norma [
O 0 Signaling O a O O
g H H H H ]
g Bearer B Mode 0 E Invert B Normal g Normal g
DChannel g (HDLC) 0 0 0 0
0 ] ModeO g Norma [ Normal 0 Norma
O O (non-HDLC) g O ] O
g 0 Model U Norma O Norma U Norma O
B H Mode 2 H Invert H Invert H Invert g
H H Mode 3 E Invert E Normal E Normal E

Source: Digital Multiplexed Interface Technical Specification, 555-025-204
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Table 1-7. Data-Module Capabilities

U g | g g i g g g
Pata [(PMI [User Data [Sync [Async [Bit Protocol Handshake [Comments [J
[(Module [(Mode [Rate O O Onvert [Packaging O O O
H H H T H T T T i il
(7400 series [P [to19.2kbps [No UOves Dves HDLC [(Mode 2 0 o
0 a a 0 a a a 0 0 f
g g | | | g g g g

DTDM 2 f019.2kbps [IYes Yes [¥es rHDLC Mode 2 0 O
H H H H H H H H H |
B\/IPDM %) kbps B\(es o] DY% o] ode 2 O g
0 & 6 kbps 5(05 0 S\Io DS ode 2 a\IOTE 1 0
O ® 1019.2kbps [Yes [¥es [¥es [HDLC Mode 2 0 O
0 O O 0 O O 0 0
EMPDM/Ml* g) gSAKbps %(% S\Io %{&s o] ﬁ\lone %\IOTEZ g
0 ! 6 kbps ¥es No No DS None NOTE 2 0
O 2 (1019.2kbps D¥es [¥es [¥es HDLC None [NOTE 2 ad
[ [1 1 [1 [1 [1 1 [1 [ 0
EBZ?O A % Eto 9.6 kbps %(& %(es %(&s S—DLC SVIode 3/2 adapt 5\IOTE 3 g
O 8 64 kbps [¥es [No [Nes [LAPD/X.25 data phase [Mode 3/2 adapt [NOTE 4 O
O O O O O O O O 0 O
%3270 T % %34 kbps %5 B\Io ryYes H_APD/X.ZS data phase E’vlode 3 a\IOTE 4 g
= i t | ) t t | ) il
Chc/PBX b Ho19.2kbps ENo DOves Dyes LHDLC CMode 3/2 adapt ENOTE5S U
onnection - O O O O O r Mode 2 B g
rwith ASCI| gS %4 kbps S\lo %(es %(es H_APD/X.ZS data phase Mode 3/2 adapt [ 0
Cterminal g g g d g g g g g
Cemulation a a 0 a a 0 0 O 0
U [l g 0 g g 0 0 U 0
O 0 a 0 a 0 0 0 O 0
PC/PBX B 64 kbps res (No [)¥es L APD/X.25 data phase [Mode 3 (NOTES5 0
/3270 a a 0 a a 0 0 O 0
0 0 0 0 0 0 0 0 0 0
U ] H] H] ] [l g U U U g
(V500 series [0 64 kbps [Yes (No [No None None O O
(BRI sets Ch (56 kbps Ores (No [No (bDS [None O O
a& ADM-T 019.2kbps Bres DBres Dres DLC ode 3/2 adapt CNOTE 6 g
. kops  ¥es tNo  Yes APD/X 25 dataphase -Mode 32 adapt -NOTES7,8 1
0 B2 P4 kbps res No [)Yes [LAPD/X.25 data phase [Mode 3/2 adapt [NOTES7,8 [
= H H H H H H H H il
/ISDN % %34 or 56 kbps Elfes a\lo DYES-OI’ No S_APD/X.ZB data phase a\llode?, a\IOTE 9 g
atform 0 0 O 0 rfoption) O 0 O
with3270 [ ad 0 a a 0 0 O a
Cemulation 0 O O O O O O 0 O
0 0 0 0 0 0 0 0 0 0

(Continued)
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TABLE 1-7: Data-Module Capabilities (Part 2 of 2)

Data bM1 WUser Data  Loync DAsync LBit L otocol [Handshake ~ LCommentsU
EM odule ,E\/' ode H?ate E E\ 5 nvert EPackaging E = g
/ISDN % So 19.2 kbps a\lo %% %% EL|DLC a\/lode 3/2 adapt H\IOTE 10 B
CPlatform 0 0 0 0 O O rpr Mode 2 0 0
Cwith ASCII B [64 or 56 kbps [IYes [No O¥esor No [LAPD/X.25 data phase [(Mode 3 INOTE10 O
Lerminal o ] g o HQoption) U g o o
dation O O o O g o 0 O O

a g a g 0 O a d d

0 O O 0 O O O 0 0 0
[Constellation [B [64 kbps Lyes (No D¥es LLAPD/X.25 data phase [Mode 3 O O
0 0 0 0 O 0 0 0 a a

NOTE 1: The mode-2 handshake will not work over other than 64-kbps facilities (for example, robbed-bit facilities). Use the
MPDM/M1* for mode-1 calls made over robbed-bit facilities.

NOTE 2: Use the MPDM/M1* for mode-0 and mode-1 calls when the far-end DCE is not another AT& T data module (for example,
does not do amode-2 handshake).

Although the MPDM/M1* will also suppress the handshake in mode 2, it is recommended this not be done because rate adaption will
not be possible.

NOTE 3: Mode 3/2 adaptive means that a mode-3 handshake is attempted first. An agorithm is then followed to determine the far-
end’ s data mode and either switch to mode 2 or continue in mode 3.

NOTE 4: Mode-3 data can only be circuit-switched in Generic 2.1 and Generic 1.1. Also, mode 3 on the 3270 A and 3270 T requires a
3270 C on thefar-end.

NOTE 5: Mode 2 on the PC/PBX connection is supported under the ASCI| terminal emulation package. The PC/PBX connection in
mode 2 uses a mode-3/2 adaptive handshake if the bit rate is set at 64 kbps. If the rate is set at 19.2 kbps or slower, a mode-2
handshake is used. 3270 emulation on the PC/PBX connection requires a 3270 C data module on the far-end. Mode-3 operation is
defined as synchronous when in 3270 emulation; otherwise, it is defined as asynchronous.

NOTE 6: Mode 2 on the 7500 series is implemented in the incoming (to the 7500) direction only. Outgoing calls requiring mode-2
speeds use the mode-3/2 adaptive bearer capability.

NOTE 7: On outgoing mode-3 and mode-3/2 adaptive cals, the 7500 series always inverts bits. On incoming mode-3 and mode-3/2
adaptive calls, the 7500 series checks the restriction bit in the low-layer compatibility information element (IE) and either inverts or
does not invert, depending on the contents of the |E. Thisis not done for incoming mode-0 calls, however.

NOTE 8: The agorithm for the mode-3/2 handshake is different for DCP data modules and the 7500. When called, the 7500 data
module starts a mode-3 handshake. If it receives a mode-3 or mode-2 handshake from the calling end within a specified number of
seconds, it switches to that mode. Otherwise, it switches to mode 2. If it does not receive a mode-2 handshake within 15 more
seconds, it times out and drops the call.

NOTE 9: Options exist on the PC/ISDN Platform with 3270 emulation to allow the user to choose either 56 kbps or 64 kbps and to
choose to invert or not invert bits. The PC ISDN Platform with 3270 emulation requires a 3270 C data module on the far-end.

NOTE 10: Options exist on the PC/ISDN Platform with ASCII terminal emulation to allow the user to choose either 56 kbps or 64
kbps and to choose to invert or not invert bits. Either mode-3/2 adaptive or mode-2 handshakes are used depending on the baud-rate
option setting. If the setting is 19.2 kbps or slower, a mode-2 handshake is used. Mode-3 operation is defined as synchronous when in
3270 emulation; otherwise it is asynchronous.

For complete definitions of the DMI modes O, 1, 2, and 3, refer to Digital Multiplexed Interface (DMI) Technical Specification, select
code 500-029. Ask for the most recent issue.
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#
1 LIX | x| x|x|[x|[x]|x]|x
2 O X [ X|X|X|X|X]|x]|X
3 0 X [ X|X|X|X|X]|x]|X
4 o X|X|[X|X|X|X|X]|X
5 TIX|X|X|X|x|x]|x]|x
6 1IX|X|X|X|X|X]|X]|A]| ASGNALING FRAME (OPTIONAL WITH ROBBED-BIT SIGNALING)
7 0 X [ X|X|X|X|x]|x]|x
8 TIX|X|X|X|x|x]|x]|x
9 TIX|X|X|x|x|x]|x]|x
0 [ 1|X|X|X|X|x|x]|x]|x
W |o|x|x|x|X|x|x]|x]|x
L2 |0 X | XX | X|X|X|X|B| BgGNALING FRAME (OPTIONAL WITH ROBBED-BIT SIGNALING)

Figure1-7. D4 Framing
Framing

A frameis a set of 24 8-bit time dots grouped as a single transmission unit. Each DS1 frame has 192 bits
(24 x 8), plus 1 bit, known as the framing bit, that is inserted at the beginning of each frame. Since each
frame repeats time dots in the same sequence as previous frames, the time dots representing a single
conversation or data stream form a channel.

Two framing formats are currently in use: the D4 frame and the extended super frame (ESF). The ESF
format is preferred because of its superior reliability. However, either format may be chosen; the decision
must depend on the network equipment and application.
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The framing format does not place any requirement on the type of signaling or line coding to be used.
However, the type of framing used at both ends of the DS1 transmission facility must beidentical.

D4 Framing

A synchronization pattern is a continuously repeating string that orients the receiving end to a frame's
boundaries during a transmission. The D4 framing format uses a 12-bit fixed synchronization pattern
(100011011100). This12-hit pattern isformed by the framing bit (the first bit) from 12 consecutive frames.
When the receiving port finds the pattern across the frames, it coincidentally has found the boundaries of
each frame, because the framing bit marks a frame's beginning and end. The 12-frame unit that contains
the synchronization pattern is known as the D4 superframe. (Seeffigure 1-7.)|

D4 framing is supported by all equipment used with the System 75, System 85, Generic 1 and Generic 2
DS1, such as channel expansion multiplexers (CEMs), channel division multiplexers (CDMs), and D4
channel banks.

ESF Framing

The ESF framing format was developed after the D4 format. Not al equipment used with the DS1
interface supports ESF. Specifically, most D4 channel banks (unless they are configured as L1U-3ESF or
equivalent) and CDMs do not currently support ESF framing.

The synchronization pattern for the ESF format is formed by the framing bit from 24 consecutive frames.
Unlike the 12-bit synchronization pattern for D4, which utilizes all of the available framing bits for
synchronization, ESF employs only 6 of the available 24 framing bits to carry a synchronization pattern.
The other 18 framing bits form a 6-bit error-detection code, called the cyclic redundancy check (CRC) sum,
and a 12-bit facility data link signal. Each 24-frame entity, spanning one ESF cycle, is referred to as an
ESF superframe. (Seeffigure 1-8.)]

Note: The facility datalink is a 4-kbps data link designed to maintain and supervise the DS1 facility.
However, this 4-kbps data link is not used by the System 75 and System 85 DS port boards.

The CRC is used at the receive end to detect transmission errors, as follows: The CRC is calculated at the
transmit end and multiplexed into the DS1. At the receive end, the CRC is recalculated using the data in
the received ESF superframe and then compared with the received CRC. If the recalculated CRC and
received CRC do not match, a misframe is declared. The DSL1 interface counts misframes and uses the
count for processing DS1 facility performance indicators, such as bit-error rates, major alarms, and minor
alarms.

The ESF reframing algorithm can find the synchronization pattern even if the time dots for the 24 channels
carry abit sequence identical toit.
Signaling

The DS1 circuit pack can be administered to use either robbed-bit signaling or 24th-channel signaling.
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FRAME BIT
NFSGEAEER DFgﬁmE%NTS % }e CHANNEL 1 9‘6 CHANNEL 2
1 DATA LINK FBIT (DL) 8-BITS
2 CRC-6FBIT 8-BITS
3 DATA LINK SIGNAL 8-BITS
4 FRAME SYNC PATTERN 0 8-BITS
5 DATA LINK SIGNAL 8-BITS
6 CRC-6FBIT 7-BITS A ROBBED BIT (OPTIONAL)
7 DATA LINK SIGNAL 8-BITS
8 FRAME SYNC PATTERN 0 8-BITS
9 DATA LINK SIGNAL 8-BITS
10 CRC-6FBIT 8-BITS
1 DATA LINK SIGNAL 8-BITS
12 FRAME SYNC PATTERN 1 7-BITS B ROBBED BIT (OPTIONAL)
13 DATA LINK SIGNAL 8-BITS
14 CRC-6FBIT 8-BITS
15 DATA LINK SIGNAL 8-BITS
16 FRAME SYNC PATTERN 0 8-BITS
17 DATA LINK SIGNAL 8-BITS
18 CRC-6 FBIT 7-BITS c ROBBED BIT (OPTIONAL)
19 DATA LINK SIGNAL 8-BITS
20 FRAME SYNC PATTERN 1 8-BITS
21 DATA LINK SIGNAL 8-BITS
22 CRC-6FBIT 8-BITS
23 DATA LINK SIGNAL 8-BITS
24 FRAME SYNC PATTERN 1 7-BITS D ROBBED BIT (OPTIONAL)

Figure 1-8. The Extended Super Frame
Robbed-Bit Signaling

In every 6th frame, robbed-bit signaling (RBS) replaces (that is, "robs') the least-significant bit (LSB) of
each channel. It replaces this bit with the signaling information for that channel. For D4, the 6th and 12th
frames carry RBS; for ESF, the 6th, 12th, 18th, and 24th frames carry RBS (refer to figures[1-7 and [1-8]

respectively).

Because the signaling information is carried embedded within each channel, RBS signaling is also called
inband signaling.
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Facilities using RBS carry digital data at 56 kbps. They can be used to carry voice, voice-grade data, or
data that uses only 56 kbps of the available 64-kbps bandwidth (for example, mode-1 data).

24th-Channel Signaling

24th-channel signaling permits the channels to use their full 64 kbps bandwidth capacity. This type of
signaling provides 23 64-kbps channels for voice or data transmission, with the 24th channel reserved for
signaling only.

The format used to carry signading information requires a 24-frame superframe. ESF meets this
requirement. For D4 framing to meet this requirement, however, two D4 frames are linked together to form
the required 24-frame superframe.
There are three variations of 24th-channel signaling:

* AT&T proprietary signaling

¢ DMI BOS (bit-oriented signaling)

* |SDN-PRI (sometimes called DMI MOS, or DMI message-oriented signaling)

[Table 1-8, 24th-Channel Sgnaling Arrangement,| depicts the frame number and signaling channel
relationship used for DMI BOS (many other relationship rotations are possible).

Table 1-8. 24th-Channel Signaling Arrangement — DMI BOS

0 ] 0 (0 0 0 0
Channels [j24th Channel [j24th Channel [ Channds [24th Channel [;24th Channel [
o 1-23 0 D4 a ESF m 1-23 0 D4 0 ESF 0
LFrameNo. U FrameNo. U FrameNo. WFrameNo. U FrameNo. LU FrameNo. U
H [ | [ 0 [ [l
| | N [ [l [l 0
0 1 0 1 0 13 m 13 0 1 0 1 0
0 2 O 2 a 14 [ 14 a 2 0 2 0
0 3 u 3 O 15 m 15 O 3 O 3 O
O 4 O 4 O 16 O 16 O 4 O 4 O
0 O a [ a 0 0
0 5 0 5 0 17 m 17 0 5 0 5 0
0 6 0 6 0 18 m 18 0 6 0 6 0
0 7 O 7 a 19 [ 19 a 7 0 7 0
0 8 u 8 O 20 m 20 O 8 O 8 O
o 9 U 9 Oz m 5 O 9 = 9 =
0 O a [ a 0 0
o 1 5 10 o 22 m 2 g 10 o 10 0
o 11 0 11 0 23 m 23 0 11 0 11 0
g 12 0 12 O 24 Il 24 0 12 0 12 0
[l Ll 0 ([0 ] [ [

AT&T proprietary signaling was the first type of 24th-channel signaling provided by System 75 and
System 85. It was developed to carry DCP-formatted data (in digital form) between System 75 and/or
System 85 switches. AT&T proprietary signaling is described in the initial release of the DMI technical
specification.

For AT&T proprietary signaling, a complete set of signaling information is sent every 24 frames. This 24-
frame period is not synchronized to the 12-frame superframe format of D4 framing or to the 24-frame
superframe format of ESF framing. Each signaling byte contains the equivalent of a channel identification
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number and the signaling state for that channel. The channel identification number is necessary since the
channel signaling information may not be synchronized with the voice or data channel that it describes.

Some types of public network equipment were incompatible with this type of 24th-channel signaling and,
as a result, another type of 24th-channel signaling, called DMI-BOS was developed. For DMI-BOS,
specific 24th-channel bit locations carry framing and alarm data, and signaling information for the other 23
channels. Unfortunately, DMI-BOS and AT& T proprietary signaling are not compatible. DMI-BOS must
be used only for connections to host computers and other vendors' equipment that meets the DMI technical
specification for BOS.

For ISDN-PRI (or DMI-MOS) signaling, the 24th-channel carries a multibyte LAPD message for signaling.
Signaling messages are transmitted only when signaling is required for one of the other 23 channels. In
ISDN-PRI, signaling is done with messages that consist of a series of information elements (IEs). AnIEis
amessage written to the PRI D-channel with caller or call-control information.

On the System 85 and Generic 2 traditional modules, ANN11B and ANN11C support only AT&T
proprietary signaling. ANN11D and ANN11E support both AT&T proprietary signaling and DMI-BOS.
They default to DMI-BOS, but automatically switch to AT&T proprietary signaling whenever the distant
end supportsonly AT&T proprietary signaling.

On System 75, TN722 supports only AT&T proprietary signaling. However, the TN722B can be
administered to support either AT& T proprietary signaling or DMI-BOS.

For the Generic 1 and the Generic 2 universal module, TN767 is the designated DS1 board. The ports on
the boards can be administered for either DMI-BOS or ISDN-PRI (DMI-MOS) protocol.

The type of 24th-channel signaling that is appropriate for specific types of trunksis given below. (See the
section of this chapter for more details.)

Table 1-9. 24th-Channel Signaling Types vs Trunk Types and Destinations

0 0 0
OSignaling Types [J Trunk Types/Destinations 0
= = N
aAT&T Proprietary B Tielinesto other private switches g
O O O
[DMI-BOS O Alternating voice and data trunks to private switches [
1 [1 Il
HSDN PRI B ISDN-PRI trunks to private and public switches E
E(DMI—M 09) H E

Note that for System 85 R2V4 and Generic 1, each ISDN-PRI facility uses the 24th channel as the D
(signaling) channel. The Generic 2 switch introduces facility-associated signaling (FAS) (administered as
23B + 1D), and nonfacility-associated signaling (NFAS). With FAS, the D-channel and associated B-
channels are carried over the same facility; with NFAS, one D-channel can carry the signaling for up to 479
B-channels or 20 T1 trunks.
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MULTIPLEXING OUTSIDE THE SWITCH

As signals propagate away from the switch, they can be multiplexed onto increasingly higher-capacity
facilities. Asthe capacity of facilities increases, the transmission medium can also change — for example,
from metallic to fiber to microwave and back again.

To understand multiplexing outside the switch, it may be helpful to study the process in the following
stages.

Multiplexing onto T1 trunks

Compressing the signal

Altering channel assignments on T1 trunks

Getting the signal ready for the central office

Changing the transmission medium from metallic to fiber-optic

© g M w NP

Multiplexing with microwave

Each stage represents a multiplexing point, a transmission medium change point, or both. The sequencein
which the stages are shown approximates the order in which transformation or multiplexing can occur,
dthough this may vary among installations. (See figures[1-9 and for some possible multiplexing
configurations.)

Regardless of the type of multiplexing and transmission media you choose to implement, however, when
you route transmissions through the network, always remember to maintain compatibility between both
ends of the connection. The options chosen on the originating DS1 port must agree with those set on the
destination port. In turn, the options chosen on intermediate multiplexers must generally agree with the
options chosen for the DS1 ports. One exception to this rule is the set of framing conventions for
intermediate multiplexers. With framing, the framing convention used at the origin and destination must
agree, but the framing used at intermediate multiplexers may differ from these endpoints. For example, if
bit multiplexing is used at the beginning of connection, bit demultiplexing must be used at the end of the
connection. If you select D4 framing for a trunk, you must set the receiving end for D4 framing, athough
you may choose ESF framing for intermediate multiplexers (D4 to ESF to ESF to D4).

Multiplexing onto T1 Trunks

This stage in multiplexing occurs at the DS1 port on the System 75, System 85, and DEFINITY Generic 1
and Generic 2 communications systems. Depending upon how the DSL port is administered, framing over
the T1 trunk may be D4 or ESF; signaling may be robbed-bit or 24th-channel; and the line coding may be
ZCSor B8ZS.

Multiplexing onto T1 trunks occurs a a D4 channel bank for the DIMENSION or for analog trunks on a
digital switch. Through byte interleaving, the D4 channel bank can multiplex signals for up to 48 analog
trunks onto two T1 trunks. T1 trunks originating at D4 channel banks have D4 framing with robbed-bit
signaling and ZCS line coding. Therefore, unless office channel unit (OCU) data-port cards are available
on the D4 unit, T1 lines originating at D4 channel banks are used to carry voice or voice-grade data only.

OCU data-port cards allow you to access AT&T's DATAPHONE Digital Service (DDS) from a T1 trunk
originating a a D4 channel bank. With this capability, terminal devices, cluster controllers, and hosts
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Figure1-9. T1 Trunk Multiplexing

directly access the OCU port on the D4 channel bank by first passing the signal through a digital service
unit (DSU) that is set to communicate at 2.4, 4.8, 9.6, or 56 kbps. The signal passes from the terminal,
through the DSU, to the OCU data-port card on the D4 channel bank. The T1 channel that the OCU data-
port card creates is devoid of signaling so it can pass the digital data untouched. At the central office, the
channel is selected from T1 input for special handling and is directed to DDS where it is forwarded to its
destination. The destination terminal or host must also be equipped with aDSU.
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Compressing the Signal

Through a process called adaptive differential pulse-code modulation (ADPCM), voice transmissions can
be compressed so that they consume only half of their original bandwidth. This means that 24 T1 channels
can be compressed to 12 channels; and the contents of two T1 trunks can be condensed to one (seeffigurd
1-9)]

Devices that perform this compression function are called channel expansion multiplexers (CEMS).
Currently, the BCM-32000, the BCM-32000 Solitaire, and M44 service provide CEM capabilities. The
DATAPHONE || ACCUNETO 740/741 multiplexers can also compress transmissions. Compressed voice from
the 740/741 cannot be recovered (decompressed) by any other equipment. This is because compression
algorithms differ among the various types of equipment.

Compression can be used only for voice and low-speed voice-grade data; it cannot be used for digital data
transmission. In addition, with compression, D4 is the only compatible framing option.

Altering Channel Assignments on T1 Trunks

After various channels have been multiplexed onto a T1 trunk, channel assignment can be altered through
the use of either aDATAPHONE || ACCUNETO 740/741 multiplexer or a channel division multiplexer (CDM).
Both the 740/741 multiplexer and the CDM are used to merge transmissions from data sources, like
terminals and hosts, onto the available T1 channels. At the receiving end, the added channels may be
dropped from the trunk by a matching device or they may be routed through the switch.

Depending upon the contents of the input channels, 740/741 multiplexers automatically set byte or bit
interleaving on a per-channel basis. For example, the multiplexer will select bit interleaving for subrate
data (data slower than 56 kbps), byte interleaving for DS1 data, and bit interleaving for PCM voice.
Because it uses proprietary agorithms for its multiplexing scheme, if you multiplex with a 740/741, you
must demultiplex with the same device, with the options set identically.

Unlike 740/741 multiplexers, CDMs cannot be used for the transmission of subrate data. They use byte-
interleaved multiplexing only, and can send and receive only D4 frames. Facilities that can be merged onto
aT1trunk at a CDM include:

* 4-wireE&M trunks

¢ RS-232C lines (up to 19.2 kbps)
* RS-449 lines (up to 64 kbps)

¢ DDS data-port adaptors

¢ OCU dataports

Getting the Signal Ready for the Central Office

Customer service units (CSUs) are devices that enforce central office standards for line coding and framing
over a T1 trunk. If a T1 trunk is to be routed through a central office, a CSU must be inserted into the
transmission stream somewhere after origin of the T1 line, but before the trunk exits the premises.
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AT&T offers two types of CSUs. The ESF T1 CSU, AT&T’s most recent offering, can be set for D4 or
ESF framing, and ZCS or B8ZS line coding. Applications for the 550/551 CSU are much more limited
sinceit can be set for only D4 framing and ZCS line coding.

Note that the 740/741 multiplexers come with a built-in CSU, which can be used in lieu of either the ESF
T1 or the 550/551 CSU.

Changing the Transmission Medium from Metallic to Fiber-Optic

A fiber-optic link is faster and more reliable than metallic cable. In addition, because it is faster, it can
carry more channels. Two devices are available to change the transmission medium from metallic to fiber-
optic: the FT-1 and the DDM-1000.

The FT-1 is an adapter that takes a single DSL1 input and propagates it along a fiber-optic trunk. The FT-1
can interface with a DSL1 port, a D4 channel bank, or aCSU.

The DDM-1000 is a modem that can change the transmission medium among metallic, fiber-optic, and
microwave, depending upon how the unit is equipped. If a DDM-1000 is equipped for electrical signaling
at one end, and optical signaling at the other, it can propagate the signals of up to 56 T1 trunks along a
single fiber-optic trunk at 90 Mbps.

Multiplexing with Microwave
Often it is cheaper to send information from one site to another through microwave than it isto lay either a
fiber-optic or metallic cable. Below isalist of AT&T's four microwave multiplexing offerings, along with

their capacity in terms of T1 trunks:

Microwave System T1 Trunk Capacity

DR23N 4
DR18M 16
DR18W 28
DR23wW 28

Both the DR18W and the DR23W are used in conjunction with a DDM-1000 modem equipped with an
electrical interface for both input and output.

Microwave may be used for private-network communications or for communication with a central office.
A CSU in the transmission stream is required only when the networking includes a central office hop.

Demuiltiplexing

Depending on the application, you demultiplex a signa at the central office or at the destination site.
Demultiplexing occurs in a LIFO (last-in-first-out) sequence, where the last type of multiplexing to be
performed on atransmission stream is the first type of demultiplexing to occur on theline. (Seeffigure 1-9.)]
In addition, demultiplexing must be performed with egquipment set at the same options as those assumed for
the multiplexing.
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Note that the Digital Access and Cross-Connect System (DACS) takes input multiplexed up to the DS1
level. Therefore, communications multiplexed above this level must be demultiplexed before they can be
processed by the central office.

STATISTICAL MULTIPLEXING

Statistical multiplexers assign a high-speed (56- or 64-kbps) channel for utilization by several lower-speed
(subrate data) devices. Statistical multiplexers do not require signal modulation or switching. The most
common configuration places a multiplexer on one end (putting the inputs from multiple devices onto a
single line) connected by a direct line to a demultiplexer on the other (sending the channels from processing
at different devices or computer ports). (Seeffigure I-11.)] The signal can be switched through a System 75,
System 85, or DEFINITY communications system, however, if it is channeled over a dedicated switch or
permanent switch connection in the switch and it travels through an modular processor data module
(MPDM) upon entering and exiting the switch.
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Figure 1-11. Statistical Multiplexing

Currently, the 718 Stat Mux and the 719 Networker are recommended for use in statistical multiplexing
applications. The 719 Networker functions as network node, while the 718 is the DCE at the terminal or
host site. Both the 718 and 719 use byte interleaving.



TRUNKING

Trunks are the transmission medium through which voice and data signals travel from one switch to
another. Studying the variety of ways trunks can differ can help simplify your decisions when you
implement and administer a network. Trunks can vary according to:

+ Fplicafon

Connectivit

¢ |Administration options

Interface circult

APPLICATION

Trunks can be classified according to the type of switch with which they communicate:

Local exchange trunks carry transmissions between private communications systems, like the System
75, System 85, and DEFINITY systems, and the switch at a central office.

Tietrunks carry transmissions between private communications system switches.

Soecial-access trunks carry transmissions between private communications systems and the point-of-
presence (POP) of the interexchange carrier (IXC).

Auxiliary trunks link facilities on a single switch with each other.

Miscellaneous trunks perform functions that do not neatly fit with the above applications. Included
among miscellaneous trunks are release link trunks, remote access trunks, and host access trunks.

See|Administration Optiond later in this chapter for an explanation of the signaling used in each of these
trunk types. In addition, tables[1-10 through[1-13 specify the administration for all of these trunk types.

Local Exchange Trunks

Local exchange trunks connect the switch to a central office. Among local exchange trunks are the
following varieties.

Central office trunks — 1-way outgoing, 1-way incoming attendant-completing, or 2-way trunks
connecting the switch to a central office (CO).

Foreign exchange (FX) trunks — 1-way outgoing, 1-way incoming attendant-completing, or 2-way
trunks connecting the switch to a CO that is outside the local exchange area. These trunks give a caller
direct accessto a central office outside the local exchange area without using the public network.

Wide Area Telecommunications Service (WATS) trunks — 1-way outgoing trunks connecting the switch
to a CO equipped to handle WATS calls. The outgoing trunks allow a customer, for a monthly charge,
to place outgoing station-to-station calls to telephones in a defined service area. The service area has
one or more geographic areas known as WATS bands. Incoming trunk calls are completed by an

1-35
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attendant or ACD agents.

800-service trunks — 1-way incoming trunks connecting the switch to a CO equipped to handle 800
Service calls (also known as INWATS). These trunks alow a customer, for a monthly charge, to
receive incoming station-to-station calls from telephones in a defined service area without charge to the
caller.

Direct inward dialing (DID) trunks — 1-way incoming trunks connecting the switch to a local CO.
These trunks alow calls from the public network to complete to terminals (stations) assigned to a
private network switch without attendant assistance.

Direct outward dialing (DOD) trunks — 1-way outgoing trunks for outgoing calls connecting the
switch to a CO. These trunks allow terminal (station) users to place calls to a public network central
office directly (without attendant assistance).

Tie Trunks

Tie trunks carry communications between switches in a private network. The type of trunk you install
depends upon the type of network you intend to establish. Networks can be of the following types (see
chapters[2 through[B for more detailed information):

Tandem tie trunk (TTT) network — A network of switches linked by dial-repeating trunks. In this type
of network, calls are not automatically routed to the final destination. To call a distant switch, the user
steps the call through all the switches in the connection by repeatedly entering the dial access code
(DAC) of the trunk group to the next switch as soon as he or she receives dia tone from the newest
switch along the path. When all the switches in the connection have been traversed and a connection is
made with the destination switch, the user dials the extension number.

Main-satellite/tributary (MS/T) network — A network of switches in which one switch is designated as
the main, while subtending switches are satellites or tributaries. The main switch is fully functional;
each satellite uses the trunks and attendants at the main switch. Tributary switches differ from satellite
switches in that they have their own listed directory number and may have their own attendant and
public network facilities. MS/T users reach other users by dialing their extension numbers.

Electronic tandem network (ETN) — A network of switches in which one switch at each location is
designated as the tandem switch, through which all communications must travel to reach the tandem at
another location. Switches that communicate with the tandem at the same location are called main
switches. ETN switches reach other nodes in an ETN by sending a location code, followed by an
extension number and, sometimes, traveling class mark (TCM).

Distributed communications systems (DCS) — An information system that provides a messaging
overlay for ETN or main-satellite/tributary networks that are designed for DCS implementations. This
overlay provides communication among the network nodes so that the operation of a limited number of
featuresis transparent across the network.

The tie trunks between the switches in these networks can be placed into one or more of the following
categories:

Intermachine trunks (IMTs) — 1-way incoming, 1-way outgoing, and 2-way trunks that connect the
tandem switches of private communications systems with each other. Traveling class marks can be sent
only over IMTs.

Access trunks — 1-way outgoing and 2-way trunks that connect main switches to tandem switchesin an
ETN. They can aso connect satellite or tributary switches with a main switch. Typically, extension
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numbers (without their accompanying location code) are sent over access trunks to identify a call
destination.

* Bypass access trunks — 1-way outgoing trunks that connect a tandem switch to a main switch that is
"homed on" another tandem.

Special-Access Trunks

Interexchange carriers (IXCs) offer some services through special-access arrangements. These special-
access services are installed to bypass the local exchange company (LEC) and directly access the IXC
point-of -presence (POP). Special-access servicesinclude:

¢ AT&T MEGACOMI] — Permits outward calling to diverse geographical areas at reduced rates.

¢ AT&T MEGACOM 800 — Permits inward 800-number calling from diverse geographical areas. Dialed
number identification service (DNIS) is a MEGACOM 800 option wherein the IXC switch sends the
private switch the number of the destination extension. This allows MEGACOM callers to directly dial a
station number.

* AT&T ACCUNET services — Provide high-capacity terrestrial digital transmission services, such as
ACCUNET T1.5, ACCUNET Spectrum of Digital Services, ACCUNET Switched Digital Services, voice-
grade private lines. ACCUNET services can be used for data transmission, bulk data transmission, video
teleconferencing, and so forth.

e AT&T Software-Defined Network — Provide connections through the AT&T network so that
geographically dispersed user locations can function as though they were on the same private network.

Special-access services can be arranged with the I XC over dedicated trunks. In addition, switched services
(including all services except ACCUNET T1.5 and ACCUNET Spectrum of Digital Services) may share the
ISDN-PRI trunk that links the PBX with the IXC POP. Note that, at the switch end of the connection,
special-access trunks are administered identically to private network tie trunks. (See tables[I-10] through
1-13.)

Auxiliary Trunks

Auxiliary trunks connect units in the auxiliary cabinet with the switch. Among the features that are
implemented with this type of connection are recorded announcements, telephone dictation service,
malicious cal trace, and loudspeaker paging.

Miscellaneous Trunks

These trunks perform functions that do not negtly fit under the previous applications.

Release Link Trunks (RLTS)

RLTs are used between a main location and a satellite/tributary location to provide Centralized Attendant
Service or ACD group availability. Like tie trunks, RLTs connect communications systems. Unlike tie
trunks, which carry calls from their initiation to completion, RLTs provide only atemporary service for the
cal. Thatis, RLTs carry cals from their originating switches to the switch where the attendants or agents
arelocated. Upon receiving the call, the attendant or agent identifies the call destination, returns the cal to
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the switch of origin for routing and processing, and, then, disengagesthe RLT, readying it for another call.

Advanced Private Line Termination (APLT) Trunks

APLT trunks handle calls between private switches on customer premises and private switches on central
office premises. Services like Common Control Switching Arrangements (CCSA), Enhanced Private
Switched Communications Service (EPSCS), and AUTOVON (on the System 85 and Generic 2) are
provided via APLT trunks.

Remote Access Trunks

These trunks connect a PBX to a central office to provide off-premises PBX users with access to outgoing
PBX trunks. Remote access trunks offer this service by providing off-premises users with PBX dial tone
through the central office.

Host-Access Trunks

Although a switch’s line ports can access a host computer’ s ports, two types of trunks can also provide host
access:

¢ DMI trunks — Connect remote or local hosts to System 75, System 85, or Generic 1 or 2
communications systems. Signaling over these trunks is either, message-oriented (MOS) (for Generic 1
or 2 only) or bit-oriented (BOS). For more details, see the feature description manual for Generic 1
(555-200-201) and Generic 2 (555-104-301).

* Pseudo-trunks — DCP (TN754/SN270) or EIA (TN726/SN238) line ports on the System 85 and
Generic 2 communications systems that have been administered as trunks. On the switch, these lines
are trandated as trunk types 103 — 107. Trunk groups of this type are limited to a maximum of 99
ports. The number of trunk groups alowed varies with the release: the maximum number of trunk
groups on the System 85 R2V3 and earlier is 255; the System 85 R2V 4 and the Generic 2 permit up to
999 trunk groups. See the Generic 2 feature description manual, 555-104-301 (under Host Access), for
more details.

CONNECTIVITY

From the originating switch, access to the destination switch may be through various telephone company
switching arrangements.

Access can be arranged through the local exchange company (LEC) or the interexchange carrier.

* The LEC may arrange access to applications that it provides (like DID, WATS, and so forth). In
addition, through the LEC, you may arrange access to some of the interexchange carrier applications,
like Software-Defined Network (SDN).

* Through the interexchange carrier, you may arrange special access to the applications that they provide
(like MEGACOM and ACCUNET).

¢ Either the LEC or the interexchange carrier can lease you private lines to connect the switches in your
private network.
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Access can also be switched or nonswitched.

* With switched access, either the LEC or interexchange carrier provides access to their switching
complex for the special services for which you have contracted.

* With nonswitched access, either the LEC or the interexchange carrier provides you with a direct
connection to the specia services for which you have contracted.

ADMINISTRATION OPTIONS

For proper communication between switches, you must administer the trunk group through the System 75,
System 85, G1, or G2 administration procedures.

* For System 85 and G2, for each trunk group you specify the signaling type, signaling protocol, and the
trunk type through PROC 100 Word 1, PROC 101 Word 1, and PROC 103 Word 3.

* For System 75 and G1, for each trunk group you specify the group type, trunk type, and
communications (Comm) type through the Trunk Group screen.

* For digital trunks on all communications systems, you must specify the DS1 options. On System 85
and G2, you use PROCs 260 and 263 to set these options. On System 75 and G2, you use the DS1
Circuit Pack screen.

See tables[I-10to[L-13 for specific field entries.

System 85/G2 Administration

On the System 85 (R2V4) and G2 switches, you administer a trunk by specifying the signaling type,
signaling protocol, and trunk type with PROC 100 Words 1 and 3 and PROC 101 Word 1.

Signaling Types

Supervisory messages that request and return the status of a trunk call are sent via one of the following
signaling methods:

* E& M (ear & mouth) supervision — A symmetric signaling scheme used on public and private network
trunks in which DC voltage levels are sent over E & M leads. The E & M leads are separate from the
transmission path (T & R leads). E & M signals indicate on-off hook states of each end of the
connection path. E & M signaling is further divided into types (type | — V). DIMENSION systems use
only type | and System 75 and System 85 can use type | or V. Type | is signaling from the trunk
interface to the far-end over the M lead using nomina —48 volts for off-hook and local ground for on-
hook. Signaling from the far-end is over the E lead using far-end ground for off-hook and open for on-
hook. Type V is signaling in both directions by means of open for on-hook and ground for off-hook.
Type V alows you to connect two trunks with each other, back-to-back. Type | signaling is used when
some type of transmission equipment separates the trunks.

* GS (ground start) supervision — A supervisory signaling scheme used on public network trunks in
which the CO signals off-hook by applying ground to the tip and signals on-hook by opening the tip.
The PBX signals off-hooks on outgoing calls by grounding the ring and, subsequently, removing the
ground and maintaining continuity between the tip and ring after the CO grounds the tip. The PBX
signals off-hook on incoming calls by maintaining continuity between the tip and ring. The PBX
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signals on-hook on al calls by opening the path between the tip and the ring.

¢ LS(loop start) supervision — A supervisory signaling scheme used between a telephone and a PBX in
which the telephone completes the loop current path. Some PBXs provide loop start trunk
arrangements, but due to the difficulties with glare resolution, AT& T PBXs do not provide these trunks
as standard offerings.

* RB (reverse battery) supervision — A supervisory technique on 1-way trunks that uses open and closure
signals from the originating end and reversals of battery and ground from the terminating end (normally
used on DID trunks).

Signaling Protocols

Signaling protocols are conventions for alerting the far end of an incoming call. Signaling protocol is an
administrative option for trunks on System 75, System 85, G1, and G2. On System 85 and G2, you specify
the signaling protocol when you specify the signaling type with PROC 100. On System 75 and G1, you
enter the signaling protocol asthe trunk type at the Trunk Group screen.

Network trunks operate as automatic, immediate start, dial tone, wink start, delay-dial, or dial-repeating
according to the type of start-dial signa the switch sends out or expects to receive. The different signaling
protocols are:

¢ Automatic — The originating switch sends no digits or start-dial signal, expecting the terminating
switch to complete the call. The call is usualy completed by the attendant or other service such as
Centralized Attendant Service (CAS). (UsewithE & M, GS, or RB.)

* |mmediate start — The originating switch sends digits immediately after seizure (off-hook) without
waiting for a start-dial signal from the terminating switch. (UsewithE & M and RB.)

¢ Dial tone — The terminating switch sends precise dial tone to the originating switch, indicating that the
terminating switch is ready to receive digits. (UsewithE & M or GS.)

* Wink start — The terminating switch sends awink start (momentary off-hook) signal to the originating
switch, indicating that the terminating switch is ready to receive digits. (UsewithE & M.)

¢ Delay-dial — The terminating switch sends a delay-dial signal (an off-hook signal followed by an on-
hook signal) to the originating switch, indicating that the terminating switch is ready to receive digits.
(UsewithE & M.)

¢ Dial-repeating — The originating switch sends digits after waiting for a dial tone from the terminating
switch. The connection is said to be "cut through” because the connection with the destination switch is
established before the destination extension is dialed. This type of alerting is used in tandem tie trunk
networks. (UsewithE & M.)

Trunk Type

Trunk type is an administration option on System 85 and G2 switches. You set the trunk type through
PROC 100 Word 1.

On System 85/G2 switches, there are over 100 administrable trunk types (seefappendix C)] Each typeisa
numeric code that represents a designated combination of trunking application, and signaling types. Each
combination is represented by a different code.

Listed on the tables that follow are some trunk types that may warrant further explanation. They are as
follows:
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DMI — A DSL1 link that uses the digital multiplexed interface (DMI) asthe level 2 protocol on the bearer or
information channels.

AVD — When atrunk is administered as AVD, it can carry only voice and digital data. Without explicitly
administering the trunk as AV D, only voice and voice-grade dataare allowed. Thisis so if modem pooling
isrequired in the link, the analog/digital transformations will be both accurate and consistent.

System 75/G1 Administration

On System 75 and G1, you specify the trunk type, comm type, and group type at the Trunk Group screen.

Trunk Type

At the Trunk Group screen, in the trunk type field, you specify the type of signaling protocol the trunk will
use. (For an explanation of the signaling protocol see System 85/G2 Administration, above.) See the
DEFINITY Communications System, Generic 1.1 Implementation manual, 555-204-654, for further details.

Comm Type

In the comm type field, you can specify atrunk as voice, data, avd (for alternating voice and data), or rbavd
(for robbed bit avd). Some Software-Defined Network (SDN) implementations require trunks groups to be
administered as rbavd. See the DEFINITY Communications System, Generic 1.1 Implementation manual,
555-204-654, for further details. For further details on the comm type rbavd, seefappendix G)

Group Type

Y ou aso enter the group type at the Trunk Group screen. Group types can be "tie," "tandem," "ISDN PRI,"
and so forth. See the DEFINITY Communications System, Generic 1.1 Implementation manual, 555-204-654,
for further details.

DS1 Options

When you access either the LEC or the interexchange carrier through a digital trunk, the kind of route you
choose for access may be through restricted or unrestricted channels, or through multiplexing equipment
(like aD4 channel bank). The characteristics of the route will dictate:

* Linecoding (ZCSor B82S)
* Framing (D4 or ESF)
¢ Signaling (robbed-bit or 24th-channel)

See thelMultiplexed Communication|section of this chapter for an explanation of each of these options.

DS1 options are administered as follows:

* Line coding — On System 85 and G2, you can administer a DS1 port for either ZCS or B8ZS line
coding through PROC 260, field 9. On System 75 and G1, use the DSL1 Circuit Pack Screen to set these
options.
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* Framing — On System 85 and G2, you can administer a DS1 port for either D4 or ESF framing
through PROC 260 Word 1, field 6. On System 75 and G1, use the DS1 Circuit Pack Screen to set
these options.

¢ Jgnaling — On System 85 and G2, you can administer a DS1 port for signaling through PROC 260
Word 1, fields 8 and 14. On System 75 and G1, use the DS1 Circuit Pack Screen to set these options.

The DSL1 options appropriate for a given application are given in tables[1-10]through[1-13]

INTERFACE CIRCUIT

provides alist of the circuit boards used with particular trunking applications. The tables printed
on the remaining pages of this chapter tell you which circuit board to use given the trunking application,
connectivity, administration options you choose.

TRUNK TABLES

The tables shown on the next few pages tell you how to administer a trunk on the Generic 1 or Generic 2
communications system, given the trunk application and service options. The tables are organized so you
can find the information you need when you are administering your network. That is, analog and digital
trunks are described in separate tables, and, for digital trunks, there are separate tables for the following
DMI modes. The DMI modes that the tables cover are as follows:

* Mode0, 2*, 3— 64 kbps channel
* Mode 1 — 56 kbps channel
Note that administrative options given for Generic 1 trunk connections are the preferred options when the

trunk connects a Generic 1 to a Generic 2. The options will also work for trunks that link Generic 1s
together, but other options are possible.

*  Although mode-2 DMI transmits subrate data up to 19.2 kbps, mode-2 data is listed with modes 0 and 3 because mode-2 DMI
protocol accommodates the subrate transmission to a 64-kbps clear channel.
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Table 1-10. Generic 1 and Generic 2 Analog Trunks — Voice/Voice-Grade DataBCC
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Table 1-11. Generic 1 and Generic 2 Digital Trunks— Voice BCC
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Table 1-12. Generic 1 and Generic 2 Digital Trunks — 64 kbps User Rate — Modes 0,2,3 BCCs
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Table 1-13. Generic 1 and Generic 2 Digital Trunks — 56 kbps User Rate — Mode 1 BCC
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2. COMMUNICATION SYSTEM NETWORKING — AN OVERVIEW

A network is an interconnected group of communications systems that can exchange voice and data across
the transmission media that connect them. Arranging communications systems into networks involves
physically linking the systems (nodes) together with the appropriate hardware. In addition, it involves
installing and administering the networking software.

[Chapter 1] of this manual tells you about the hardware that you can use to physically link communications
systems with each other. This chapter provides an overview of the software that you must activate and
administer for network communication.
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TYPES OF NETWORKS

The type of network you install depends upon the geographical distribution of the network nodes, the
capabilities you need in each node, and the relative cost of each networking alternative. To satisfy these
variables, you can install any of the following network types.

¢ Tandemtietrunk (TTT) network — A network of switches linked by dial-repeating trunks. In thistype
of network, calls are not automatically routed to the final destination. To call a distant switch, the user
steps the call through all the switches in the connection by repeatedly entering the dial access code
(DAC) of the trunk group to the next switch as soon as he or she receives dia tone from the newest
switch along the path. When all the switchesin the connection have been traversed, and a connection is
made with the destination switch, the user dials the extension number.

SWITCH SWITCH 3 SWITCH EXTENSION SWITCH
1 DAC 2 3

* Main-satellite/tributary (MS/T) network — A network of switches in which one switch is designated as
the main, while subtending switches are satellites or tributaries. The main switch is fully functional;
each satellite uses the trunks and attendants at the main switch. Tributary switches differ from satellite
switches in that they have their own listed directory number and may have their own attendant and
public network facilities. MS/T users reach other users by dialing their extension numbers.

% ATTENDANT
MAIN |—— ETRUNKS

LINES

- M oo

LINES E — SATELLITE

¢ Electronic tandem network (ETN) — A network of switches in which one switch at each location is
designated as the tandem switch, through which all communications must travel to reach the tandem at
another location. Switches that communicate with the tandem at the same location are called main
switches. ETN switches reach other nodes in an ETN by sending a location code, followed by an
extension number and, sometimes, atraveling class mark (TCM).
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* Electronic tandem network/Software-Defined Network (ETN/SDN) hybrid network — A network in
which users served by the public network are integrated into a private ETN. When users are scattered
geographically, this may be a viable alternative to additional private network switches in dispersed
locations, or public network toll calls from remote locations.

e Distributed communications system (DCS) — An information system that provides a messaging
overlay for ETN or main-satellite/tributary networks that are designed for DCS implementations. This
overlay provides communication among the network nodes so that the operation of a limited number of
featuresis transparent across the network.

¢ Software-Defined Network (SDN) — SDN is a service provided by AT&T that allows users to build a
complete or partial private network through the AT& T public network facilities.

NETWORK EVOLUTION

Asacompany grows and its networking needs change, its private network may evolve from a main-satellite
network, to an ETN, and, finally, to an ETN/SDN hybrid arrangement. In addition, DCS may be installed
when it isimportant for users across several switches to appear to be on the same switch. This may happen
when there are communities of interest that span more than one location.
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The networking software has been packaged to accommodate this type of network evolution.
shows the types of software (and their PECs) that must be activated to enable particular types of networks.

Table 2-1. Networking Software

0 0 0
0 0 Software 0
0 O _ O
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For ETNSs, the ETN (Standard Network) or Private Network Access (PNA) packages need be activated only
on the tandem switches. (The ETN [Standard Network] or PNA packages can also be activated in main

switches; these are known as intelligent mains.)

SOFTWARE CAPABILITIES

System 75/Generic 1 and DIMENSION/System 85/Generic 2 software packages are equivalent in that they
enable the same type of networks; they are different in the they sometimes use different processes to
produce the same result. Below is an explanation of the networking software, along with System
75/Generic 1 and DIMENSION/System 85/Generic 2 software similarities and differences.

Basic Networking Software

The basic software for the DIMENSION, System 85, and Generic 2 communication systems contains three

capabilities around which networks are built;

¢ Automatic Route Selection (ARS). ARS is the feature that provides routing of public network calls.
The feature provides automatic selection from an ordered list of trunk groups and access to the first-
available trunk group in the list. The ordered list of trunk groups is called a routing pattern; the trunk
groups on the list are called preferences. Up to 254 routing patterns can be established on the System
75 or Generic 1 communications system; on the System 85 or Generic 2, 64 patterns can be made
available. Each ARS routing pattern has a first-choice preference and one or more alternate preferences
arranged in order of desirability (usually, cheapest to most expensive). For public network calls, ARS
provides capabilities similar to those provided by Automatic Alternate Routing (AAR) for private
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network calls. In addition, ARS provides toll-sensitive routing. (See[Network Call Processing|later in
this chapter for further details.)

* Trunk access through dial access codes. This is the capability that enables a private tandem tie trunk
network and aMS/T network on the DIMENSION, System 85, and Generic 2 communications systems.

¢ |nternal dial plan — Thisis a set of databases that allow the switch to recognize the extensions of its
own terminals and to cross-references dial access codes to trunks, feature access codes (for example, 9
for ARS, and 8 for Automatic Alternate Routing [AAR]) to features, and extension numbers to RNX
numbers. All callsare processed through the internal dial plan before they forwarded to ARS and AAR.

On the System 75 and Generic 1 communications systems, the basic package provides:
* Trunk access through dial access codes
* Theinternal dia plan

ARS, however, is provided as a separate offering (seeftable 2-1) ]

Main-Satellite/Tributary Software— The UDP and M ultipremises Packages

To integrate the System 75 or Generic 1 into a MS/T network, the UDP package is used. The
Multipremises package integrates a DIMENSION, System 85, Generic 2 communications system into aMS/T
network. Although the UDP and Multipremises packages perform the same function, some major
differences exist between the methods they use.

System 75 and Generic 1 UDP Package

The set of software capabilities that enable and System 75 or Generic 1 communication system to function
asanodein aMS/T network are provided through the UDP package. The UDP package uses a convention
for node and extension numbering. In addition, is uses AAR tables to route calls through the network.
AAR is afeature that routes private network calls through the selection of an outgoing trunk group from an
ordered list of trunk groups. Asin ARS, the ordered list is called a routing pattern; and the trunk group is
called apreference.

The UDP packages uses its extension numbering conventions and the AAR filesto route calls as follows:

* Location code — An RNX used to select a routing pattern. From the routing pattern, a preference is
selected. The preferenceisthe trunk group that functions as atie trunk to the destination switch.

* PBX code — The leading one, two, three, or four digits of the extension number. The code, in
conjunction with the RN X, identifies the destination switch.

¢ Prefix — Thefirst digit of an extension number in a5-digit dia plan.

To reach another terminal through the UDP package, the caller dials the destination extension nhumber. The
switch associates the extension number with an RNX and determines whether the RNX is local or remote.
If the RNX islocal, the cal istreated as anormal 4- or 5-digit call interna to the system. If the RNX isfor
a remote switch, the local switch selects the routing pattern and preference associated with the remote
RNX, sends the number of digits that the preference designates, and forwards the call to the destination
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switch for processing.

DIMENSION, System 85, and Generic 2 Multipremises Package

The set of software capabilities that enable a DIMENSION, System 85, or Generic 2 communications system
to function asanodein aMS/T network are provided through the Multipremises package.

The Multipremises package uses extension number steering to route a call through the network. With
extension number steering, the caler dials the destination extension number. The switch matches the
extension number to a dia access code. It sends calls to terminals on other switches over the trunk group
that the dial access code designates.

In addition to extension number steering, the DIMENSION, System 85, and Generic 2 Multipremises package
includes the Extended Trunk Access (ETA) feature. ETA is a capability used only in a satellite or tributary
switch. With ETA, instead of entering all network extensions and their switch locations on the satellite, the
administrator enters only satellite or tributary extensions there. Calls originating on the satellite to
extensions not on the satellite database are sent to the main for processing. For ETA to function properly,
the trunk group that connects the satellite or tributary switch to the main switch must be identified through
administration. In addition, the satellite flag must be set for ETA operation.

Electronic Tandem Network Software— The PNA and ETN (Standard Networ k) Packages

The Private Network Access (PNA) package enables a System 75 or Generic 1 communications system to
perform as a tandem in an electronic tandem network. Similarly, the ETN (Standard Network) package
allows a DIMENSION, System 85, or Generic 2 communications system to perform in the same capacity.

The capabilities offered by both the PNA and ETN (Standard Network) packages are provided through
Automatic Alternate Routing (AAR). AAR is a feature that ensures least-cost routing for private network
cals. (See|Network Call Processing|later in this chapter for more details.)

System 75 and Generic 1 PNA Package

For a System 75 or Generic 1 communications system to function as a tandem in an ETN, the PNA package
must be activated there. The PNA package provides the same features as the UDP package, plus it provides
access to AAR through feature-access-code dialing.

DIMENSION, System 85, and Generic 2 ETN (Standard Network) Package

The ETN (Standard Network) package is totally unrelated to the Multipremises software that is used to
enable a DIMENSION, System 85, or Generic 2 communications system as anode in aMS/T network. With
the ETN (Standard Network) package, to reach the destination termina the caller may dia either the
extension number (which points either to an RNX or to a node number), or the AAR feature access code
(usually an 8), followed by the RNX and the extension number.

When a System 85 or Generic 2 communications system is administered so that the caller may dia the
extension number only, either of two dialing conventions are in operation:
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¢ The Uniform Dial Plan function — With this function, the switch uses the extension number to find the
RNX. The RNX is used to route the call through AAR to its destination. The implementation of the
Uniform Dia Plan function here is identica to that used for the System 75 and Generic 1
communications systems when the UDP or PNA packageis activated.

e Extension number portability (ENP) — With this dialing convention, the switch uses the extension
number to find a node number. The node number is then used to route the call through AAR to its
destination. Extension number portability is implemented so that terminals can be attached to any of a
number of switchesin acluster and still retain the same extension numbers. The cluster of switchesis
called an ENP subnet. All switchesin an ENP subnet share the same RNX number and must be either a
System 85 (R2V3 or R2V4) or a Generic 2 communications system.

Distributed Communications System

The distributed communications system (DCS) is an information system that provides a messaging overlay
for ETN or main-satellite/tributary networks that are designed for DCS implementations. This overlay
provides communication among the network nodes so that the operation of a limited number of featuresis
transparent across the network.

Feature transparency is achieved by an information link over which the network nodes trade information
about a call. The DIMENSION, System 85, and DEFINITY Generic 2 communications systems use the data
communications interface unit (DCIU) to exchange this type of information between nodes. The System 75
and DEFINITY Generic 1 communications systems use the processor interface (Pl) — sometimes called the
switch communications interface (SCI) — for information interchange.

Note: DCSis not provided when either DAC dialing or AAR feature-access-code dialing (8-RNX-XXXX)
is used.

NETWORK CALL PROCESSING

At the heart of networking software across all communications systems is the internal dial plan, and the
Automatic Route Selection (ARS) and Automatic Alternate Routing (AAR) features. Each of these
performs an essential function in the establishment of a network.

¢ Theinternal dial plan recognizes the type of call being made)

* |AAR processes private network calls.|

¢ JARS process public network calls)
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On all switches, the internal dial plan comes with the basic software. On the DIMENSION, System 85, and
Generic 2 communications system, ARS is provided with the basic software; on the System 75 and Generic
1 communications system, ARS is a separate offering. AAR is provided through the Uniform Dial Plan*
(UDP) and Private Network Access (PNA) packages on the System 75 and Generic 1 communications
systems, and through the ETN (Standard Network) package on DIMENSION, System 85, and Generic 2
communication systems.

Internal Dial Plan

The internal dial plan is a set of databases that allow the switch to recognize the extensions of its own
terminals and to cross-reference dial access codes to trunks, feature access codes to features, and extension
numbers to RNX or node numbers. It is through the dia plan databases that the switch determines how to
route acall — directly to atrunk, to ARS, or to AAR.

Uniform Numbering

Uniform numbering is a networking feature that gives each station or termina a unique number (location
code) that can be dialed by any switch user in the network and is identical in format across all the stations
or terminalsin the network. For example, an ETN may usea 5-, 6-, or 7-digit uniform numbering plan, but
the numbering plan selected must be consistent throughout the network. For most networks, a 3-digit RNX
code is used; for smaller networks, a 2-digit RNX code may be used. (If a System 75 or Generic 1
communications system is atandem switch anywhere in the network, a 7-digit plan must be used.)

Routing the Call

How the internal dial plan routes a call depends upon the software that is enabled on the switch, how the
software has been administered, and the configuration of the dialed number.

[Figure 2-1] shows how the internal dial plan analyzes the following types of dialed numbers:

* Feature access codes — When the dialed number starts with a feature access code (like 9 for ARS, and
8 for AAR), the internal code plan passes the dialed number to either ARS or AAR, whichever is

appropriate.

Feature-access-code recognition comes with the ARS and AAR features. ARS is delivered with the
basic software on the DIMENSION, System 85, and Generic 2 communications systems; it is a separate
offering on the System 75 and Generic 1 systems. AAR comes with the ETN (Standard Network)
package on the System 85 and Generic 2 systems. On the System 75 and Generic 1, although AAR
comes with both the UDP and PNA packages, feature access code recognition is available only with
PNA.

¢ Extension number only — When the dialed number consists only of an extension, the internal dial plan
performs the following depending upon the dialing convention that it recognizes:

*  The UDP package accesses AAR, but AAR cannot be accessed via a feature access code without PNA.
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Figure 2-1. Internal Dia Plan Interactions

— Local station number dialing— When only an extension number is dialed, the internal dial plan first
attempts to match the extension number with a termina on the same switch. If no match is made
and if MS/T or ETN networking software is active, the interna dial plan submits the cal to the
networking software for further analysis. When no networking software is active, however, the
internal dia plan sendsthe call to intercept.

— Extension number steering — On a DIMENSION, System 85, or Generic 2 communications system, if
the Multipremises package is activated, the dial plan uses the extension number it receivesto find a
dial access code. The system sends the call over the trunk group that the access code designates.

— Extension number portability — If extension number portability has been administered on the
switch, the internal plan uses the extension number it receives to find the node number of the
destination switch. It sends both the extension and node number to AAR for processing.

Extension number portability is an option that can be administered when the ETN (Standard
Network) package has been activated on a System 85 (R2V3 and R2V4) or Generic 2
communications system.

— The Uniform Dia Plan (UDP) function — If the UDP function is available, the internal dial plan
uses the extension number it receives to find the RNX of the destination switch. (The System 75
and Generic 1 use the PBX code embedded in the extension number to find the RNX.) It sends both
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the extension and RNX number to AAR for processing.

The UDP function is available on the System 75 and Generic 1 communications systems when
either the UDP or PNA package is activated. On the DIMENSION, System 85, and Generic 2
communications systems, it becomes available only when the ETN (Standard Network) package is
active. (On the DIMENSION, System 85, and Generic 2 systems, the UDP function is called RNX
Seering.)

* DACs and extensions — Regardless of the networking software that is active, callers may dia the dial
access code (DAC) of an outgoing trunk group to access another switch in the network. When this
happens, the internal dial plan uses the DAC to find an outgoing trunk group. The system sends the call
to the next switch over the trunk group that the DAC designates.

Note that DAC diaing and AAR feature-access-code dialing are not compatible with DCS.

Auxiliary Call Information

Certain information can be associated with a call to help the switch determine how best to route it. This
information consists of four parameters: the conditional call routing count, the facility restriction level
(FRL), the partition of the originating call, and the bearer capability. These parameters influence how
AAR/ARSroutesacall:

¢ Conditional call routing count — Used to route AAR calls on the System 85 and Generic 2
communications system. It tracks the number of satellite hops (or other types of routes that might
influence a call’s quality adversely) that have been used to route a call thusfar. The number of satellite
hops is important because using satellite facilities too many times along a call’s route produces
unacceptable delays in voice calls and seriously degrades the transmission quality. If the satellite hop
count is equal to two or more, the switch chooses a high-quality, terrestrial facility to route the call.
Note that the conditional call routing count is used during pattern selection to determine the call
category for AAR calls on the System 85 and Generic 2.

¢ Facility restriction level (FRL) — Used to select a route for both AAR and ARS cdls on all
communications systems. Each terminal and trunk is assigned an FRL (0-7) to help the switch
determine how appropriate a particular facility isfor acall. For acall to be completed over a particular
facility, the FRL of the facility must be equal to or less than the FRL of the originating station or trunk.
Thisiswhy important users are given FRLs of 7, and facilities that everyone can use are given FRLS of
0.

Note that the FRL associated with the line’'s or trunk’s class of service is the default FRL for each call
originating there. The default FRL can be raised when the caller enters an authorization code, the call
has timed-out from a outgoing trunk’s queue (System 85 and Generic 2 only), the FRL associated with
atrunk cal (stored in the traveling class mark, see below) is higher than the trunk FRL, or the caller has
dialed a 4- or 5-digit extension number and the call must be routed to another switch in the private
network (System 85 and Generic 2 only).

¢ Partition number — This parameter is used to route ARS calls when tenant services software is active.
When communications system resources are shared among different companies, it becomes important
for callers to use only those facilities that are alocated to them. The partition number (System 85 and
Generic 2) or partition group number (System 75 and Generic 1) tells the system where the call
originated so it can use allocated facilities to route the call. Note that the partition number is used in the
System 85 and Generic 2 during pattern selection to determine the call category for ARS calls.
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* Bearer capabilities— Bearer capability (System 75 R1V3 and Generic 1 communication systems) and
bearer capability classes of service (System 85 R2V4 and Generic 2 communications system) are
assigned to indicate whether calls are analog or digital. Within the scheme of bearer capabilities, digital
calls are further classified by the DMI mode in which they are transmitted. Through a call’s bearer
capability, AAR and ARS know the types of routes that are most appropriate for the call and whether a
modem pool must be used for the call to travel over a selected facility. The switch’'s ability to match
these bearer capabilities with the appropriate facilities is incorporated into a function known as
generalized route selection. It is beyond the scope of this manual to explain all the ramifications of
generalized route selection. Refer to DEFINITY Communications System Generic 2 Administration
Procedures (555-104-506) and AT&T DEFINITY 75/85 Communications System Generic 1.1
I mplementation (555-204-654) for further details.

Communications systems use the above parameters to route a call as soon as the basic networking software
is enabled. They cannot, however, send any of this information with the destination extension to the next
switch in the network until AAR is enabled. When AAR is enabled, the originating switch sends the FRL
(al switches) and the conditional call routing count (System 85 and G2 only) on to the next switch when it
routes a call. Hence, these parameters are called traveling class marks (TCMs) because they "travel" along
with acal to its destination. The destination switch determines the partition number and bearer capability
of acall by identifying these parameters for the incoming trunk group.

Automatic Alternate Routing

Automatic Alternate Routing (AAR) is the feature that routes network calls when the Uniform Diaing Plan
package or Private Network Access package has been activated on System 75 and Generic 1
communications systems or the ETN (Standard Network) package has been activated on the DIMENSION,
System 85, or Generic 2 communications systems.

AAR provides dternate routing choices for private on-net cals, modifies digits so that these calls can be
routed over the public network, and matches a call’s characteristics with the available trunking facilities.
The call characteristics that it considers are the FRL (all systems), call category (System 85 and Generic 2
only), and the bearer capability (System 85 R2V4, System 75 R1V3, and Generic 1 and Generic 2 only)
associated with the call.
AAR routesacal by:

¢ Selecting arouting pattern for the call

* Selecting atrunk group for the call

* In some cases, modifying the telephone or extension number digits so that the call can be routed over

the public (or other) network facilities. Thisisknown as subnet trunking.

[Figure 2-2| shows what happens to an on-net call in the process of call routing.

Selecting a Routing Pattern

When callsarrivein AAR from the internal dia plan, they contain the following information:

* |n System 85 and Generic 2 communications systems that have been administered for extension humber
portability, AAR receives the node number of the destination switch and the destination extension
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Figure2-2. AAR Processing
number.

¢ |f the Uniform Dia Plan function is effective in the switch, AAR receives the RNX number of the
destination switch and the destination extension number.

For extension number portability calls, AAR then finds the RNX of the destination switch in a table that
cross-references the extension to the RNX. When the Uniform Dial Plan function is active on the System
85 or Generic 2, AAR finds the node number of the destination switch in atable that cross-references the
RNX to the node number. On the System 75 and Generic 1, the internal dia plan provides only the RNX
for further AAR processing.

At this point in call processing, AAR has either received or derived the following information on the
destination of each call:

* Extension
* Node (System 85 and Generic 2 only)
* RNX

On the System 85 and Generic 2 communications system, AAR uses the node number and conditional call
routing count, to find the routing pattern that is most appropriate for the call. It does this by finding the
node number in a table that cross-references the node number to a routing pattern. The pattern lists the
trunks groups (preferences) over which it is possible to send the call. On the System 75 and Generic 1
communications systems, only the RNX is used to find the routing pattern that is most appropriate for the
cal.
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Selecting a Trunk Group

Various criteria make one trunk group more appropriate than another for routing a call. Among these
criteria are cost, speed, transmission medium, and the bearer capability class of the call (which lets the
system match like digital formats). The system can determine whether a facility is a good match for the
cal by:

¢ Wherethe trunk group appearsin the list of preferences.

Patterns should be administered so that trunk group preferences are in order from most acceptable
(cheapest, fastest, etc.) facility to the least acceptable facility.

Note that on the System 85 and Generic 2 you can hame a facility more than once in a preference list.
To take advantage of this capability, one technique might be to enter expensive facilities early in alist
of preferences, but associate a high FRL with them so that important users will have a good chance of
accessing them. Later inthelist, enter the same facility, but with alower FRL.

¢ The FRL of the call.

When an available facility is found, AAR matches the FRL of the call with the FRL of the facility. If
the facility FRL islessthan or equal to the call’s FRL, the facility can be used for the call.

* The bearer capability class of service or bearer capability code of the call.

AAR performs generalized route selection by matching the call’s bearer capability (which indicates
whether it is analog/digital and gives the DMI mode) as closely as possible with the facility bearer
capability.

Modifying the Digits

AAR modifies the destination number it sends over the chosen facility in the following cases:

* When the chosen facility is a public network trunk. In this case, AAR can be used to replace the RNX
with the appropriate public network number.

* When the next switch in the call path is not the destination switch and it does not have networking
software running. In this case, AAR can be used to prefix the destination extension with the dial access
code (DAC) of the trunk group it wants the next switch to use to route the call.

* When the next switch is part of aMS/T network. In this case, AAR can be used to delete the RNX and
send only the extension number over the chosen facility.

* When the caller dials the home RNX and an extension number. In this case, AAR deletes the RNX and
returns the extension number to the internal dia plan for digit analysis.

Modifying digits in AAR is not done automatically. Digit modification is administered for each trunk
group preference. The administrator tells the system how many digits to delete and insert before sending the
call to its destination. On the System 85 and Generic 2, the system can delete up to 7 digits and insert up to
20 digits. A maximum of 24 digits can be sent. On the System 75 and Generic 1, the system can delete up
to 11 digitsand insert up to 25. A maximum of 40 digits can be sent.
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Automatic Route Selection

Automatic Route Selection (ARS) is the feature that handles outgoing public network calls that callers have
diaed using the ARS feature access code (usualy a9). ARS comes with basic DIMENSION, System 85, and
Generic 2 communications system software; on the System 75 and Generic 1 communications system, it is
aseparate offering.

For public network calls, ARS provides capabilities similar to those provided by AAR for private network
cals. That is, it provides aternate routing choices for public network calls, modifies call digits when the
call can be more cheaply routed over the private network, and matches a call’s characteristics with the
available trunking facilities. The call characteristics that it considers in choosing a facility for the call are
the FRL (al systems), call category (System 85 and Generic 2 only), and the bearer capability (System 85
R2V4, System 75 R1V3, and Generic 1 and Generic 2 only). In addition, it determines whether a call
should be routed over toll facilities.

Toroute acall, ARS first analyzes the dialed number. It then runs the call through processes that it hasin
common with AAR. That is, ARSroutesacall by:
¢ Analyzing the dialed number
* Selecting arouting pattern for the call
* Selecting atrunk group for the call
* In some cases, modifying the dialed number so the call can be routed over other common carrier or
private network facilities. This processin known as subnet trunking.

[Figure 2-3shows how ARS processes outgoing public network calls.

Analyzing the Dialed Number

When the internal dial plan recognizes a ARS access code (usually an initial 9), it passes control of the call
to ARS. ARS collects the call digits. The number ARS collects dways has a the public network
configuration — (PXX) (NPA) NXX-XXXX, where PXX are optional prefix digits that send the call for
specia assistance, or IXC (Generic 1 only) or international routing; the NPA is the optional area code;
NXX isthe exchange or office code; and XXXX is the extension or public network number. Each digit in
the dialed number has a range that helps ARS categorize the number according to local, international, or
IXC (Generic 1 only) or AT& T domestic long distance. The number ranges for the digits are as follows:

* N=29

e P=0or1l
e A=19
e X=09

ARS first job in digit analysis is to compare the dialed number to entries in the 10-to-7 digit conversion
table. All entries on this table are for numbers that are 7 to 18 digits long. This table can be used to
identify the following types of calls:

¢ Callsthat can be more cheaply routed over the private network. For these, ARS converts the 10 digits
that it receives to the 7-digit private-network RNX format and forwards the call to AAR for further
processing.
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Figure 2-3. ARS Processing
¢ Unauthorized calls. These ARS sends to intercept.

* |nternational exceptions. These ARS sends directly to pattern selection. This capability is especially
helpful in routing international calls that require special handling. It is available on the System 85
R2V 4 (Issue 2.0) and Generic 2.1 communications systems only.

During digit analysis, ARS analyzes the dialed number to determine the appropriate treatment for the call.
ARS processes the call as follows, depending upon the digitsit findsin the first part of the dialed number:

* 01Xinfirst 3 positions— ARS knows that it is an international call and compares the dialed number to
entries in the 10-to-7 conversion table. When it finds a matching entry, it processes the call as shown
above.
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* 0in position 1 — ARS knows that these are IXC (Generic 1 only) or telephone company operator-
assisted calls and sends them on to pattern selection. During pattern selection, a pattern that forwards
the calls to the central office or IXC operator will be chosen.

* 1in position 1 — Depending on how ARS is administered, ARS recognizes these as either of the
following types of calls:

— Tall callsrequiring no special action — In this case, ARS notes the toll condition and discards the 1
before processing the call further.

— Tall calls requiring special action — In this case, ARS expects to collect a 10-digit number.
However, ARS finds the office code in the number by digit position, rather than the digit pattern,
since the office code may look like an NPA. In areas that have office codes with a O or 1 as the
middle digit, the System 85 or Generic 2 must be set for this type of processing.

* Qor 1inposition 2— ARS knows that these are long distance calls. It looks in the foreign NPA table
to determine the pattern that is appropriate for the call.

* 2-9in position 2 — ARS knows that these are local calls. It looks in the home NPA table to determine
the pattern that is appropriate for the call.

Selecting the Routing Pattern

For local and AT&T long distance cals, ARS selects a pattern for the call by finding a matching NPA
and/or NXX in the home and foreign NPA tables. The patterns for central office operator-assisted, IXC
(Generic 1 only), and international calls are found in a table that cross-references the configuration of the
dialed number with the pattern.

Selecting a Trunk Group

In selecting atrunk group, ARS and AAR activities are very similar. Both look for the first available trunk
group that satisfies the call FRL, call category, and bearer capability. In addition, ARS considers the
following when it chooses atrunk group preference for acall:

* Whether the call istoll-free.

* Thetime-of-day and day of the week.
Some facilities may be cheaper during certain hours and on certain days. To accommodate this daily
fluctuation, ARS blocks patterns to into groups, caled plans. Depending upon the communication
system, up to 3 ARS plans can be designed on the DIMENSION, System 85, and Generic 2; up to 8 plans
are available on the Generic 1 communications systems; and the System 75 does not provide for

grouping patterns into plans for time-of-day routing. When time-of-day routing is available, the planin
effect can be changed up to 6 times a day to take advantage of the long distance rates.

Modifying the Digits

ARS modifies the destination nhumber it sends over the chosen facility in the following cases:

* When the chosen facility is a private network trunk and the called number is a private network
extension. In thiscase, ARS subnet trunking can be used to replace the (NPA) NXX with an RNX.
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* When an IXC facility is chosen and the caller didled an AT& T number. In this case, ARS can be used
to insert an IXC prefix.

* When an AT&T facility is chosen and the caller dialed an IXC number. In this case, ARS can be used
to delete the IXC prefix. (Generic 1 only.)

* When the call is being routed through other private switches that do not have networking software. In
this case, ARS can be used to prefix the called number with the dial access code (DAC) of the trunk
group it wants the next switch to use to route the call.

* When the call istoll call and the chosen facility expects a prefix of 1. In this case, ARS can be used to
insert a prefix of 1.

Modifying the digitsin ARS is not done automatically. Digit modification is administered for each routing
pattern preference. The administration tells the system how many digits to delete and insert before sending
the call to its destination.

NETWORK ADMINISTRATION

It is important to know which terminals and systems you can use to administer the network, given the type
and version of communications system you are administering. [Table 2-4]tells you which administration
terminals and systems are compatible with given communications systems. Note that, even though a
terminal or system can administer a given communications system, all the network administration
procedures and screens may not be available through it. Refer to the terminal or system documentation to
determine which administrative tasks it can perform. (See|appendix A, Related Documents|for the names
and numbers of this documentation.)

In addition to using these systems and terminals for network administration, you may opt to contract for
network administration through the QualNet Enhanced Support Program centers or through
ACCUMASTERLD Management Services.

PRIVATE NETWORK TRUNKS

To determine the types of trunks you can use to connect your private network, refer to the[Trunking section
in[chapter T]of this manual. There you will also find recommendations for the administration for each trunk

type.

NETWORKING FEATURE PARAMETERS

The following table lists several parameters associated with certain network features of the AT&T private
switching systems.
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Table 2-2. Network Administration Terminals and Systems
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* The full names of the terminals and systems are: SMT=System Management Terminal; MAAP=Maintenance and Administrative
Panel; VMAAP=Visual Maintenance and Administrative Panel; AP16=Applications Processor 16; CSM=Centralized System
Management; SAT=System Access Terminal; INADS=Initiaization and Administration System
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Table 2-3. Networking Feature Parameters
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* The number of patterns are shared between AAR and ARS.
T Maximum number of trunks per system (al types).

¥ Total number of trunk groups (all types).
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3. TANDEM TIE TRUNK NETWORKS

A tandem tie trunk (TTT) network is an network of DIMENSION, System 85, and/or Generic 2 switches
linked by dial-repeating trunks. In this type of network, calls are not automatically routed to the final
destination. To call a distant switch, the user steps the call through all the switches in the connection by
repeatedly entering the dial access code (DAC) of the trunk group to the next switch as soon as he or she
receives dia tone from the newest switch along the path. When al the switches in the connection have
been traversed, and a connection is made with the destination switch, the user dials the extension number.

SWITCH SWITCH 3 SWITCH EXTENSION SWITCH
1 DAC 2 3

INTERACTIONSWITH OTHER NETWORKS

Switches that are nodes in tandem tie trunk networks can simultaneously be nodes in main
satellite/tributary (MS/T) networks or electronic tandem networks (ETNs). This is because no specid
networking software is required to enable a switch as a node in atandem tie trunk network. Userson MS/T
or ETN nodes can aways bypass network software processing by dialing a DAC without prefixing it with
an ARS or AAR feature access code.

In addition, through the subnet trunking feature, switches that are nodesin ETN networks can tandem a call
through a tandem tie trunk network node. Through the ETN (Standard Network) package on the System 85
or Generic 2 and the Private Network Access package on the System 75 or Generic 1 communications
systems, the ETN switch can modify the dialed humber and send a DAC and an extension number to the
tandem tie trunk network node. The tandem tie trunk network node will associate an outgoing trunk group
with the DAC and relay the extension number over the chosen trunk.
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4. MAIN-SATELLITE/TRIBUTARY (MST) NETWORKSTHROUGH THE UDP
OR MULTIPREMISES PACKAGES

Main-satellite/tributary (MS/T) networks are arrangements of switches in which one switch is designated as
the main, while subtending switches are satellites or tributaries. The main switch is fully functiona; each
satellite uses the trunks and attendants at the main switch. Tributary switches differ from satellite switches
in that they have their own listed directory number (LDN) and may have their own attendant and public
network facilities. MS/T users reach other users by dialing their extension numbers. and public network
facilities.

% ATTENDANT
MAIN —— ETRUNKS

LINES

LINES —SATELLITE]

) oo - oo

Figure4-1. Standalone MS/T Network

MS/T configurations are appropriate when:
* A singlelocation cannot be served by a single switch due to traffic throughput considerations.

* |t isadvantageous for users on different switches to use the same RNX and be able to reach each other
by dialing only extension numbers.

* |t ismore economical to centralize trunks and attendants than to disperse than across all switches.

* The switch site suggests that multiple switches be used because of either the organizational structure of
the company, or the physical layout of the premises. (For example, the site may consist of several large
buildings with limited cabling facilities between them.)

Note that main switches can function as the focal point of aMS/T complex of switches, as well as serve as
the access point to tandem switches in electronic tandem network arrangements.
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MST CONFIGURATIONS

There are two types of MS/T configurations. main-satellite and main-tributary.

Main-Satellite Configuration

For a main-satellite configuration (see [figure 4-1) | attendant positions and public network trunks are
typically concentrated at the main switch. Unattended locations are referred to as satellites.

Station/terminal users at the main and satellite may dial each other without the intervening dia tone that
accompanies tandem tie trunk network diaing (see[chapter 3).] To a caller, the main and the satellite
switches appear to be asingle switch with one LDN. That is:

¢ All incoming callsto a satellite are switched through the main over tie trunks.
¢ Qutgoing calls from the satellite location use the same tie trunks to access trunks and other facilities at
themain.

This configuration uses 3-, 4-, or 5-digit dialing between the main and satellite switches.

Main-satellite configurations offer the following features:
e AsingleLDN
¢ Shared dialing plans between main and satellite stationg/terminals

¢ Public network calling (Direct Inward Dialing [DID]) to satellite stationgterminals through the main
switch

* Private network calling (Network Inward Dialing [NID]) to the satellite stations/terminals through the
main switch.
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ETN NETWORK
CENTRAL | LDN TRIBUTARY
OFFICE EXTENSIONS
(721-XXXX) 3600-3699 NETWORK INWARD
DIALING (NID)
RNX (542-XXXX)
TIE
TRUNK
LDN/DID MAIN PBX
CENTRAL (725-XXXX) EXTENSIONS
OFFICE 2800-2899 REMOTE ACCESS
3200-3299
TIE —
TRUNK
SATELLITE
PBX (A)
EXTENSIONS
3300-3399 SATELLITE
3500-3599 PBX (B)
EXTENSIONS
3400-3499

Main-Tributary Configuration

Figure4-2. MS/T Coordinated Numbering

A main-tributary configuration is one in which the subtending location is the tributary. This configuration
isvery similar to a main-satellite configuration with the following exceptions:

1. Themain hasits own LDN and the tributary usually hasits own LDN. (Seelfigure 4-2.)|

2. A tributary can have one or more attendant positions.

3. A tributary usually has public network trunks.
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MS/T FEATURES

MSIT configurations are implemented differently on different communications systems:

The System 75 and Generic 1 communications systems use the Uniform Dia Plan (UDP) package to
function as nodesin MS/T networks.

DIMENSION[], System 85, and Generic 2 communications systems use the Multipremises package.

DIMENSIONL], System 85, and Generic 2 communications systems use the ETN (Standard Network)
package to function as intelligent mains; System 75 and Generic 1 communication systems use the
Private Network Access (PNA) package to function asintelligent mains.

Depending upon the communications system, and how it has been administered, one or more of the
following features makes it possible for a switch to perform as anodein aMS/T network (seefchapter 2|for
an explanation of how MS/T software packages differ):

On

Interswitch coordinated station numbering that allows each station in the MS/T complex to be assigned
a unique extension; and lets each switch in the complex have a unique block of extension numbers.
(See Coordinated station numbering underlies MS/T capabilities on al types of
communications systems.

An internal dial plan that maps extensions to the dial access codes (DACs) of the tie trunks connecting
the switches or to RNXs. The ability to match extensions with RNXs is used on the System 75, Generic
1, and intelligent mains. The ability to match extensions with DACs is the basis of extension number
steering on the DIMENSION, System 85, and Generic 2 communications systems.

Embedded trunk dial access codes that allow the extension number to tell the switch which tie trunk to
use for call completion. Through the internal dial plan, the first digits of the extension number may
either be equated to atrunk DAC or point to atrunk DAC. Upon recognizing the DAC, the system can
delete the prefixing digits from the extension and send the remaining digits to the destination switch. At
the destination switch, the original extension number is reconstructed. This capability is the basis of
single- and multi-digit steering on all communications systems. Single- and multi-digit steering finds its
primary use, however, on the the DIMENSION, System 85, and Generic 2 communications systems.

AAR functionality that allows administrators to use routing patterns and trunk group preferences for call
routing. Automatic Alternate Routing (AAR) functionality is provided with the UDP, ETN (Standard
Network), and PNA packages.

Extended Trunk Access (ETA) is a capability used only in a satellite or tributary switch. Through ETA,
calls originating on the satellite or tributary are automatically transferred to the main for processing
when they are dialed with access codes or extension numbers not administered at the satellite/tributary.

each type of communications system, these features interact to route incoming and outgoing calls and to

transfer calls. Figuresf-3 through[4-§ show the dialing patterns associated with these features and with the
networking software that activates them.
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SIT:
DIMENSION, SY STEM 85, GENERIC 2

S/IT NETWORKING PACKAGE:
MULTIPREMISESWITH ETA

MAIN
= ST
DIAL:—
« EXTENSION

N

SIT:
DIMENSION, SY STEM 85, GENERIC 2

ST NETWORKING PACKAGE:
MULTIPREMISES WITHOUT ETA

MAIN

IF MAIN EXTENSIONS NOT INPUT
ON ST, DIAL:

1) DACTO MAIN

2) EXTENSION

IF MAIN EXTENSION INPUT ON
S/IT OR DAC IN EXTENSION, DIAL:
* EXTENSION

ST:
SYSTEM 75, GENERIC 1

SIT NETWORKING PACKAGE:
UDP

MAIN
= ST
‘
DIAL: ™
« EXTENSION

B

Figure 4-3. Dialing Patterns From Tributary or Satellite to Main

MAIN:
DIMENSION, SYSTEM 85, GENERIC 2

MAIN NETWORKING PACKAGE:
MULTIPREMISES

MAIN

IF ST EXTENSION NOT INPUT
ON MAIN, DIAL:

1) DACTO ST

2) EXTENSION

IF ST EXTENSION INPUT ON MAIN
OR DAC IN EXTENSION, DIAL:
* EXTENSION

ST

B

MAIN:
ALL SWITCHES

MAIN NETWORKING PACKAGE:
ETN, PNA

T INTEL-
AN
DIAL:—

* EXTENSION

ST

]

MAIN:
SYSTEM 75 OR GENERIC 1

UDP

DIA MAIN

* EXTENSION

ST

i

MAIN NETWORKING PACKAGE:

Figure 4-4. Diding Patterns From Main to Satellite or Tributary
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MAIN:
DIMENSION, SYSTEM 85, GENERIC 2

MAIN NETWORKING PACKAGE:
MULTIPREMISES
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=
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Figure 4-5. Dialing Patterns From Main to Tandem
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DIMENSION, SYSTEM 85, GENERIC 2

S/IT NETWORKING PACKAGE:
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MAIN MAIN
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1) DAC TO MAIN FROM MAIN DIAL:
2) DAC TO TANDEM TO TANDEM 1) DAC TO MAIN
J 3) RNX-XXXX K 2) RNX-XXXX L 2) RNX-XXXX

Figure 4-6. Diaing Patterns From Satellite or Tributary to Tandem
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Routing Incoming Calls

Except for a configuration that incorporates a bypass access trunk between an ETN node and a tributary, all
cals into the MS/T complex come through the main. Calls arrive at the main from both the public and
private network.

¢ Public network calls arrive with the extension number.

* Private network calls are filtered through the tandem switch. If the tandem passes the call to an
intelligent main (that has either the PNA or the ETN [Standard Network] package), it sends the RNX
and the destination extension to identify the call. Otherwise, it deletes the RNX before passing the call
to the main for routing.

The main switch determines where to route the call and, for calls to other switches, sends only the
destination extension (with or without an embedded trunk DAC) to the next switch.

Routing Outgoing Calls

Public or private network calls originating at the satellite, tributary, or main reach their destination in one of
following ways:

From the MS/T complex to the tandem or main:

* The cdler dias the DAC of the tie trunk to the main switch (and tandem switch, if appropriate)
followed by a public network NPA-NXX-XXXX or a private network (RNX)-XXXX. This routing
capabhility is available on al communications systems, although its primary use is on DIMENSIONS,
System 85s, and Generic 2 communications systems that are using the Multipremises package. (See

figures[4-3(B) J4-5(G) ] and[4-6.)]

* The caler dials an extension number that has embedded in it the DAC of the tie trunk to the next
switch. This routing capability is known as single- and multi-digit steering. It isisavailable on the all
communications systems, although its primary use is on DIMENSIONS, System 85s, and Generic 2
communications systems that are using the Multipremises package. (Seeffigure 4-3(B).)|

* The cdler dids the destination extension and the AAR databases direct the call appropriately. This
capability is available on System 75 and Generic 1 communications systems with UDP. (See figures

[A=3(C)land[@-501Y,)]

* Thecaller dias the AAR access code (usually an 8) followed by the RNX and the extension. The AAR
databases route the call appropriately. This capability is available on intelligent mains only. (Seeffigurd
4-5(H).)

e A cdler at a satellite or tributary dials the destination extension and the internal dial plan does not
contain the dialed number. Therefore, the satellite or tributary assumes the call should terminate at the
main and sends the call over the tie trunk to the main. This feature is called extended trunk access
(ETA) and is available only on the DIMENSION, System 85, and Generic 2. (See figure[4-3(A)] and[4]
6(K).)
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From the main to the satellite or tributary:

* The caler dials the destination extension and the AAR databases route the call appropriately. This
capability is available with the UDP, PNA, and ETN (Standard Network) packages. (See figuresfd-4(E)]
and((F).)

* The caler dials the DAC plus the extension number and the system finds the trunk associated with the
DAC and passes the extension number to the next switch over the trunk group that the DAC designates.
The capability is available on al communications systems, although its primary use is on the
DIMENSION, System 85, and Generic 2 communications systems using the Multipremises package. (See

figure 4-4(D).)

* The caler dials an extension number that has embedded in it the DAC of the tie trunk to the next
switch. This routing capability is available on al communications systems, although its primary use is
0On DIMENSIONS, System 85s, and Generic 2 communications systems using the Multipremises package.

(Seeffigure 4-4(D).)

Study figures[4-3]through[4-6]for the dialing alternatives given the type of communications system and the
networking software available.

Other Routing Capabilities

In addition to handling incoming and outgoing calls, MS/T complexes handle interswitch attendant service,
and interswitch call transfer.

Inter-PBX attendant service is a System 75 and Generic 1 feature that allows calls to be routed to a remote
attendant over atietrunk. If the attendant extends a call to an unattended switch, the tie trunk on which the
call arrived and an additional tie trunk, connecting the attended with the unattended switch, are tied up for
the duration of the call.

Interswitch call transfers alow voice terminal users to transfer acall to atermina on the same switch or on
any other switch in the MS/T complex. However, the number of digits dialed must consistent with the
uniform dialing plan for the network.

ENGINEERING CONSIDERATIONS

The DEFINITY Communi cations System and System 75 and System 85, Traffic Theory manual (555-104-504)
will help you determine the number of tie trunks you need in your MS/T configuration. Note, however, that
if heavy traffic occurs between a satellite or tributary switch and any ETN tandem switch, a bypass access
trunk between the switches may be the most economical aternative. In addition, the bypass access trunk
may be needed to off-load traffic from already overloaded intervening main or tandem switches.

Below isalist of attributes of the MS/T trunk. Having atrunk conform to itemson thelist is just one of the
considerations in implementing aMS/T network.

* No second dial tone returned at the receiving end upon seizure.

* Wink, immediate, or delay dia start.
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* Senderized operation.
¢ Can automatically delete digit(s) at the sending end and add digit(s) at the receiving end.
¢ Can be either touch-tone or rotary operation.

* Can do extended trunk access from satellite/tributary to main only (not provided in System 75 or
Generic 1).

* On the DIMENSION, System 85, and Generic 2 communications systems, automatic insertion of 2-dB
pads at each end to maintain loss contrast on station-to-station calls.

¢ Cannot be used in an ISDN-PRI arrangement.

When 3-digit dialing plans are used, the main and satellite/tributary switches must all be set up for 3-digit
station-to-station dialing.

See the [Trunking] section of for more details on the ingtallation and administration of MS/T
trunks.

On the System 75 and Generic 1, any type of tie trunk group can be used to interconnect switches. Subnet
trunking must be used to modify the address if something other than a 7-digit ETN address is expected by
the far end.

INTERACTIONS

With single-digit steering, the first digit of the extension number is the DAC associated with a trunk group
connecting the main and satellite location. With multi-digit steering, the number of digits that can be used
for the trunk DAC islimited only by number of digits the extension number.

The LDNs at the main switch should not begin with the DAC of atie trunk. Also, the LDNs should not
begin with a feature or dial access code. It is permissible, however, to use the attendant dial access code as
the leading digit(s) of an LDN. LDNSs should begin with the leading digit(s) of the local extension
numbering plan.

The Centralized Attendant Service (CAS) feature was not designed to work with the MS/T configuration.

Other MS/T limitations are:

¢ Single-digit steering cannot be implemented between two systems if abbreviated dialing is used
between these systems.

* Call coverage cannot redirect a call over atrunk. Therefore, aterminal user at a remote system cannot
act asacoverage user.

* |f single- or multi-digit steering is used, overlapped digit sending cannot be used since single- and
multi-digit steering require that the DAC embedded in the extension be collected before the destination
is determined.

¢ Extension numbers using multi-digit steering cannot be the controlling extension of a uniform call
distribution or direct department calling group.

* PRI trunks cannot be used astie or access trunksin an MS/T complex.
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Distributed communication system (DCS) software can coexist with MS/T software. Therefore, it is
possible for MS/T network switches to be nodesin a DCS cluster.



5. ELECTRONIC TANDEM NETWORK (ETN) THROUGH THE ETN AND
PNA PACKAGES

An ETN is a wide-area private network that tandems calls through one or more switches to reach their
destinations. In an ETN, the tandem switches are tied together with tie trunks and other equipment needed
to transmit voice and data. A tandem switch can be a DIMENSION 600/2000 (FP8 or FP11), System 75,
System 85, or Generic 1 or 2 communications system.

An ETN provides station/termina users, regardless of calling location, the ability to place calls using
uniform numbering. An ETN also provides least-cost routing and overflow routing capability for private
network (‘‘on-net’’) and public network (‘‘off-net’’) calls using the switch software. A call may tandem
through several intermediate private switches before reaching the destination or the call may be routed to
the public network for completion. [Figure 5-1] shows atypical ETN configuration.

A tandem switch that functions as anodein an ETN network must have the following capabilities:

¢ Uniform numbering gives each station/terminal a unique number that is identical in format to the
numbers of all other stations/terminals on the network.

* Automatic aternate routing (AAR) provides alternate routing of on-net calls when primary routes are
busy.
* AAR feature-access-code recognition.

These capabilities are provided through ETN (Standard Network) package on the DIMENSION, System 85,
and Generic 2 communications system. On the System 75 and Generic 1 communications system, they are
offered through the Private Network Access package.

ETN CONFIGURATIONS

An ETN consists of:
¢ Tandem switches that accept and/or pass on call traffic
* Intermachine (intertandem) tie trunks and transmission facilities that connect the tandem switches
¢ Access or bypass accesstie trunks from atandem switch to a main switch.
(See the[Trunking] section of [chapter 1|for the administrative details on these trunk types.)
An ETN can be configured hierarchically or symmetrically. In hierarchical networks, each tandem switch

is assigned a hierarchical level. The higher a switch’'s level is, the greater is the probability that it will
handle higher traffic volumes. In symmetrical networks, all tandem switches are at the same level.

Whether a network is hierarchical or symmetrical is determined during the network design. In addition,
symmetrical networks require special administration to prevent circular routing and can only be
implemented through DIMENSION, System 85, and Generic 2 communications systems.
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The characteristics of ahierarchical network (seeffigure 5-1)|are:
* Each tandem switch has an assigned level (upper and lower).
¢ Each lower level switch connectsto an upper level switch.
¢ Upper level switches are interconnected.
¢ A routing plan that prevents circular call routing.
The characteristics of asymmetrical network are;
¢ Tandem switches are of an equal level.
¢ All routes (trunk groups) are high usage.
¢ Circular call routing is prevented by limited tandem-to-tandem routing to the first several routes.

In[figure 5-1] the hierarchical ranking of switches is shown. The ranking allows an orderly routing of on-
net access calls. The switching portion of the network is represented in[figure 5- by the upper-level and
lower-level tandem switches connected by intermachine tie trunks. The tandem switches can accept
voice/data calls from any connected point and pass the calls to another connected point. The upper-level
switches handle heavy call volumes and the lower-level switches handle lighter volumes. Lower-level
switches can be administered to overflow to upper-level switches.

ETN TRUNKS

The trunks that connect the switches within the private network are named according to function. That is,
names like intermachine (intertandem), access, bypass access, and off-net denote functional (type of
routing) rather than hardware differences. (See the section of and administrative
details.) As its name implies, an intermachine tie trunk interconnects two tandem switches. It can be 1-
way incoming, 1-way outgoing, or 2-way. Intermachine tie trunks are further classified as primary high-
usage, intermediate high-usage, or final, depending on how blocked calls overflow from one trunk group to
another. How calls overflow is administered by designating routing patterns and trunk group preferencesin
AAR.

The routing characteristics for intermachine tie trunks are as follows:

* Primary high-usage (PHU) intermachine tie trunks — These trunks serve first-choice traffic only. That
is, they do not receive any overflow traffic, but calls that they cannot handle may overflow to
intermediate or final trunk groups.

* Intermediate high-usage (IHU) intermachine tie trunks — These trunks serve first-choice traffic and
receive overflow traffic from primary high-usage trunk groups. They direct any overflow traffic to fina
trunk groups.

¢ Final intermachine tie trunks — These trunks accept first-choice traffic and a so receive overflow traffic
from primary and intermediate high-usage trunk groups. They do not redirect calls that they cannot
handle to any other trunk group. Depending on how the trunk is administered, when a call is blocked,
the caller receives busy or intercept tone or the call is placed in queue.

Refer toffigure 5-2|for the types of overflow routing.
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Figure5-1. Typical 2-Level Hierarchical Electronic Tandem Network (ETN) Configuration



5-4 ELECTRONIC TANDEM NETWORK (ETN) THROUGH THE ETN AND PNA PACKAGES

Access and Bypass Access Tie Trunks

An access tie trunk is a 1-way outgoing or 2-way trunk connecting a main to a tandem switch. A bypass
access tie trunk is a 1-way outgoing trunk connecting a tandem switch to a main, satellite, or tributary that
is homed on another tandem switch. (Refer to Bypass access tie trunks are used when:

* A main switch receives a high volume of calls from a distant tandem switch, and/or

* |t ismore economical to route the calls over a separate bypass access tie trunk than through the tandem
switch to which the main is homed.
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DIMENSION 2000 SYSTEM 85
OVERFLOW

T

INTERMEDIATE

HIGH
FINAL FINAL

USAGE

Pt A

OVERFLOW PRIMARY HIGH USAGE

OVERFLOW
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SYSTEM 85 DIMENSION 2000

Figure5-2. An Example of Intermachine Tie Trunk Usage (Overflow Routing)



ELECTRONIC TANDEM NETWORK (ETN) THROUGH THE ETN AND PNA PACKAGES 5-5

Off-Net Trunks

The public network trunks carry off-net AAR call traffic when the cal is identified by a 10-digit number
(NPA-NXX-XXXX). In some cases, calls may be carried as far as possible on-net and then routed to off-
net trunks. Conversely, the call may access the public network close to theits origin.

When you administer your routing patterns and trunk group preferences, the type of routing you implement
may have one of three underlying philosophies. These underlying philosophies are defined as follows:

¢ Tail-end-hop-off (TEHO) — Routes an off-net call through the private network and off-net at the
tandem switch closest to the call destination. For example, atandem switch in Miami, Florida, whichis
connected to a switch in Sacramento, California, originates a call to Fresno, California. The call isfirst
routed on-net over the intermachine trunks between Miami and Sacramento and then hops off on the FX
trunk to Fresno.

¢ Head-end-hop-off (HEHO) — Routes an off-net call to the tandem switch that is closest to where the
cal originated. For example, a private switch in New York City originates a call to Denver, Colorado.
The call tandems to an on-net switch in Trenton, New Jersey, and hops off using WATS service to
complete the call.

¢ Best-end-hop-off (BEHO) — Routes off-net calls using the most economical facility and departure point
within the private network. The call may hop off the private network at the originating, intermediate, or
terminating tandem switch depending on how the routing patterns are administered.

FEATURES

Three features are used in the implementation of an ETN:

¢ |Uniform Numbering Plan|

¢ |Automatic Alternate Routing|

¢ |Automatic Route Selection|

Uniform Numbering Plan

One of the most fundamental, yet necessary, attributes of an ETN is a uniform numbering plan. Uniform
numbering is afeature that gives each station or terminal a unique number (alocation code — RNX — plus
an extension) that can be used at any network location and is identical in format across all the stations or
terminals in the network. Uniform numbering isimplemented through the administration of AAR on every
tandem switch in the private network. With uniform numbering, a tandem switch passes the destination
terminal’s location code, extension, plus any applicable traveling class marks (TCMs), to the next tandem
in the network. Two types of TCMs are possible. The first specifies the originator’s facility restriction
level; while the second records the number of "specia” routes (for example, satellite hops) a call has taken
thusfar. The second TCM is supported only in the System 85 and Generic 2 communications systems.
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Note that a System 75 or Generic 1 communications system that functions as a tandem supports only a 7-
digit uniform numbering plan; while DIMENSION, System 85, and Generic 2 communications systems
support a 5-, 6-, or 7-digit uniform numbering plan. An example of a private network with a uniform
numbering plan is shown in

Note: Uniform numbering does not necessary imply uniform dialing at every switch in the network. The
diaing plan is implemented through the administration of the internal dial plan, and not through AAR
administration. The numbers callers dia to reach a particular ETN destination depend upon the following
variables:

* Thetype of switch where the call originates

* The function the switch playsin the MS/T-ETN complex

¢ The networking software running on the switch

* Switch administration
For how these variables affect the dialing plan among the main, satellite, tributary, and tandem switches,
see the|Routing Incoming Callg and[Routing Outgoing Calls sectiong of [chapter 4] To identify the call for

other tandems, a tandem switch always sends the location code (RNX) and the extension number as it
routes the call to the next tandem inthe ETN.

Automatic Alternate Routing

Automatic Alternate Routing (AAR) is the feature that routes calls using the private network numbering
plan. [Chapter 2| describes AAR processing and administration.

Automatic Route Selection

Automatic Route Selection (ARS) is the feature that routes calls using the North American numbering plan
(NPA-NXX-XXXX). describes ARS processing and administration.

ETN INTERACTIONSWITH OTHER NETWORKS

The software and administration that lets a switch function as a node in an ETN also allows it to interact
with the following types of networks:

¢ [Extension number portability clusterd
¢ |Software-Defined Networkg
¢ |[Release link trunk networkg

¢ [Distributed communications system clustery
¢ IMain-satellite/tributary networkg
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In some cases, the software and/or administration used to implement the above types of networks reside on
the same switch as do the ETN (Standard Network) package or the Private Network Access package. This
istrue of extension number portability, release link trunk networks, and distributed communications system
software and/or administration. In other cases, like Software-Defined Network and main-satellite/tributary
networks, the ETN tandem istotally independent of the other network and accessesit through tie trunks.

Extension Number Portability Clusters

Extension number portability (ENP) clusters are groups of System 85 (R2V3 or R2V4) and Generic 2
communications systems, on which ETN software is specially administered for node number routing
among them (see fiigure 5-4).] With ENP, users can easily move from node to node within the cluster and
still retain the same extension number. It is common for ENP clusters to use 5-digit dialing, with the first
digit indicating the node and the final 4 digits representing the true extension number; or to assign all ENP
nodes the same set of RNXs. These dialing schemes are not mandatory, however. In an ENP cluster, it is
only necessary that each extension be identified on every switch.

HOME RNX = 420
HOME RNXS = 220, 221, 230, 231 REMOTE RNXS = 320, 420 REMOTE RNXS = 220, 221,
REMOTE RNXS = 320, 420 HOME RNXS = 220, 221, 230, 231 230, 231, 320
SYSTEM 85 SYSTEM 85 GATEWAY SWITCH
R2V3, R2V4, R2V3, R2V4, TOETN,
OR DEFINITY G2 OR DEFINITY G2 SYSTEM 85
(NODE 1) (NODE 2)
GATEWAY SWITCH SYSTEM 85
TOETN, R2V3, R2V4,
DEFINITY G2 OR DEFINITY G2
(NODE 3)
HOME RNX =320 HOME RNXS = 220, 221, 230, 231
REMOTE RNXS = 220, 221, REMOTE RNXS = 320, 420
230, 231, 420

Figure5-4. Extension Number Portability Cluster Using Common RNXs
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Like System 85 and Generic 2 communications systems that function as ETN tandems, ENP nodes require
the ETN (Standard Network) package. At every ENP node, all extensions are identified by the number of
the node where they reside and the trunk connection to that node. In routing a call to a particular extension,
the internal dial plan provides the destination node, rather than the RNX. The node number is then used to
route the call through AAR to its destination. ENP clusters may substitute for subtending main
satellite/tributary (MS/T) networks in an ETN and are recommended for ISDN implementations because
MSIT trunks are not compatible with ISDN signaling.

Softwar e-Defined Networ k

Software-Defined Network (SDN) is service through which companies can use AT&T long distance
facilitiesaslinksin avirtua private network.

Each company’ s virtual private network is defined through databases resident at the AT& T network control
point (NCP). These databases cross-reference the number that the AT&T network receives to an SDN
routing number. In addition, they hold information through which AT& T screens calls for authorization
codes and identifies the features available to the call.

Calls enter and exit SDN through a long distance point-of-presence (a metallic, DS1, microwave, or
multiplexing facility) that functions as the SDN serving office (SO). From there they are forwarded to the
AT&T action control point (ACP), where the calls is processed. As cals arrive at the ACP, the ACP
informs the NCP. The NCP, in turn, furnishes the ACP with the information (including the routing
number) it needsto route the call.

Accessto SDN is either switched or nonswitched.
¢ Switched accessis provided through alocal exchange carrier (LEC) class 5 office.

* Nonswitched, or direct, accessis provided by a dedicated connection from the customer premises to the
AT&T SO either through customer-provided equipment or through a line the customer has leased from
the LEC.

See the[Trunking section of [chapter 1]for details on how to administer the SDN trunks.

In addition to providing customers with a virtual private network, SDN facilities can enlarge a company’s
current private network facilities. In fact, SDN can transmit calls to and receive calls from any existing
private network that meets interface requirements. Any of DIMENSION, System 85, System 75, or Generic 1
and 2 communications systems can fulfill these requirements.

The interface to SDN is usually through a switch functioning as an ETN tandem, although communication
with SDN is possible through intelligent mains. The SDN caller does not need to know whether the
number he or she is dialing is an SDN location because the numbering plan can be set up so it is uniform
across both the ETN and SDN networks. To access SDN, the ETN tandem passes to SDN a 7- (RNX-
XXXX) or 10-digit (NPA-NXX-XXXX) number. SDN finds the call destination and delivers a 0- to 7-digit
number to the destination ETN tandem with the call. shows a feasible configuration for a
ETN/SDN hybrid network. Note that, athough ETN and DCS software can coexist on the same switch,
DCS clusters cannot include SDN without losing feature transparency.
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Figure5-5. Feasible ETN/SDN Configuration
Call Routing— SDN to ETN
To route a call from a non-ETN location through SDN to an ETN location, the following steps occur (see
1. Thecdler dialsthe destination 7-digit (RNX-XXXX) or 10-digit (NPA-NXX-XXXX) number.

2. The originating switch passes the 7-digit number onto the AT&T serving office, which forwards the
call onto the nearest ACP.

3. The ACP queries the NCP database, which returns the routing number.
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Figure5-6. Call Flow SDN -to- ETN
4. The ACP updates any pertinent billing records.

5. Based upon the information it received from the NCP, the ACP routes the call to the egress ACP (a
4ESS). Before routing the call, the egress ACP may alter the called nhumber to conform to the ETN
dial plan.

6. The destination ETN receives the call, and routes it to the switch indicated by the RNX. The
destination switch rings the terminal indicated by the extension number it receives.

Call Routing—ETN to SDN

To route ETN callsto non-ETN locations through SDN, the following steps occur (seeffigure 5-7)]

1. Atamain switch, the caller dials the 7-digit (RNX-XXXX) or 10-digit (NPA-NXX-XXXX) number
of the destination terminal.

2. The main passes the destination terminal number to the ETN tandem for routing.

3. The tandem passes the 7- or 10-digit destination terminal number onto the AT&T serving office,
which forwards the call onto the nearest ACP.

4. The ACP queriesthe NCP database, which returns the routing number.
The ACP updates any pertinent billing records.

6. Based upon the information it received from the NCP, the ACP changes the destination terminal
number (if necessary) and routes the call to the egress ACP.



5-12 ELECTRONIC TANDEM NETWORK (ETN) THROUGH THE ETN AND PNA PACKAGES

AT&T SDN

(5) BILLING &
ROUTING
INSTRUCTIONS

PNI

ACP

SDN
DIRECT
ACCESS

@
8-346-1234

346

Figure5-7. Call Flow ETN - to- SDN

7. The egress ACP routes the call to the destination switch, which rings the terminal indicated by the
extension number it receives.

Release Link Trunk Networks— CASand ACD

Centralized Attendant Service (CAS) and Automatic Call Distribution (ACD) are features that use release
link trunks (RLTS) in their operation. Like tie trunks, RLTs connect communications systems. Unlike tie
trunks, which carry calls from their initiation to completion, RLTs provide only atemporary service for the
cal. Thatis, RLTs carry calls from their originating switches to the switch where the attendants or agents
are located. Upon receiving the call, the attendant or agent identifies the call destination, returns the call to
the switch of origin for routing and processing, and, then, disengages the RLT, readying it for another call.

Release link trunk network software and ETN software can work together in the same network without
interference. However, the ETN (Standard Network) package or the Private Network Access package is not
required for release link trunk network operation.

For Centralized Attendant Service and Automatic Call Distribution capacities and administration details,
refer to DEFINITYLD Communications System, Generic 2 and System 85, Feature Descriptions (555-104-
301), berFINITYDD Communications System, Generic 1 and System 75, and System 75 XE, Feature
Descriptions (555-200-201), and DEFINITYD Communications System, System 75 and Generic 1.1 (555-
204-654).
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Figure5-8. Centralized Attendant Service
Centralized Attendant Service

Centralized Attendant Service (CAYS) is a feature that offers companies the ability to centralize their
attendants at a CAS main switch. Switches with their own listed directory numbers (LDNs), called CAS
branches, redirect their attendant calls over RLTsto the CAS main. The RLTs are seized only for outgoing
calls from the CAS branch and can be used only for CAS calls and CAS signaling. Either intermachine or
access tie trunks carry network calls once CAS returns the calls to their switches of origin.

CAS networks can be standalone, or, when CAS calls must be routed to a destination in another switch
after the attendant returns them to their originating switch, they can run concurrently on ETN networks. To
understand the basis of CAS design within an ETN, think of the CAS network as being superimposed upon
the ETN, since CAS software and ETN networking software coreside on the same switches. (Seeffiqure 5]
In fact, when call networking is required, both CAS mains and branches are restricted to
communications systems on which AAR isrunning. AAR is provided through UDP or PNA on the System
75 and Generic 1 communications system; and through the ETN (Standard Network) package on the
DIMENSION, System 85, and Generic 2 communications system. Note that CAS mains can only be
DIMENSION 600 or 2000, System 75 (R1V3), System 85 (R2V 2 through R2V4), and Generic 1 and Generic
2 communications systems.

Automatic Call Distribution

On Generic 1 and Generic 2 communications systems, Automatic Call Distribution (ACD) agents can
return their calls to the switch of origin for routing and processing through RLT operation. Note that RLTs
cannot be shared across features. Therefore, CAS and ACD cannot use the same RLTSs.
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Distributed Communications System Clusters

The distributed communications system (DCS) is a information system that provides a messaging overlay
for main-satellite/tributary (MS/T) networks, electronic tandem networks (ETNs), or ETN-MS/T
complexes that are designed for DCS implementations. This overlay provides communication among the
network nodes so that the operation of a limited number of featuresis transparent across the network. That
is, the operation of certain featuresisthe same (or nearly the same) on each network node.

DCS networks are installed in clusters of switches. Although DCS clusters can include ETN network
nodes, the clusters cannot extend through the Software-Defined network (SDN) to include remote ETN
nodes.

See[chapter 6]for a detailed explanation of DCS.

Main-Satellite/Tributary Networks

Main-satellite/tributary (MS/T) networks are linked to ETN tandems via access tie trunks. [t is through
ETN tandemsthat MS/T calls enter and exit the wide-area private network.

Within the MS/T network, calls may be routed via extension humber steering, while the ETN demands
extension number portability or UDP routing (RNX steering). Between the ETN and the MS/T, this
difference is bridged by subnet trunking (see[chapter 2)]at the ETN tandem; and subnet trunking, internal
dia plan extension-to-RNX matching, or direct dial access of the tandem from the MS/T side of the
connection (seelchapter 4).]

ENGINEERING CONSIDERATIONS

The chapter on Designing Alternate Routing Networks in the DEFINITY Communications System and System
75 and System 85 Traffic Theory manual (555-104-504) explains how to design a small ETN. To design
larger ETNS, use the Enhanced Interactive Network Optimization System (E-INOS).
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The distributed communications system (DCS) is a information system that provides a messaging overlay
for main-satellite/tributary (MS/T) networks, electronic tandem networks (ETNs), or ETN-MS/T
complexes that are designed for DCS implementations. This overlay provides communication among the
network nodes so that the operation of alimited number of features is transparent across the network. That
is, the operation of certain features is the same (or nearly the same) on each network node. In addition,
DCS users can initiate callsto or receive calls from users on other DCS switches and enjoy the same feature
capabilities as those that would be associated with the call were both users on the same switch.

This feature transparency is achieved by interconnecting al the network nodes with a signaling link that
carries the information associated with a call. On the System 75 and Generic 1 communications systems,
this signaling link is called the processor interface (Pl) (formerly called the switch communications
interface [SCI]) links. On the DIMENSION, System 85, and Generic 2 communications systems, the link is
known as the data communications interface unit (DCIU) link. In addition to signaling links, analog or
digital tie trunks interconnect each pair of switches. The tie trunks carry the actual voice traffic between
switches.

DCS-CLUSTER
SYSTEM 85/ TIE TRUNK SYSTEM 85/
GENERIC 2 l GENERIC 2 - GATEWAY TO OTHER

DCSTANDEM
2XXXX

DCSTANDEM
3XXXX

DCS CLUSTERS, AN
ETN, OR OTHER
DEDICATED PRIVATE
NETWORK FACILITIES

TIE TRUNK

SYSTEM
75R1V2
ENDPOINT
AXXXX

5XXXX
"DIMENSION"
SYSTEM
FP8
NODE

SYSTEM 75/
GENERIC 1
2 | DCSTANDEM
BXXXX

Figure 6-1. Distributed Communications System (DCS) Cluster
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DCSCLUSTERS

DCSisinstaled on groups of switches, called "DCS clusters." Nodes in DCS clusters can be DIMENSION,
System 75, System 85, Generic 1, or Generic 2 communications system. Each node must share the
cluster’s uniform numbering plan. That is, each extension in the network must be identified by the same
number of digits, and DCS users must reach each other by 4- or 5-digit extension-number dialing.

The number of nodes a DCS cluster can contain is dependent upon the type of switches in the cluster and
the version of switch software they are running. In addition, the number of nodes in a DCS cluster is
limited by the number of switches that can be connected to the node with lowest signaling link capacity and
the number of signaling links that are already used for other connections (such as connections with adjunct
processors). Shown below is a table giving the maximum number of DCS node connections each type of
switch can support.

Table6-1. DCS Node Capacity

0 _ g o
0 Switch Node Capacity ]
= = 0
IMENSION E 12 B
stem 85, R2V1 0 12 0
System 85, R2V2and V3 [ 20 0
[(Bystem 85, R2V4 O 63 O
LGeneric 2 U 63 0
stem 75 O 64 O
eneric 1 = 64 -

B B

shows aDCS cluster. In thefigure, a System 75 is connected to a System 85 DCS node through
both atie trunk and asignaling link (PI/DCIU). While both System 85s are connected to a DIMENSION DCS
node by tie trunks and signaling links (DCIUS).

Note that a DCS network node can function as a DCS endpoint, or DCS tandem, or both. Network
endpoints are nodes that can initiate or terminate DCS calls; DCS tandem nodes relay interswitch DCS
cals. (See|Engineering Considerationgat the end of this chapter for a discussion of the number of hops for
which a DCS cluster should be engineered.) Note that the System 75 R1V2 and System 75 XE R1V2 can
function only as DCS endpoints.

DCSLINKS

As stated, DCS nodes communicate with each over two types of links: tie trunks and signaling links. The
tie trunks carry the actual voice communications, while the signaling links carry call information that the
destination switch uses to provide feature transparency.
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TieTrunks

In ETNSs, the tie trunks connecting DCS nodes are intermachine tie trunks. On the System 75 and Generic 1
communications system, they are administered as tandem trunks; while on the DIMENSION, System 85, and
Generic 2 communications system, they are type 41 trunks. In MS/T networks, on the System 75 and
Generic 1 communications system, the tie trunks are administered as tie; while on the DIMENSION, System
85, and Generic 2 communications system, they are designated with a trunk type of 78. See the[Trunking
section of [chapter 1|for more details on how these links should be administered.

Signaling Links

The signaling links physically connecting DCS nodes are processor interface (Pl) links on the System 75
and Generic 1 communications system; on the DIMENSION, System 85, and Generic 2 communications
system, they are data communications interface unit (DCIU) links.

Each physical PI/DCIU link contains a set number of logical channels. For features to work transparently,
the switches involved in a connection must be provided with a dedicated logical channel over which the
DCS signas are transmitted. The number of physical links available on each switch, with the
corresponding number of channels per link are given below:

Table 6-2. Link Capacity

E Switch EPhysical Links El_ogical Channels/LinkB
| | ! 0

IMENSION B 4 B 20 B
Generic 1 0 2setsof4 [ 64 0
[(Bystem 85 O 8 O 64 O
LGeneric 2 0 8 U 64 U
] [l [l 0

Sgnaling Link Speed

The recommended speed over a DCS signaling channel is 9.6 kbps.

Sgnaling Link Protocol

At layer 1 (the physical layer), the links are either RS-232C or RS-449. (Although RS-449 is the physica
connection on the DCIU, a cable [PEC 65259] can convert the connection to RS-232C.) At layer 2 (the
data-link layer), al communications systems use BX.25 protocol over their signaling link connections.

(See [appendix D] for an explanation of these protocols, and [appendix_E| for a the physical layer pinout
explanations.)

Over the signaling link, all transmissions are numbered and the DCIU/PI keeps a copy of each packet. Asit
sends out a packet, the DCIU or Pl sets atimer. If it does not receive confirmation of delivery before an
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administrable amount of time elapses, the packet is retransmitted. The link can be reset and restarted if
packets are not delivered or if the packets arrive out of sequence.
Transmission Media

Both analog and digital facilities can carry DCS signal's between network nodes (see the[DCS Sgnaling
[Link Connectiong|section later in this chapter).

When multiplexed digital facilities are used, two scenarios are possible. One scenario isto multiplex DCS
signaling onto a DSL facility externally through an channel division multiplexer (CDM) (see[chapter 1] for
more details) that interfaces with the DCIU or PI link. The other scenario is to internally multiplex the
signaling onto the DS1 facility through a DS1 port. DCS signaling channels can be redirected through DS1
ports through a dedicated connection. On the System 75 and Generic 1 communications system dedicated
connections are set up through switch administration that connects the Pl channel and the DS1 channel over
an internal communications path. On a System 85 or Generic 2 communications system, the DS1 channel
is permanently connected to a general purpose port (GPP). In turn, the GPP communicates with the DCIU
over aMPDM. (Seeffigure 6-2.)|

SYSTEM 75/G1 SYSTEM 85/G2
SOFTWARE
SOFTWARE CONNECTION
CONNECTION D AVD D G
[ S S~~~ "7 =] MPDM
| 1 1 P
|
|
| R—
| D
| C
| |
ot | —
PI

Figure 6-2. Internally Connected DCS Signaling Channel Over aDS1

On the System 75 and Generic 1 communications systems these dedicated connections are called
permanent switched connections (PSC); on the System 85 and Generic 2 communications systems, they are
called dedicated switched connections (DSC).

Note:

* When a dedicated connection must be implemented between a System 75 or Generic 1 endpoint, and a
System 85 or Generic 2 endpoint, the connection should be implemented as a PSC on the System 75 or
Generic 1 communications system. Because PSCs can be established across communications systems,
no DSC is necessary on the System 85 or Generic 2 communications system when the PSC is defined
on the System 75 or Generic 1.

* On the System 75 and Generic 1 communications system, PSCs can be defined at either of two
administration screens: the Permanent Switched Connection screen or the Interface Link screen. PSCs
established through the Interface Link screen are more properly called software connections, rather than
PSCs.
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(See[chapter 9| for detailed permanent connection configurations. The DEFINITY Communications System
System 75 and Generic 1.1 Implementation manual (555-204-654) and the DEFINITY Communications
System System 85 and Generic 2 Feature Descriptions manual (555-104-301) provide permanent
connection implementation details.)

When DCS signaling is channeled through a DSL1 port, the signaling channel can be carried over the same
DSl facility as that which carries voice between the network nodes.

See AT& T Product Interfaces Reference — DEFINITY Communications System Generic 2.1 to Generic 1.1
with DCSfor detailed procedures for establishing DS1 DCS channels using permanent connections.

TIE TRUNKS
"DIMENSION" SYSTEM
SYSTEM 85 FP8 (ISSUE 3)
1 DCIU LINK 1
2
CALL D 83—\ 2| P CALL
c 4 c
,\IS\ENFIVT/S;K PROCESSOR & P — /3l PROCESSOR & ngrlvr/g:«
MEMORY 8 MEMORY
U 7 4| U
S -
NODE 1 / NODE 2

TIE z
DCIU LINKS

TIE
—a. X DCIU/PI LINKS TRUNKS

TIE TRUNKS

TRUNKS
SYSTEM 85 SYSTEM 75
1 / 1
2
D[ 53— _ 5
SWITCH CALL cCrH—u« P CALL SWITCH
NETWORK | PROCESSOR & [ s 3| PROCESSOR & NETWORK
MEMORY 6 MEMORY
U 7 4
NODE 3 ENDPOINT

Figure 6-3. Direct Link DCS Connections
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Linkage Design

Signaling links between DCS nodes can be designed with an underlying direct linkage or minimized
linkage philosophy.

Direct Linkage. When a DCS cluster is designed using direct linkage, every DCS node is directly
connected to every other DCS node. [Figure 6-3]shows a DCS cluster with direct linkage. The advantage of
direct signaling links is reliability. If the signaling link between Node 1 and Node 2 fails, feature
transparencies are only lost between these two nodes.

Minimized Link Connections. When a DCS cluster is designed using minimum linkage, one DCS node is
chosen as a cluster hub. The cluster hub communicates with al DCS nodes. For communications to reach
nodes other than the cluster hub, they must "hop" through the hub’s DCIU or PI. [Figure 6-4]shows a DCS
cluster using a minimum signaling linkage configuration. Because nondirect linkage requires less hardware
and fewer ports, it is more economical than direct linkage. However, minimum linkage is less reliable than
direct linkage. Moreover, in[figure 6-4] failure of node 2 will cause loss of feature transparency in the
remainder of the cluster.

TIE TRUNKS
"DIMENSION" SYSTEM
SYSTEM 85 FP8 (ISSUE 3)
1 DCIU LINK 1

D 2 D

SWITCH CALL C i 2l ¢ CALL SWITCH  |—
PROCESSOR & ——5 /3 PROCESSOR &
NETWORK [ I 31 NETWORK
MEMORY MEMORY
u 7 4| U
8
NODE 1 / NODE 2
DCIU LINK
/ TIE
TRUNKS
DCIU/PI LINK
SYSTEM 85 SYSTEM 75
g L1
D 2
CALL 3 2 CALL
SWITCH cC —a4 — P SWITCH
PROCESSOR & —5 3 PROCESSOR &
NETWORK [ S 31 NETWORK
MEMORY - MEMORY
U g 4
NODE 3 ENDPOINT
TIE TRUNKS

Figure 6-4. Minimized Link Connections
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Figure 6-5. DCIU/PI Linkage in aDCS Cluster

Mixed Link Connections. In reality, most DCS clusters exhibit both direct and minimized linkage. [Figure
shows the signaling links for a 12-switch DCS configuration. This cluster uses some nondirect
signaling links. When a DCIU/PI message (packet) routes through a nondirect signaling link, it hops
through an intermediate node DCIU or Pl before reaching its final destination. For example, to send a
message from node C to node L, the message hops through either node J or node K. Each signaling link
has software-assigned logical channels that define the message path (virtual circuit) and make nondirect
paths possible. Every node has a signaling path to every other node with a maximum of two hops in any
signaling path.
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DCSSIGNALING LINK CONNECTIONS

Many variables influence how the signaling channel on one DCS node is connected to the signaling channel
on another DCS node. Chief among these variables is the types of communications systems being
connected. For example, the System 75 and Generic 1 communications systems are connected differently
to other System 75s and Generic 1s than they are to System 85s and Generic 2s. Furthermore, within the
constraints imposed by the communications systems being connected are other constraints imposed by the
distance that the transmission must travel, the availability of digital trunks, the cost, etc. All these variables
must be considered when you decide how to connect the DCS signaling links. |llustrated next are the types
of connections possible given the types of communications systems being connected.

The connections are classified as long haul and short haul. Long haul connections have virtualy no
distance limitations. Distance limitations on short haul connections are established by the types of data
sets/modules used. When you choose to use a particular type of connection, you should consider the
following distance limitations:

Equipment Distance Limitation
RS-232/RS-449 Link 50 ft
Isolating Data Interface (IDI) 400 ft.
Data Service Unit 2000 ft.
MTDM/MPDM 3500 ft.
DCP Link 5000 ft.

System 75 or Generic 1 (G1) to System 750r G1

\ P \ \ P \
L SIGNALING CHANNEL
TN764 DCP bCP TN764
(DIGITAL LINE) MTDM osu | | b MTDM (DIGITAL LINE)

TN760 TN760

(TIE TRUNK) (TIE TRUNK)
TN722 TN722

ORTN767 ANALOG OR DS1 VOICE CHANNEL ORTN767
(DS (DS1)
SYSTEM 75/G1 SYSTEM 75/G1

Figure 6-6. Short Haul Analog Signaling: System 75/G1 to System 75/G1 ViaDSU



DISTRIBUTED COMMUNICATIONS SYSTEM (DCS)

6-9

\ P

L TN764
(DIGITAL LINE)

TN760
(TIE TRUNK)
TN722
OR TN767
(DS

SYSTEM 75/G1

\ P
SIGNALING CHANNEL RS232
DCP [ | [ DCP TN764
mTOM |_RS%2 [ opem MODEM MTOM (DIGITAL LIN)
|

TN760

(TIE TRUNK)
TN722

ANALOG OR DS1 VOICE CHANNEL OR TN767
(DS1)
SYSTEM 75/G1

Figure6-7. Long Haul Analog Signaling: System 75/G1 to System 75/G1 ViaModem

L TN722

OR TN767
(DS1)

SYSTEM 75/G1

PI
24th CHANNEL SIGNALING
TN722
ORTN767
USING AVD DSL (DS)
CSU MAY BE REQ'D AT BOTH ENDS — =
IF COMMON CARRIER USED
SYSTEM 75/GL

Figure 6-8. Long Haul Digital Signaling: System 75/G1 to System 75/G1 ViaAVD DS1

L TN767

(PRI)

ISDN PRI*
TN767

SYSTEM 75/G1

(PRI)

SYSTEM 75/G1

*ONE OF THE 23 B-CHANNELS ISUSED FOR DCS SIGNALING: THE REMAINING 22 CHANNELS CAN BE USED FOR VOICE.

Figure 6-9. Long Haul Digital Signaling: System 75/G1 to System 75/G1 VialSDN PRI
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\ P

TN764

(DIGITAL LINE)

TN760
(TIE TRUNK)
TN722
OR TN767
(DS

SIGNALING CHANNEL

MTDM

RS232C MALE/MALE CABLE

MPDM

P |

DCP

TN764
(DIGITAL LINE)

SYSTEM 75/G1

ANALOG OR DS1 VOICE CHANNEL

TN760
(TIE TRUNK)
TN722
OR TN767
(DS

SYSTEM 75/G1

Figure6-10. Short Haul Digital Signaling: System 75/G1 to System 75/G1 — Direct Via MPDM or
MTDM
System 85 or Generic 2 (G2) to System 85 or G2
SIGNALING CHANNEL RSA49
r---- - T T T al r---TTToT T T oo "
|CCIpeu S | [Cpau ] R Rewe e e Ol TV S - T
| | T 2= ] | |
! r RS449 TO RS232C o !
. L loRr CONVERSION OR! oo S
I I [ [ I I
ro TN760 SN232 SN233 o TN760 1
i (TIETRUNK) " 1 _ (TIE TRUNK) (TIE TRUNK) _ 1 (TIETRUNK) | |
oo TNT22 %E'[\)lgll)l ?ggll)l O TNT2
| I ORTN767 11 ' ORTN767 ' !
: : (DS1) : : ANALOG OR DS1 VOICE CHANNEL : : (0s1) : :
LotmTooooodl Lozzooooo
GENERIC 2 SYSTEM 85/G2 SYSTEM 85/G2 GENERIC 2
WITH WITH WITH WITH
UNIVERSAL TRADITIONAL TRADITIONAL UNIVERSAL
MODULE MODULE MODULE MODULE

Figure6-11. Short Haul Analog Signaling: System 85/G2 to System 85/G2 Via DSU
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GENERIC 2
WITH
UNIVERSAL
MODULE

SIGNALING CHANNEL

!—\RSZ

32C
RS449 MODEM (O Rs#49
)-Rezeec ~ DCiy
MODEM
L RS449 TO RS232C CONVERSION J
SN232
SN233
(T'EAI,EH?K) (TIE TRUNK)
(OS1) ANN11
ANALOG OR DSL VOICE CHANNEL (DSL)
SYSTEM 85/G2 SYSTEM 85/G2
WITH WITH
TRADITIONAL TRADITIONAL
MODULE MODULE
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TN760

I I
I I
| (TIE TRUNK) |
| TN722 |
I I
I I
I I

|
|
|
|
|
|
|
|
|
|
|
|
-1
|
|
|
|
|

GENERIC 2
WITH
UNIVERSAL
MODULE

Figure6-12. Long Haul Analog Signaling: System 85/G2 to System 85/G2 ViaModem

GENERIC 2
WITH
UNIVERSAL
MODULE

SIGNALING CHANNEL
RS232C TO -
DaIU —" RS449 CONVERSION " DCIU !
MPDM MPDM r !
=] [PoM - | |
SN270B (DIGITAL [ rp TIN7S4 T
(DIGITAL LINE) ! 1 (DIGITAL | 1
LINE) llor!! LN 11
>< [ a >< |
ISDN PRI A HE
I - | | I I
ANN35 ANN35 |- 'iOTN7E7 k-l !
(PRI) (PRI) o (PR
I I
I L 7777777 J‘ I
L e & J
SYSTEM 85 (R2V4)/G2 SYSTEM 85 (R2V4)/G2 GENERIC 2
WITH WITH WITH
TRADITIONAL TRADITIONAL UNIVERSAL
MODULE MODULE MODULE
*ONE OF THE 23 B-CHANNELS IS USED FOR DCS SIGNALING: THE REMAINING 22 CHANNELS CAN BE USED FOR VOICE.

Figure 6-13. Long Haul Digital Signaling: System 85/G2 to System 85/G2 VialSDN PRI

| TN760
I (TIE TRUNK)
TN
I
I
I

GENERIC 2
WITH
UNIVERSAL
MODULE

SIGNALING CHANNEL

RS449

105A

RS449

DCIU DI DCIU
SN232 SN233
(TIE TRUNK) (TIE TRUNK)
ANNI1 ANNI1
DSI] DS
(Osy ANALOG OR DS1 VOICE CHANNEL ®sy
SYSTEM 85/G2 SYSTEM 85/G2
WITH WITH
TRADITIONAL TRADITIONAL
MODULE MODULE

TN760

I
|
LOTNT22
I
I
I

GENERIC 2
WITH
UNIVERSAL
MODULE

Figure6-14. Short Haul Analog Signaling: System 85/G2 to System 85/G2 — Direct Via IDI (Isolating
Data I nterface)
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System 75 or Generic 1 (G1) to System 85 or Generic 2 (G2)

SIGNALING CHANNEL
RS449
TN754 T 1 RS232C
DSU
(DIGITAL LINE) | | P€P| MTDM | psu | \ |
\ \
RS232C
TO RS449
TN760 CONVERSION
(TIE TRUNK)
TN722
ORTN767
(DS1) ANALOG OR DS VOICE CHANNEL
SYSTEM 75/G1

DCIU

SN233
(TIE TRUNK)
ANN11
(DS1)

SYSTEM 85/G2
WITH
TRADITIONAL
MODULE

GENERIC 2
WITH
UNIVERSAL
MODULE

Figure 6-15. Short Haul Analog Signaling: System 75/G1 to System 85/G2 — Direct ViaDSU

SIGNALING CHANNEL

DCIU

N7 ——— RS232C — RS449
MODEM
©IGITAL LINE) | | PP [ mTom | RS282C [ vopEwm |
RS232C
TO RS449
TN760 CONVERSION SN233
(TIE TRUNK) (TIE TRUNK)
TN722 ANN1L
ORTN767 (DS1)
(DS1) ANALOG OR DS1 VOICE CHANNEL
SYSTEM 75/G1 SYSTEM 85/G2
WITH
TRADITIONAL
MODULE

OR | |

|
| TNTED
I (TIETRUNK) |
poTNT22 |
| |
| |
| |
| |

GENERIC 2
WITH
UNIVERSAL
MODULE

Figure 6-16. Long Haul Analog Signaling: System 75/G1 to System 85/G2 — Direct ViaModem




DISTRIBUTED COMMUNICATIONS SYSTEM (DCS) 6-13
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Figure6-17. Long Haul Digital Signaling: System 75/G1 to System 85/G2 ViaAVD DS1
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Figure 6-18. Long Haul Digital Signaling: System 75/G1 to System 85/G2 VialSDN PRI



6-14 DISTRIBUTED COMMUNICATIONS SYSTEM (DCS)

r—-- T T T T == il
SIGNALING CHANNEL DCIU T T bau
| |
TN754 RS449 ! !
(DIGITAL LINE) bcp MPDM 7 |
e .
OR, : : |
e |l
(TIE TRUNK) (TIE TRUNK) ] ( ) ! ‘
TN722 ANNIL T
ORTN767 (DSI) oR 5;767 o
(0SY ANALOG OR DSL VOICE CHANNEL B G
| |
e o
Lo J

SYSTEM 75/G1 SYSTEM 85/G2 GENERIC2

WITH WITH
TRADITIONAL UNIVERSAL
MODULE MODULE

Figure 6-19. Short Haul Digital Signaling: System 75/G1 to System 85/G2 — Direct ViaMPDM

DIMENSION Signaling Links

DIMENSION signaling links are set up identically to System 85 and Generic 2 long haul and short haul
analog connections (see figures[6-11J6-12 J6-14]6-15) and[6-16) ]

TRANSPARENT FEATURES

When DCS is installed, only a subset of al the available communications system features are transparent
across DCS nodes. What follows is a discussion of the attendant, voice, and AUDIX features from which
you can expect transparency when DCSis properly installed.

Transparent Attendant Features

Attendants serving several DCS nodes/endpoints can all work at one location and still provide a complete
range of services. The attendant console with its alphanumeric display provides the following capabilities
and information about voice terminals and trunks. For these attendant features to work transparently, there
must be at least one direct tie trunk between the location where the attendants reside and each unattended
node. (Seeftable 6-3Jfor alist of transparent attendant features and the communications systems from which
you can expect transparency.)

Attendant Call Waiting

This feature allows the attendant to queue a call for a busy single-line voice terminal. A distinctive tone
signals the busy terminal user that a call iswaiting.
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Table 6-3. Availability of Attendant Features

O O 0 0 0 O
0 [JDIMENSION [] SYSTEM 85 [] SYSTEM75 []DEFINITY []
0 0  PBX a a a 0
O [1 [1 [1 [1 1
0  FEATURE O Fpr8 Ort U R2 O R1 Oc1 Ue2 O
0 Z o is3 O vi Ove Ova Ova Bva Ov2 Ovs B o E
rAlpha Display o Y OoN OY gY gY gY oN gY gy gy OY g
[Call Waiting o v ON UY gy pgY gy ON gy gy Oy Uy O
CacA 0 vy ON EY Oy Oy Oy ON Oy Oy Oy EY O

usy Verif of g 0 0O B g S B g S B 0 g
0 Display o v ON UY gy pgY gy ON gy gy Oy Uy O
Class-of-Service U 0 g 0o 0o o 0 g o O g O
g or Restriction g B 0 B g S B g S B 0 g
Control of Trunk 0o O 0 0 0 0 a 0
O GroupAccess O Y ON UY gy pgY gy ON gy gy Oy Uy O
MDirect Trunk O 0 o o o 0 g o O O @
O Groupsdection @ v BN gy Oy Oy Oy Oy Oy Oy By gy O
DTrunkGroup E - 0 O O O - O O - 0 E
0 . 0 0 0 0 0 0 0 0 0 0
] Busy Warning 0 0 O 0 0 0 0 0 0 0 O 0
O Indicator o v ON UY gy pgY gy ON gy gy Oy Uy O
Brrunk Verification B Y BN Hy By gy gy BN gy 8y By Hy B

Alphanumeric Display

This feature provides for the attendant to have calling number, class-of-service or class-of-restriction,
incoming cal 1D, and trunk 1D displayed at the console. Calls to and from a System 75 or Generic 1 have
caling/called party identification transparency only when they are directly connected, without an
intervening DIMENSION, System 85, or Generic 2 communications system.

Automatic Circuit Assurance

This feature monitors call durations on assigned trunks and automatically generates a referral call when
switch software detects a possible malfunction. For DIMENSION, System 85, and Generic 2 communications
systems, the referral call can route to one designated local attendant or to Centralized Attendant Service
(CAYS). For the System 75 and Generic 1, the referral call destination can be the attendant group, a specific
attendant, or a display-equipped voice terminal. Only a CAS attendant can turn on or off this feature for
trunks at a distant node/endpoint. For referral calls from distant nodes/endpoints, the a phanumeric display
shows the trunk group number (trunk group access code in System 75 and Generic 1), individua trunk
number, and reason for referral (short or long holding time).

Attendant Control of Trunk Group Access

The attendant can control access to trunk groups assigned to the local node/endpoint or any DCS
node/endpoint. To control atrunk group at a distant node/endpoint, the attendant must use a Direct Trunk
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Group Selection button.

Busy Verification of Terminal Lines

The attendant can verify atermina’s state (busy or idle) at any DCS node/endpoint.

Calling Number Display

The alphanumeric display shows the caller’s extension number. The DCS console can display 5-digit as
well as 4-digit extension numbers.

Class-of-Service/Restriction Display

The alphanumeric display shows the caller’s class of service/restriction (a code that corresponds to a
particular set of calling privileges).

Note:

* The System 75 or Generic 1 class of restrictions may not correspond to class of service used by
DIMENSION, System 85, or Generic 2 communications systems.

* A user's class of service or restriction is not used in the process of completing a call. These are only
available for display by the attendant.
Direct Trunk Group Selection
The 12 Direct Trunk Group Selection buttons on the attendant console can access trunk groups assigned to
any DCS node.
Incoming Call Identification
The alphanumeric display shows the source of an incoming call including: DCS node identification, trunk
group, and trunk number.
Trunk Group Busy/Warning Indicators
These lamps are associated with the Direct Trunk Group Selection buttons, and they notify the attendant
that a previously specified number of trunks are busy.
Trunk Verification by Customer/Attendant

The attendant can use this feature on a trunk assigned to any DCS node/endpoint.
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Transparent Voice Terminal Features

The following voice terminal features operate transparently at voice terminals attached to nodes within a
DCS cluster. (See for a list of transparent voice terminal features and the communications
systems from which you can expect transparency.)

Table 6-4. Availability of Transparent Voice Terminal Features

0 0 0 0 0 O
0 [JDIMENSION [] SYSTEM 85 [0 SYSTEM75 [JDEFINITY []
g 0o pBX g g g g
O 1 [1 [1 [1 1
0 FEATURE O Frps Ort U R2 0 RL Ocr Ue2 O
J H o is3 O vt Ovo Ovs Ova Oyva Ov2 Ovs B o E
rAlpha Display 0o Y oN OY gY gY gY oN QY gY gy 0Y g
[Auto Callback o v ON Uy gy gY gy ON gy gy Oy Uy O
Ccall Coverage Tone 0O v ON BY oy oy oy ON oy oy Oy EY O
all Forward O O o o o 8 o o O O
0 0 Ov Ov Ov 0. Ov 0o O, 8, 0

0 Originating o v ON Uy gy gy gy 0OY gy gy Oy Uy O
Ccall Waiting O O B o o o O o o O E O
Terminating 5 Y BN gy Oy Oy Oy on Oy Oy oy gy o
Istnctive O o 8 o,0,0,08,0,0,0,8 0
] Ringing 0 Y gN OY oY gY pgY oN pgY gY gy 0y g
[l eave Word g o U o g o O g g O B o
0 Calling (No AP) 0 N ON BN oy oy oy ON oy oy Oy EY O
al Transfer/Conference 2 Y Uy gy Oy Oy Oy Oy Oy Oy Oy gy O
B B H o o o B o o B H B

Alerting—Distinctive Ringing

For this feature, the switch generates distinctive ringing cycles (1-, 2-, or 3-burst ringing), which identify
the type of call (internal, external, or priority) for the called party.

When DCS transparency is lost for any reason, terminal-to-terminal calls made between nodes produce 2-
burst ringing instead of the usual 1-burst ringing. Loss of transparency may occur when the signaling link
between the nodes or node and endpoint is down or when data transmission delay exceeds the trunk
signaling time.

Automatic Callback on Busy or No Answer
This feature allows DCS users who placed a call to a busy or unanswered internal voice terminal/station to
be called back automatically when the called terminal/station becomes available. When the calling and

called terminals are idle, the switch automatically notifies both parties and makes the connection.

Exceptions are as follows:
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* If the called party is at a System 85, Generic 2, or DIMENSION PBX node, the callback call can only be
activated if the called node is returning busy tone or special audible ringback.

* If the called party is a a System 75 or Generic 1 endpoint, the callback call can be activated if the
endpoint is returning busy tone, special audible ringback, or audible ringing.

* The caling party must disconnect within 6 seconds after hearing the confirmation tone for automatic
callback activation.

The callback to the calling and called parties is as follows when a callback call has been made to a user at
another node/endpoint:

* When the calling party answers the callback call, and no tie trunk to the called party’ s node/endpoint is
available, automatic callback is reactivated toward the called party. The calling party hears
confirmation tone instead of ringback when this occurs.

* If the calling party is on a System 85, Generic 2, or DIMENSION PBX node and is unable to receive the
callback call (for example, abusy single-line voice terminal without call waiting), automatic callback is
reactivated by the calling party’ s node. If the calling party is on a System 75 or Generic 1 endpoint and
is unable to receive the callback call, the callback call is canceled.

* If the calling party is on a System 85, Generic 2, or DIMENSION PBX node, the callback call will be
canceled if the calling party calls the called party, or vice versa. If the calling party is on a System 75 or
Generic 1 endpoint, the callback is not canceled when one party calls the other.

Call Coverage Tone

This feature automatically redirects calls to a coverage point when the principal (called extension) is busy
(al call appearances busy), active on a call (one call appearance busy), or does not answer. A coverage
path can have up to three coverage points all of which must be on the same switch (the call cannot redirect
to a distant node). The switch checks each coverage point in the specified order until one is available.
Although the call cannot redirect to a distant hode, coverage tone is transparent across switches except from
or to aDIMENSION PBX.

Call Forwarding

This feature allows a voice terminal user to forward al calls to other DCS nodes as long as the telephone
number has only 4 or 5 digits for DIMENSION, System 85, and Generic 2 communications systems, or 16
digitsfor System 75 and Generic 1 communications systems.

Call Waiting

This feature signals aterminal user, who is active on a call, that another caller is trying to call. In System
75 and Generic 1 communications systems, call waiting transparency is provided through the priority
calling feature.

Leave Word Calling (LWC) Without AP

Thisfeature is a switch-based feature does not require an Applications Processor (AP). It is available on the
System 85 (R2V2-V4), System 75 (R1V2-V3), Generic 1, and Generic 2 communications systems. The
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feature alows the caller to leave a ‘‘call me’’ message for the caled party. The switch automatically
creates a message that contains. calling party name and extension number, date, time, and a short
customer-specified message such as‘‘please call’’.

Switch-based LWC is not transparent from or to DIMENSION PBXs, or when the DIMENSION is an
intermediate switch. LWC cannot be activated toward the DIMENSION PBX from another switch.

Call Transfer/Conference

This feature allows terminal users to create a 3-way conference (add on a third party) or transfer acall to a
terminal at a distant node or to an outgoing trunk facility. On System 85, Generic 2, and DIMENSION, an
analog voice terminal user initiating a conference call cannot add tones or ringing to the conference; the
conference can only be completed when atalking path is established between the conference originator and
the third party.

Note: This feature overcomes disconnections due to attempts to link two outgoing trunks together. With
this feature, one of the outgoing trunks is considered incoming for the duration of the call. The outgoing
trunks do not remain connected, however, if there is no station to maintain disconnect supervision.

Audio Information Exchange (AUDI X) Features Transparency

AUDIX connectivity in a DCS network in which one switch can provide the AUDIX functions for all
switches in the network is provided by System 85 (R2V2-V4), System 75 (R1V3, Issue 1.4), Generic 1,
Generic 2, and DIMENSION PBX FP8 |ssue 3L8.

shows the configuration for providing AUDIX transparency in a DCS network. It consists of a
single AUDIX machine connected to multiple switches through a host or ‘‘gateway’’ switch. The voice
links to/from AUDIX terminate in an Automatic Call Distribution (ACD) group on the host switch.
Therefore, the host switch is a tandem point for all voice connections between AUDIX and the other
(remote) switches in the DCS network. The voice links between the host and remote switches are
intermachine tie trunks.

Signaling link connectivity between the switches (host and remote) and the AUDIX machine are provided
through logical channels on the physical link from AUDIX to the DCIU or Pl on the host switch. These
logical channels are routed from the host switch to each remote switch, thereby establishing a path for each
remote switch to AUDIX.

Transparency of the AUDIX features/functions exists for host switches and remote switches when the
switches are System 85 (R2V2-V4), System 75 (R1V3, Issue 1.4), Generic 1, Generic 2, or DIMENSION
PBX FP8 Issue 3L8. However, there are some enhancements in functionality when the remote switch is a
not a System 85 R2V2 or aDIMENSION. The enhancements are noted in the following list:

¢ Direct calls to AUDIX through local ACD group — The user on the remote switch may call a local
ACD group (on the remote switch) that is, in turn, forwarded to the AUDIX ACD group on the host
switch. Inthiscase auser who is out of the office does not have to place along distance call to the host
switch to get messages. The user callstheloca switch to get messages.

¢ Direct callsto AUDIX through host ACD group — The user on the remote switch may directly call the
AUDIX ACD group on the host switch.
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Figure 6-20. AUDIX inaDCS Network

¢ Call answering through Call Forwarding — A user on a remote switch may redirect al cals to the
AUDIX ACD group on the host switch.

¢ Call answering through Call Coverage — Call Coverage may be used at the remote switch to redirect
callsto alocal ACD group (on the remote switch) that is, in turn, forwarded to the AUDIX ACD group
on the host switch. These calls cannot be initiated at a System 85 R2V 2 or a DIMENSION.

* Message waiting lamp — The lamp is supported for users on the remote switch.

* |ntegrated message natification — Users on the remote switch receive integrated message notification
for AUDIX messages.
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* Leave Word Calling — Leave Word Calling messages can be stored on AUDIX for users on remote
switches. Leave Word Calling activation can be from any switch.

ENGINEERING CONSIDERATIONS

The design of a DCS cluster is the process of determining the size, quantity, and configuration of the
switching nodes, internode (intracluster trunks), main PBX access lines, data links, and off-net facilities. A
design objective is to provide, at minimum cost, the traffic and transmission grades of service that are
acceptable to the customer. Very small DCS configurations may be designed manually, but most will be
designed with the aid of a mechanized design system, like E-INOS.

The limitations of the number of nodes and other cluster criteria are listed below:

Table 6-5. DCS Cluster Limits
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Dependent on memory size: 256 for DIMENSION 600; and 250, 475, and 1100 for DIMENSION 2000 with memory sizes C, D, and
F, respectively.

Cluster limits are determined by the switch with the least functionality. For example, if a System 85, R2V1
isin the cluster, the maximum number of nodes that can be in the cluster is 12. Note that the maximum
number of switches supported by AUDIX in a DCS network is 20.

Since a message is associated with a particular trunk and trunk group, the message must originate and
terminate on the same two systems connected by that trunk group. Terminating a message means that it
comes in on a link and channel and is routed to a processor channel and then into the system where it
interacts with call processing and administration software. If the call is routed on to another node, the
message is regenerated with new trunk group and trunk number information and sent on. This message
must, in turn, terminate on the system connected to the other end of the trunk the call is routed to.

In a hop, however, the message does not terminate at the hopped system, but passes into and out of the
DCIU or Pl without interacting with the system — it goes into the DCIU or Pl on one link and channel and
comes out on a different link and channel, the message unchanged. This is done because the terminating
system might not have any available channels to the originating system, but some other system might have
some unused channels on a link to the destination system. The message can do this multiple times to
eventually get to the destination. Thus, by using these available channels on other systems, it is possible to
interconnect DCS nodes with more channels. The following figureillustrates a hop:
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Since some delay is introduced if the message takes a detour like this, however, the number of hopsis not
unlimited. If too many hops are used to get the message to the destination, the last digit of the call will
arrive at the system at the other end of the trunk group and the call will be sent either to a station or on to
another node without the message data to make the call transparent. The number of hops the message can
take and still get to the terminating system on time depends on factors such as traffic and distance detoured.
A maximum of two hops is usualy safe, but in some situations two hops might be too many. More than
two hopsis not officially supported by AT&T.

DCS messages cannot traverse the AT& T Software-Defined Network (SDN).

In designing a DCS cluster that includes a System 75 R1V2 or System 75 XE R1V 2 switch, remember that
these switches can serve only as endpoints in a DCS cluster, but not as tandem nodes. Because these
switches cannot tandem a DCS call from another node in the DCS cluster, in clusters consisting only of
System 75 (R1V2) or System 75 XE switches, atie trunk group must interconnect every pair of nodes to
provide voice communications between al the switches.

Note that when a DCS cluster involves connections between a System 85, Generic 2, or DIMENSION and
another System 85, Generic 2, or DIMENSION PBXs, an economical alternative to incorporating two DSUs
in the DCIU connectionsis the 105A Isolating Data Interface (IDI). A 105A IDI provides ground isolation
for up to 400 feet cable distance between switch processors. It operates automatically with the synchronous
data speed selected for the DCIU. It also takes the timing from the DCIU as the controlling timing source.
There are no option settings on the 105A 1DI.

In designing the intracluster routing for DCS with AAR (the PNA, UDP, or ETN [Standard Network]
package), it is recommended not to design the tie trunks with overflow to off-net facilities, since these
facilities do not support DCS. Because calls using public network facilities lose DCS transparency, the
inconsistency of feature operation between off-net and on-net calls may confuse users.
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ADMINISTRATION CONSIDERATIONS

To determine how to administer DCS nodes, refer to the DEFINITY Communications System System 75 and
Generic 1.1 Implementation manual (555-204-654), the DEFINITY Communications System System 85 and
Generic 2 Feature Descriptions manual (555-104-301), and System 75 and System 75 XE Application Notes
— Distributed Communications System, Issue 3, (555-209-003).

In addition, when you administer a communications system that is a node in a DCS cluster, consider the
following information:

e Trunk groups and trunk group members in a DCS configuration must be numbered and administered
identically at both trunk group endpoints. Likewise, class-of-restriction, as well as class-of-service,
assignments should be identical at all nodes/endpoints.

* When administering a DCS network that uses AUDI X, the remote switch AUDIX users are considered
to be in the same time zone as the host switch.

¢ |f aDCS cluster uses AAR to route private network calls, for feature transparency to work consistently,
private network trunk groups should not overflow to public network trunk groups.

e Each DCS cluster must have a uniform or coordinated numbering plan. Without regard to the
networking software running on each node, the numbering plan must be administered on a DCS
network-wide basis so that users can reach each other by dialing only an extension number, since it is
extension-number dialing that triggers the generation of a DCS signaling message. Thisimplies that:

— Inlarge DCS clusters, 5-digit dialing may be the only feasible method for giving each extension a
unique number. All extensions assigned to a node can have the same first digit, or first and second
digit.

— On main-satellite/tributary nodes using the Multipremises package, extension number steering,
rather than single- or multi-digit steering or DAC dialing, should be used to route cals.

— On mains that communicate with ETN tandems, and with satellites and tributaries where a fully
functional AAR package (the PNA or ETN [Standard Network] package) is not running , two
versions of networking software must be running — one to communicate with the tandem, the other
to communicate with the satellite or tributary. System 75 and Generic 1 mains must use PNA
software to communicate with ETN tandems, and UDP software to communicate with the satellite
or tributary. DIMENSION, System 85, and Generic 2 mains should use ETN (Standard Network)
software to communicate with the ETN tandem and Multipremises software to communicate with
the satellite or tributary.

* The implementation of attendant control of atrunk group at a remote switch requires administration of
the console buttons at both the attended switch and the remote switch. A maximum of 12 trunk groups
may be controlled by an attendant for the entire DCS cluster.

* |n System 75 and Generic 1, access tie trunks provide the ability of the switch to communicate with
another PBX as either an ETN main or tandem switch. The access tie trunk group will not send or
receive traveling class marks. This group does have digit insertion capability for incoming calls.
Intermachine tie trunk groups will receive and send traveling class marks and will always outpulse the
7-digit RNX addresses or 10-digit DDD addresses.

In connecting System 75s and Generic 1sin a DCS arrangement, it is recommended that either access
tieor just ‘‘tie’’ trunk groups be administered. Intermachine tie trunks are not as simple to administer.
In this case, traveling class marks are not used by the System 75s or Generic 1sin the DCS complex.
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* If the far-end switch from a System 75 or Generic 1 is a System 85, Generic 2, or DIMENSION PBX and
if a5-digit diaing plan is used with AAR that routes the first two digits to an RNX, intermachine tie
trunks must be administered at the System 75 or Generic 1. If the first two digits are routed to a trunk
access code, rather than RNX, intermachine tie trunks are not necessary. DCS transparency is still
preserved.

* The AVD tie trunk associated with the Pl signaling link for a System 75 or Generic 1 should be in its
own unique trunk group. Access tie or tie is the recommended type. Communications type should be
designated as‘‘avd’’, and the only member of thistie trunk group should be the tie trunk.

* The following features do not work transparently from a System 85, Generic 1, or Generic 2 to a
DIMENSION PBX.

— Call Coverage Tone
— Call Forwarding—Busy and Don’t Answer
— Leave Word Calling (With/Without AP).



7. DATA CONNECTIVITY — AN OVERVIEW

This part of the AT& T Network and Data Connectivity document explains how to use your communications
system to connect one data communications device or network to another device or network. This chapter,
in particular, defines some basic data communications principles, and it explains the data features that your
communications system offers.

Refer to|chapter 1, Introduction to Connectivity,|for information on the types of transmission that can be
used to carry data, and the types of trunks and multiplexing available.
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DATA COMMUNICATIONSVARIABLES

Data termina equipment (DTE) are devices where data originates and/or terminates. Host computer ports
and terminal ports usualy function as DTEs. Your communications system can be used to switch data
originating or terminating at any of the following DTES and networks (seelfigure 7-1);]

* Terminals

¢ Personal computers (PCs)

* Hosts

¢ Loca areanetworks (LANS) through gateways and bridges.

¢ Packet switches through external packet assembler/disassemblers (PADS).
How the connections are made varies depending upon the physical, electrical, and logical characteristics of
the transmission. That is, the suitability of a data connection always depends upon the transmission
characteristics of the originating and receiving devices and of the media through which the communications

must travel. To determine whether one DTE can communicate with another, you must consider the
transmission characteristics of the connection. That is, you must know:

* |Whether the communications protocols (including the physical interface — RS-232C, RS-449, V.35
[and so forth) of the originating and terminating DTES match|

¢ |Whether analog or digital facilities are being used for the connection|

¢ \Whether both DTES are synchronous or asynchronoug

¢ \Whether the DTES expect communication in the ssmplex, haf-duplex, or full-duplex modg

¢ |Whether the information (bits) are transmitted in parallel or serially]
¢ [The speeds at which the DTES operate]

¢ [Thetype of communications channels used in the connection|

The transmission characteristics of the originating device or network must match those of the receiving
device or network unless a conversion device is placed in the communications path. Some of the needed
conversion is provided by data communication equipment (DCE), like modems and data modules. For
more complicated conversions, computers that perform as converters are placed in the communications
path.

Communications Protocols

When you design a communications path, you must consider three types of protocols:

* Protocols that originate and terminate at the data communications equipment (DCE) (like modems, data
modules, data service units [DSUs]). These DCE-created protocols prepare the signal for transmission
through the switch.

* Protocols that originate and terminate at the DTEs or networks. These protocols make the transmission
understandable to the destination DTE. If the originating DTE or network protocol and the destination
DTE or network protocol do not match, for the transmissions to be understandable, protocol converters,
terminal emulators, or network gateways (for example, routers and bridges) are placed in the
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communications path.

* Interface protocols that control communication between links in a data network, but do not cross the
network. These protocolsinclude the part of the RS-232 protocol that controls communication between
the originating DTE and DCE. Other examples, are the X.25 protocol, which is transformed as soon as
it enters the network, and the X.75 protocol.

describes the DCEs that convert the transmission protocol as the signal enters and exits the
switch. In addition, it describes and explains how to use protocol converters, termina emulation, and
gateway devices in the communications path between DTES and networks using different protocols.

Refer to [chapter 1, Introduction to Connectivity]| and [appendix D, Communications Protocols| for a
description of protocols and the role they play in communications through your communi cations system.

* [Chapter T]traces the conversion of protocols during data transmissions from transmission origination at
aDTE until transmission termination at the destination DTE.

* [Appendix D]lists various data communication protocols. Some protocols (for example, DMI and DCP)
relate to communication between DCEs; others (for example, BCS and SDLC) govern how the DTEs
package their data.

Analog vs. Digital

When speed is valued in a connection, digital facilities are always preferred because they can carry at
speeds up to 64 kbps. (With analog transmission, 9.6 kbps is the highest speed currently practical.) When
the connection is to an off-premises DTE, however, only analog facilities may be either economical or
available. In this case, as the signa enters or exits the switch, you use modem pooling to convert
transmissions between analog and digital. [Chapter § describes and explains modem pooling configurations.

See [chapter 1] for a discussion of the differences between analog and digital communications and the
implications each have in the transmission of data through the switch.

Synchronous vs. Asynchronous

Synchronous and asynchronous transmission (see [figure 7-2)| are named for whether al the bits in a
transmission arrive at a predetermined intervals — that is, whether the bits are synchronized with each
other.

In synchronous transmission, the DTE sends information in bursts of synchronized bits, one byte after
another. The originating DTE packages the bits into packets which conform to a layer 2 protocol (LAPD,
HDLC, and so forth) that the destination DTE understands. (See[appendix D.)]

With asynchronous transmission, however, the time between bursts of bits may be random. That is, in
asynchronous transmission, the DTE sends one group of bits (or burst) at a time, packaging them between
one or more start bits (to alert the destination DTE of incoming data and provide synchronization) and a
stop bit (to tell the destination DTE that transmission has ended).
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Figure 7-2. Synchronous vs. Asynchronous Communication

Protocol converters and terminal emulators can convert communications between synchronous and
asynchronous. See for an explanation of how these devices and programs are used to connect
dissimilar devices.

Simplex vs. Half-Duplex vs. Full-Duplex

The terms simplex, half-duplex, and full-duplex describe the mode of DTE operation (seeffigure 7-3) ]

¢ Smplex communication occurs in one direction only. No communication ever occurs in the opposite
direction.

Because simplex communication only occurs in one direction, its application is limited to monitoring
and broadcast devices, like burglar alarms and telemetric collars for wildlife.

¢ Half-duplex communication occurs in one direction at a time over a communications link. Although
data can be sent in both directions, half-duplex links cannot communicate in both directions
simultaneously.

¢ Full-duplex communication uses a transmission link to communicate in both directions at the same
time.

Note that communication lines are usually 4-wire links that are capable of full-duplex communication.
The DTE dictates whether the link is for full-duplex or half-duplex communication.

In a communications path, the DCEs supervise communication along the link. The DCEs should be set for
the mode of operation the DTES expect.
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Figure 7-3. Modes of Link Operation
Parallel vs. Serial

The terms parallel and serial describe how bits are sent over the transmission media (seeffiqure 7-4) ]

¢ With parallel transmission, al the bits composing the byte are transmitted at the same time, each bit
being sent over a different subchannel. At the receiving end, all the bits are received at the same time
and the byte is reconstructed. Parallel transmission is usually used over low-speed lines since it
multiplies the line speed by the number of subchannels used in the connection. Parallel transmission is
limited to 17 feet because, over greater distances, variations in the speed of the subchannels may occur,
causing transmission errors.

¢ With seria transmission, the bits are sent, one after another, over a single transmission channel. Data
transmitted through your communications system is sent serially.

Transmission Speed

Transmission channels that are switched through your communications system can travel at speeds up to 64
kbps. At the DTEs and DCEs speeds can be set to the following values: 300 bps, and 1.2, 2.4, 4.8, 9.6,
19.2, 56, and 64 kbps.

When you set the speed of the devicesin alink, you should remember than the link speed is limited by the
dowest device in the transmission path. Therefore, al devicesin the transmission path should be set to the
speed of the slowest device. This prevents data loss resulting, for example, from a DTE that runs faster
than the DCE with which it communicates.
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Type of Communications Channel

Channels can be classified according to the the type of switch that creates them, the method used to assign
them, the type of information they pass, and the transmission mode.

Creating Switch — Packet vs. Circuit Switches

Data can be channeled through packet switches and/or circuit switches:

* Packet switches transport packets of data — consisting of header, trailer, and text information — as
integral units from their origin to destination. To transport the packets, these switches provide one or
more paths that all connections share. Along these paths, users are assigned a virtual circuit so that
individual communications streams can be distinguished. The virtual circuit consists of all packets of
data that are addressed to the same destination.

¢ Circuit switches provide a dedicated path between two endpoints. On circuit switches, datais sent as a
continuous stream of bits, bandwidth is guaranteed, and delay is limited to propagation time.

The DIMENSION, System 75, System 85, and Generic 1 and 2 communications systems provide only circuit
switching, although they can interface with packet switches through external packet assembler/disassembler
devices. Seelchapter 8 for more details on the type of connection.
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Channel Assignment — Dial-up vs. Dedicated Connections

The assignment of a communications stream to a path or channel through a circuit switch is made
dynamically or on a permanent basis.

* The dynamic assignment of a communications stream to a channel is provided when the user dias the
telephone number of the destination. The resulting connection is sometimes caled a dial-up
connection.

* When the originating DTE cannot dial a destination, an internal switch channel can be permanently
assigned to the connection. The permanent assignment of a communications stream to a channel is
achieved through a feature called the dedicated switched connection on the System 85 (R2V3 and
R2V4*) and Generic 2 communications system. On the System 75 and Generic 1 communications
system, permanent assignments are provided through the permanent switched connection feature.
Connections that result from these features are sometimes called nailed-up connections.

Permanent and dedicated switch connections can be used for connections that normally require special
wiring. One application is in the connection of packet switches through a dedicated channel on the System
75, System 85, and Generic 1 and 2. See|chapter 9]to determine how these connections are configured.

Channel Information —Bearer vs. Sgnaling Channels

Channels on a communication link can pass data created at the originating DTE, or signaling data created
by the switch or DCE.

On DS1 links administered for 24th-channel signaling, the switch creates and inserts signaling information
on the 24th channel. All other channels pass DTE/DCE-created information.

On PRI links, the switch uses the D-channel to pass both signaling and caller information. The D-channel’s
ability to carry information is used in telemarketing gateway applications to give a host information on an
incoming call. It isalso used in the lookahead interflow application to tell a switch of an upcoming ACD
cal. (Seelchapter 8lfor more details on the telemarketing gateway applications.)

Note: Although the Generic 2 communications system provides a BRI port, which interfaces with the
ISDN-BRI standard of two B-channels and one D-channel, it cannot handle X.25 packets transported over
the D-channel.

Transmission Mode Changes and Modem Pools

Datais carried over communications channel as analog or digital signals. The type of signal used depends
upon the type of facilities available. The transmission mode of digital data that must travel over analog
facitilies must change to analog before those facilities can carry it. Similarly, analog data destined for a
digital port must be changed to digital.

*  Only the System 85 R2V4 can send data over a dedicated switched connection.
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At the point in the communications stream where the transmission mode changes between analog and
digital the switch automatically inserts a modem pool member. (See the[Transmission Sateq section of
for further details on the points in the transmissions stream where transitions from analog to
digital may occur.) A modem pool member is an arrangement of data modules and modems that takes
analog signals and transforms them to DCP and vice versa. It consists of an analog port, a modem, a DCP
data module, and a DCP (GPP on the S85/G2 or digital-line on the S75/G1) port arranged in tandem.

See[chapter 8for specific modem pool configurations.

SPECIAL DATA FEATURES

Y our communications system offers the DTEs you connect through it some standard data service features.
These include: a data call setup through a voice terminal, terminal dialing, data hot line, data privacy, data
protection, data restriction, data off-premises extension. shows the communications systems and
releases on which each feature is available. The remainder of this chapter provides an overview of these
features.

For more details on these features, see;
* The switch features chapter of Data Switching Applications, 555-035-002

¢ DEFINITYLD Communications System, Generic 2 and System 85, Feature Descriptions, (555-104-301)

¢ DEFINITYOD Communications System, Generic 1 and System 75 and System 75 XE, Feature Descriptions,
(555-200-201)

Terminal Dialing

This feature lets users set up and disconnect data cals directly from an asynchronous data terminal. Users
can use either of two methods to dial from their terminals:

* Break signal dialing — The incoming port recognizes a new call when the user dertsit by pressing the
BREAK key. Switch-generated prompts, like "DIAL," "RINGING," "WAIT," and "ANSWERED,"
guide the user through the keyboard-dialing session.

* Hayes-AT dialing — The incoming port recognizes a new call through a particular command the
Hayes-AT compatible DCE sendsit. The DCE, rather than the switch port, guides the user through call
Set-up.

The basic terminal dialing offering is numeric dialing. Default terminal dialing and mnemonic terminal
dialing are variations of basic terminal dialing that are available on the System 85 (R2V3 and R2V4) and
Generic 2 communications systems. These variations require switch administration.

* Default termina dialing places a data call to a predesignated data endpoint by simply entering a "null"
character. For a given data module, the default destination number is administered on the switch. The
default number can be up 20 characters long.

* Mnemonic dialing lets the user enter an alphanumeric code, rather than a numeric extension, to reach a
destination. This allows users to enter a computer’s name rather than the telephone number of the
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Table 7-1. Data Feature vs Communications Systems

u o System 75 g o System 85 g g
SI)ataServicec Features mR1V1 OR1v2 OR1v3 Generic1 pR2v1 OR2v2 OR2v3 OR2v4 Generic2
0 ] | [ I 0
[Data Call Setup From aVoice Set m B g 0 m B B B 0 0
| i ] [m O 0
1-Button Transfer with Preindication pYes O Yes U Yes Yes Yes UYes Oves Ovyes Yes
O m 0 0 ad m 0 0 0 O O
0 Manua Transfer MYes Yes pYes O Yes [MYes Yes jYes jYes O Yes [
T T -
Cfermina Dialing m 0 . 0 m 0 0 N O 0
B Numeric Diaing %Y&s OvYes UvYes B Yes % Yes UYes OYes OVYes B Yes B
0 Default Dialing m No B No B No O No [ No B No BYS BY&S O Yes [
U Mnemonic Diaing MNo gNo gNo O No ONo [ No Yes jYes O Yes O
0 T——=—+=—5 T—e—8—=—F 0
Computer Diding m Yes B Yes g Yes O Yes [mmYes g Yes B Yes B Yes O Yes QO
= ol = = o 0 0 O 0 . .
ataHot Line No OvYes OYes Yes No O No O No UOYes Yes

i ] [m O 0
. 0 O 0 = s 0 0 0 = 0
= . . E | O E ﬁ ] | O O 0
BDataPrlvacy/DaIaProtectlon m Yes [0OYes [IYes 0 Yes m Yes O0Yes JYes [Yes 0 Yes 0
00 1 EJ B ad m B El B O g
[(Data Restriction/Data Protection 0 Yes Yes Yes O Yes [vYes Yes Yes Yes O Yes O
0 m - O 0 m - - J 0 i

[l I -1 - 1

0 _ _ m 5 5 0 m 5 5 5 0 O
[Data Only Off-Premises Extension mYes Yes Yes [ Yes [mVYes Yes Yes Yes O Yes [
0 (M B B 0 i B B B d 0

computer port. In the administration of mnemonic dialing, one table that cross-references mnemonic
names to telephone numbersis created and maintained on the switch.

Data Call Setup From aVoice Terminal

This features lets users dial the data endpoint from a voice terminal with an associated data module. This
feature must be used in lieu of Terminal Dialing to establish connections for synchronous (for example,
IBM 3274) terminals that do not have an RS-366 automatic calling unit (ACU) interface.

Computer Dialing

This feature makes it possible for a host computer to automatically dial a data endpoint. Hosts can
originate data calls when their ports are equiped with data modules or modems that have an ACU. The
hosts must aso have software that manages call initiation and termination.

DataHot Line

With this feature, the switch automatically dials a default number when the user presses the BREAK key at
the terminal or the Originate/Disconnect bottom on the data module. This feature is an administrable
option.
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Note that BRI terminals follow the asynchronous user interface specification, which means that the
terminals are always in the command maode by default. This implies that whenever a call is to be placed,
the user must always dial "d<CR>" at the very least. Since the concept of hot lines means that all a user
need do is go off-hook to place a call, there is really no such thing as a true hot line for BRI terminals.
Instead, the keystroke sequence described would result in dialing the hot line number.

Data Protection

This DIMENSION, System 85, and Generic 2 feature protects data calls from intrusions by any of the system
bridge-on features (for example, Call Waiting, Override, Busy Verification).

Data Protection is provided in two forms:

¢ Data Protection — Temporary lets user activate Data Protection on a per-call basis by entering a dial
accesscode. Thisfeatureis active by default on the System 85 and Generic 2 communications systems.

¢ Data Protection — Permanent is assigned through system administration to lines and trunks used
primarily for data calls.

Data Privacy

This System 75 and Generic 1 feature protects anal og data calls from being disturbed by any of the switch’'s
signaling or ringing features. With Data Privacy, the switch cannot access the protected call or
superimpose any tones onto it. This feature is equivalent to the Data Protection — Temporary feature on
the DIMENSION, System 85, and Generic 2 because it is invoked on a per-call basis through a dial access
code that the user enters when placing the call.

Data Restriction

This System 75 and Generic 1 feature protects anal og data calls from being distrubed by any of the switch’'s
signaling or ringing features. With Data Restriction, the switch cannot access the protected call or
superimpose any tones onto it. This feature is equivaent to the Data Protection — Permanent feature on
the DIMENSION, System 85, and Generic 2 because it is assigned to a line or trunk through system
administration.

Data Only Off-Premises Extension

This feature lets on-premises users establish data calls to remote DTEs or DCEs over digital or analog
facilities. Operation of this feature is transparent to all users. Through the feature, any on-premises
terminal can access a remote data endpoint as though it were on-premises, as long as the local and remote
DCEs are compatible. Some possible configurations are shown inffigure 7-5]



7-12 DATA CONNECTIVITY — AN OVERVIEW

"UPTO21
SYNCHRONOUS
p RS-232C CHANNELS'
['MTDM | /
: . DDS
DCP RS-232C .
Ve : M NETWORK
U DSU FACILITIES
X
DCP RS-232C
SYSTEM 85, MTDM |
SYSTEM 75,
o DATA
CENEIC 12 TERMINALS
L AND/OR
HOST
COMPUTER
PORTS
3002 TYPE PRIVATE
LINE FACILITIES
— ODEM / MODEM ~ OFF-PREMISES
l- EQUIPMENT
DDS
NETWORK
MTDM DSU FACILITIES
UPTO4
MODEM | | syNCHRONOUS
DsU SHARING [ | pATA CHANNELS
ey DEVICE —— | TO OFF-PREMISES
[ MTDM | EQUIPMENT (NOTE 1)
o DSU DTE

NOTE:
SYNCHRONOUS-TO-ASYNCHRONOUS ADAPTERSMAY BE ADDED AS REQUIRED.

Figure 7-5. Off-Premises Data-Only Extension — Configurations



8. DATA COMMUNICATIONSCAPABILITIES

Y our communications system can be used to connect a single endpoint with the the following devices and
networks for data communications:

¢ |Data_terminal _equipment (DTES), such as PCs, CRTs, printers, computer port§ — through data
communications eguipment (DCEs)

¢ |Loca area networks (L ANSs)|— through gateways, routers, and bridges

¢ |Public and private data networkg— through special access arrangements
¢ |Telemarketing hosts— through DCIU, PI/SCI, and ISDN-PRI connections

This chapter lists the devices and networks with which your communications system alows you to
communicate and it describes how the connections are made. aso illustrates some of the more
complicated connections.
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DTE CONNECTIONS

Through your communications system, you can communicate with both asynchronous and synchronous
DTEs. The DTEs may include terminals and persona computers, as well as host computer ports.
Designing these connectionsis a multi-step process:

[First, you must determine whether the DTEs are compatible| Asynchronous terminals must
communicate with asynchronous hosts, unless protocol converters are inserted in the communications
stream, or special terminal emulators or data communications packages are used.

[Second, you must be aware of the possibilities in data communication equipment (DCES), like modemg
[and data modules, you can install ]

[Third, you must decide which DCES are appropriate for your installation.| The DCE you choose will
depend on the communications system ports you use, the communications characteristics of the DTES
(for example, asynchronous vs synchronous, full duplex vs half duplex, data speed, and so forth), and
the desk-top profile (standalone DCE, intergrated DCE/voice terminal) you want for your DTE/DCE
combination.

[Last, you must identify whether the communicating DTES require modem pooling in the connection.|
To communicate with an off-premises DTE, modem pooling may be required to convert signals
between digital and analog. Similarly, DTEs that are communicating in different transmission modes
(that is, one DTE is using analog transmission, the other digital transmission) require modem pooling,
regardless of whether they are on the same site.

DTE COMPATIBILITY

Y ou can solve the connectivity problems of incompatible DTES by:

lInstalling protocols converters between the originating and destination DTE |

Running a terminal emulation application, provided as a standal one application or integrated into a datd
communications package, on the personal computers and/or hosts that you want to communicate withi

|each other |
IInstalling the PC/PBX or PC/ISDN Platform in your IBM XT/AT compatible personal computer.|

Protocol Converters

Many vendors offer protocol converters that convert messages, for example, between the asynchronous and
synchronous formats, between ASCII code and IBM’s SNA/SDL C protocols, and so forth.

Currently, for protocol conversion, AT&T offers only the 3270C data module. The 3270C, which converts
DCP protocol to coax-A protocol, alows a PC equipped with the PC/PBX 3270 emulation package to
communicate with an IBM 3270 cluster controller through the switch over atwisted pair connection.
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Terminal Emulators

Many host and personal computer manufacturers endorse terminal emulation software that will send datain
aformat that the destination DTE expects. For example, DEC's VT1000 terminal emulation package, and
AT&T's ATT513 and ATT4410 packages give IBM-compatible PCs the ability to communicate in the
same formats as the terminals for which the packages are named. In addition, some data communications
packages — like TERRANOVA[L — provide IBM-compatible PC users with terminal emulation, file
transfer, and scripting capabilities. Ask your computer manufacturers to recommend a communications
package for your PC or host.

PC/PBX or PC/ISDN

The PC/PBX and PC/ISDN are both hardware/firmware platforms on which terminal emulation software
runs. Both are housed on circuit boards that can be plugged into an IBM XT/AT compatible personal
computer. When either of these boards are in place, you can use their respective 3270 emulation or
asynchronous communications packages to communicate with a host. shows how to configure
the connection between an IBM mainframe and a personal computer on which the PC/PBX or PC/ISDN
platform and 3270 emulation are running.

—— P P
CLUSTER FRONT
my bcp gg( ,,,,,,,,, gg = 8210C | CONTROLLER [ END o
C R C R PROCESSOR
PC/IPBX AN
\\
N\
N
. P
Jof oM COMTEN
S R PROCESSOR
/// 1 T
ml Br | Bol D&
A C R 3270C
= T P oer
PC/ISDN

Figure8-1. PC/PBX and PC/ISDN 3270 Emulation Connections

Note that the PC/PBX communicates through a DCP port (known as a digital-line port on the System 75
and Generic 1 communications systems, and as a GPP port on the System 85 and Generic 2
communications systems); while the PC/ISDN uses a BRI port (currently available on the Generic 2
communications system only, but soon to be available on the Generic 1) for the PC connection, but a DCP
port (GPP or digital-line port) for the 3270C connection. PC/ISDN sends data over both the BRI B-
channels and the D-channel. The Generic 2 system can circuit switch the B-channel data, but cannot
process the D-channel X.25 data packets.
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DCE POSSIBILITIES

DCEs that communicate with AT& T communications systems can be categoried as follows:

[Data Modules — Link DTEs with the switch's digital ports — that is, BRI and DCP ports. Because
data modules are digital, they cannot be used with standal one remote DTEs that communicate through
the public network unless DSUs and the DATAPHONE digital service are provided at the remote end of
the connection.

Note that although data modules always function as digital data communications devices, some data
modules provide either a DCE or DTE interface. DCE interfaces communicate with DTEs, like
terminals, PCs, computer ports, DTE interfaces communicate with other DCE devices, such as modems
and DSUs.

JAsynchronous Data Units (ADUSs)|— Extend a DTE RS-232 link for connection to a switch or host EIA
port. The switch EIA port contains a data module.

[Modemd — Link DTEs with analog ports on the DIMENSION, System 75, System 85, and Generic 1 and
2 communications systems.

Seeffigure 8-2 for some possible configurations.

Data Modules

The data modules that are available for connecting terminals or hosts through the switch can be voice
terminal adjuncts or standalone units.

Voice Terminal Adjunct Data Modules

Voice terminal adjuncts units are data modules that are integrated into the voice terminal design such that
the voice terminal and the data module create a single footprint. Voice terminal adjuncts data modules
include the following:

7404 Data Module* — A DCP data module built into the 7404 voice terminal. The module provides an
RS-232C asynchronous DCE interface.

7406 Data Sand* — A DCP data module that includes a base large enough to mount the 7406D voice
terminal besideit. The stand provides an RS-232C asynchronous DCE interface.

7407 Data Sand* — A DCP data modules that includes a base large enough to mount the 7407D voice
terminal besideit. The stand provides a RS-232C asynchronous DCE interface.

Digital Terminal Data Module* (DTDMs) — DCP data modules that can attach to the 7403D and
7405D voice terminals.

Asynchronous Data Modules (ADMs) — BRI data modules that connect to the 7505, 7506, and 7507
voiceterminals. ADMs provide an RS-232D asynchronous DCE interface.

*

Manufacturer discontinued (MD)
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Standalone Data Modules

Standal one data modules are self-contained pieces of egquipment that transform the transmission signal as it
enters and exits the switch. Standal one data modules include the following:

AD

For

Modular Processor Data Module (MPDM) — A DCP data module that is used for both synchronous
and asynchronous applications. It supports synchronous speeds up to 64 kbps, and asynchronous
speeds up to 19.2 kbps. The MPDM can be provisioned with the ACCUNET modification kit. With this
kit, the MPDM is caled the MPDM/M1* or the ACCUNET MPDM.

Modular Trunk Data Module (MTDM) — A DCP data module that provides a DTE interface in modem
pooling arrangements. It supports both synchronous and asynchronous speeds up to 19.2 kbps.

7400A — A DCP data module that offers both DTE and DCE interfaces. When it functions in the DCE
mode, it provides break-signal and Hayes-AT dialing, and supports both terminal and host port
connections. In the DTE mode, it functions in a modem pool through either the D-lead or Hayes AT
command set. Itsprimary useisin modem pooling arrangements with analog modems.

7400B — A DCP data module that offers Hayes AT command set functions. Its primary useisin desk-
top arrangements that need to support either standalone asynchronous terminal connectivity or
connectivity for both a 74X X voice-terminal and aDTE. Note that the 7400B can only be reset through
aterminal — no manual controls are provided. Therefore, it is not recommended for host applications.

7500B — A BRI data module that provides both a DTE and DCE interface. Without an associated
voice termina, the 7500B provides connectivity for a DTE with aswitch BRI port.

3270C — A data module that converts DCP to coax-A protocol so that PCs that emulate 3270 terminals
can access a 3270 cluster controller through the switch. The module is placed between the
communications system port and the cluster controller.

Us

connection to EIA ports, AT&T offersthe following:

Asynchronous Data Unit (ADU) — A limited distance unit that can connect a DTE to an EIA port on a
communications system or host. The ADU extendsthe DTE's RS-232 interface over greater distances.

MADU — An 8-port ADU.

Modems

AT&T, Paradyne, and many other vendors, offer modems that can connect your DTESs to an analog port.
Check the most current sales catal ogues to find the modem that best meets your needs.

DA

TA MODULE CHARACTERISTICS

To determine which data modules are appropriate for your installation, you must match their characteristics
with the characteristics of the DTES you want to connect and the communications system ports you want to
use.
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If you choose to use DCP (digital-line or GPP) ports for the connection, refer to [table 8-1] to determine
which DCE best meets your needs. [Table 8-2]lists your choicesif you select aBRI port for the connection.
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Table 8-1. DCP-Port Data Modules

O o ] O O o
] Data 0 Voice [External O O
O Module OTerminal Olnterface O Transmission O Data Rates O
O OAdjunct O O 0 g
O 0 0 O 0 0
0 00 00 0 0 0
Data ] 7404 0 RS-232C [ Asynch, full/half duplex 7 Low, 300 bpsto 19.2 kbps 0
Omodule O 0 a a O
[1 [1 [1 [1 [1 O
O g 0 O 0 g
PTDM 0] 7403 RS232C 5 Asynch, full/half duplex 5 Low, 300 bpsto 19.2 kbps 0
O [ 7405 0 O O 0
! g ! ! ! 0
B703A g 7406 B RS-232C BAsynch, full/half duplex B Low, 300 bps to 19.2 kbps E
rdata 0 0 0 0 0
[stand 0 0 0 O 0
g ! g g g 0
E'701A E 7407 B RS-232C BAsynch, full/half duplex g Low, 300 bps to 19.2 kbps g
rdata 0 0 0 0 0
[stand 0 0 0 0 0
! g m! ! m! 0
BMTDM g None g RS-232C BAwnch, full/half duplex g Low, 300 bps to 19.2 kbps g
0 0 0 0 Synch, full/half duplex 5300 bpsto 19.2 kbps 0
5 = = 5 = 0
BM PDM** g None B RS-232 BAsynch, full/half duplex U Low, 300 bpsto 19.2 kbps E
0 0 0 0 Synch, full/half duplex 0 300 bpsto 19.2 kbps 0
O g | 0 0 0
O O ORS449 O Asynch, full/half duplex O Low, 300 bpsto 19.2 kbps O
B E B B Synch, full/half duplex B 300 bps to 19.2 kbps and 56 kbps E
0 0 0 0 Synch, full duplex 0 64 kbps O
O O L LI LI ]
O O 0OV.35* O Synch, full/half duplex [0 56 kbps O
0 U U U Synch, full duplex U 64 kbps U
O | O O O 0
O ] ] O O o
[]7400A ] None 1 RS-232D [ Asynch, full duplex ] 300 bpsto 19.2 kbps 0
g ! g g g 0
5'74005 gAny B RS-232D BAsynch, full duplex g 300 bpsto 19.2 kbps g
7400
B H B B B B

* Two V.35 interfaces are available on the MPDM: option 1 allows the DTE to control the DTR lead; option 2 maintains the DTR

lead high at all times. Use option 2 if an automatic calling unit, or a DTE that cannot control the DTR, isinvolved in the connection.

** Can be provisioned with or without an RS-366 interface.

(Continued)
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TABLE 8-1. DCP-Port Data Modules (part 2 of 2)

0 0 _ 0 0 0 0
O Data O Voice [ External O O O
0 Module OTerminal O Interface 0 Transmission O Data Rates O
0 0 Adjunct O 0 0 0
O O [ O N O
O O O . ) O O O
OPC/PBX 0 Any ] 8-pin modular jack 7 Asynch, full duplex [ 300 bpsto 19.2kbps
(] 0 7400 g (] O 64-kbpsfiletransfer [0
1 [1 [1 1 1 OJ
OPC/PBX g Any O &pinmoduarjack £ 3270 5 64 kbps .
Ow/3270 emul 7 7400 0O 0O O O
= = = = = 0
O O O O O O

3270C None Type A coax 3270 2.358 Mbps
5 5 g P 5 5 P B

Table 8-2. BRI-Port Data Modules

O O ) O O O O
0 Data O Voice [ External 0O 0 O
00 Module OTerminal O Interface O Transmission O Data Rates O
O O Adj unct O O O O
O O O O O O
O O O O O O
[]7500B* ] None 0 RS-232D ] Asynch, full duplex ] 300 bpsto 19.2 kbps [
a O O O Synch, full/half duplex [0 1200 bpsto 19.2 kbps O
0 0 [ [1 [1 ]
O O O O O O
0 0 0V.35 0 Synch, full/half duplex 5 56 kbps 0
0 0 O 0 Synch, full duplex [ 64 kbps O
- - - - - O
EADM B 7505 B RS-232D E Asynch, full duplex E 300 bpsto 19.2 kbps E
0 g 7506 0 0 0 0
0 0 7507 0 0 0 0
H H H H H {1
O O Oq ; O O O
DPC/ISDN 0 None 0 8-pin modular jack 0 Asynch, full duplex 0 300 bpsto 19.2 kbps 0
0 0 0 0 ] 64-kbpsfiletransfer 5
= & = & = O
Upc/ISDN U None U 8-pin modular jack U 3270 U 64 kbps g
Dwizero D o = = =

emulation g g g o g
H B H H H H

* Can be provisioned with or without an RS-366 interface.



8-10 DTE CONNECTIONS

MODEM POOLING CONNECTIONS

Modem pooling connections are used under the following conditions:
* When an off-premises connection is made over analog facilities, while on-premises facilities are digital .

* When an off-premises connection is over a DS1 facility that is administered as a "voice." (Seel[figurd
[8-Bfor this type of modem pooling arrangement.)

* When the originating and destination DTES are using different transmission modes (that is, one DTE is
using analog transmission, while the other is using digital transmission), regardless of whether they are
both at the same site.

For these connections, a modem pool member is inserted in the transmission stream at the switch port
where the signal changes between analog and digital. Each modem pool member includes a digital port, a
digital data module, an analog modem, and an analog port arranged in tandem. With Generic 1 and 2
communications systems, you can assign a bearer capability class to both the line and trunk such that an
appropriate modem pool will automatically be inserted into the communi cations stream.

Both D-lead and Hayes AT command set compatible modems and data modules can be used in a modem
pool. On outgoing calls, the modem pool’s data module controls the data call’s initiation. During call
initiation, D-lead and Hayes AT command set compatible data modules use different methods in directing
the modem to go off-hook:

¢ D-lead data modules momentarily close the D-lead between the data module and the modem.

* Hayes AT command set compatible data modules send the modem an "AT D" command.

Note: Hayes AT command set modem pooling configurations are currently recommended for new
installations.

There are two types of modem pools — external and integrated:

* On the System 75, System 85, Generic 1, and Generic 2 communications system, the external modem
pool arrangement consists of a DCP port (TN754 or SN270), an MTDM or 7400A data module, a
modem, and an analog port (TN742 or SN243) connected sequentially (seelfigure 8-3)

¢ The integrated modem pool is only available on the System 75 and Generic 1 communications system
(seelfigure 8-4)] On these communications systems, it is implemented through the TN758 port board.
The board emulatesan MTDM, a 212AR modem, an analog port, and adigital port.

Specia care must be taken when modem pooling is used with alternating voice and data trunks. That is,
when a trunk is administered as AVD, it can carry only voice and digital data. Non-AVD, voice trunks
carry only voice and voice-grade data. This is so if modem pooling is required in the link, the
analog/digital transformations will be both accurate and consistent.
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LOCAL AREA NETWORK CONNECTIONS

A loca area network (LAN) is a collection of geographically close PCs, printers, and hosts that
communicate with each other over a high-speed link. For each PC, the LAN provides high-speed access to
shared hardware (like, printers and disks) and software (like, spreadsheets and communications-handling
routines). InaLAN, the PCs, printers, and hosts are known as network nodes.

LANSs vary according to their topology, and the communications protocols and transmission media they
use.

LAN TOPOLOGY

In general, alocal area network will assume one of the following topologies:

e Sar — A topology where all network nodes are connected to a central switching hub by a dedicated
link. AT&T’'s StarLANU, Datakit[1, and Information System Network(] (ISN) are configured in star
arrangements.

* Ring — A topology where the network nodes are arranged around a single, shared link. Each node is
connected to two adjacent nodes. IBM’ s token ring arrangement assumes this configuration.

* Bus— A topology where the network nodes are arranged linearly along a single, shared link. The link
has a source point and a sink (termination) point. Ethernetl] and a version of the StarLAN are
configured in this arrangement.

LAN PROTOCOL

Many LANSs use one of a family of IEEE layer 2 protocols that govern how the nodes access the network
link. These protocols are IEEE 802.3, 802.4, and 802.5.

* |EEE 802.3 — This protocol is sometimes called CSMA/CD (Carrier Sense Multiple Access with
Collision Detection). It provides immediate access to the link by al attached nodes and a set of rules
that governs resending packets upon the detection of a packet collision (two nodes transmitting
simultaneously). Both StarL AN and Ethernet use this protocol.

* |EEE 802.4 — This protocol is sometimes called token bus. It provides rules for how data is to be
passed from node to node in a bus- or tree-configured network. The token bus protocol has limited
application and is found most often in manufacturing, assembly-line environments.

* |EEE 802.5 — This protocol is sometimes called token ring. It provides rules for how data is to be
passed from node to node in a "ringed" network. The protocol provides methods that nodes can use to
reserve the link, give priority to their messages, determine whether their messages reach their intended
endpoints, and so forth. The IBM token-ring network is the primary user of this protocol.

8-13
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LAN TRANSMISSION MEDIA

The transmission media through which LAN nodes are linked may be fiber optic cable, coaxia cable,
twisted-pair, or a combination of these. Each transmission medium has a maximum data rate, and distance
and capacity limits that characterizeit:

Table 8-3. LAN Transmission Media Characteristics

0 . a a_.
0 Transmisson [Maximum [jDistance

O Medium OData Rate O Limit
1 1 1

Epoaxial cable 850 Mbps 100 km

5km

ooogono

] )
ETTwisxed pair 816 Mbps

MoOooOoooo :I%I:II:I
=
o
o
(=]
o

0 _ 0 0 0
Hzlber optic cable Hl.? Ghbps H 200 km 100 H

Diverse transmission media along LAN communications paths are linked through adapters or connectors.
Adapters allow the transmission media along the same LAN to change, for example, from fiber optic cable
to twisted pair. Connectors can provide changes in the transmission media, but their major purpose is to
provide LAN access to outside networks and terminals.

LAN CONNECTORS

Generally, three types of connectors — bridges, routers, and gateways — link LANs to outside terminals or
networks. These connectors provide external access and translate messages between protocols. The kind of
connector that is appropriate for a configuration depends upon where the differing protocolsfall in the Open
System Interface (OSI) hierarchy. (See[appendix D]for an explanation of the OSI hierarchy.)

* Bridgestrandate data-link layer (layer 2) messages.
¢ Routerstrandate network layer (layer 3) messages.
¢ Gateways trangate messages at layers higher than the network layer.
Most often, the installation of a circuit-board, along with specialized communications software, transforms

aLAN node into a LAN connector that functions as a bridge, router, or gateway for outside access to the
LAN.

ADVANTAGES OF A COMMUNICATIONS SYSTEM IN A LAN ENVIRONMENT

Linking a LAN to a communications system can offer three distinct advantagesto the LAN user:

* [First, it can let LAN nodes and outside (both on-premises and off-premises) DTES communicate with|
[each other] This means:
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— It can give outside users access to the LAN and the hardware and software resources that reside

there.

— It can provide LAN users with access to the lines and trunks attached to communications system.

¢ |Second, it can let LAN nodes communicate with nodes in other networks.|

e [Third, for LAN nod

Communication Between the LAN and Outside DTEs

the communications system can provide switched access to the LAN server|

[when direct access through the usual LAN Tinks is blocked ]

LAN nodes must be intelligent enough to understand and regenerate LAN protocols. Therefore, network
nodes are most often PCs or other hosts. Outside terminals usually access the LAN through a circuit-
switched, dialed-up connection. The connection links the terminal with a gateway PC that is both a LAN
node and an extension on the communications system. The gateway must be executing software that can
transl ate messages between the LAN’ s protocol and the outside terminal’ s protocol.

OUTSIDE PC
(ON-PREMISES)

OUTSIDE PC
(OFF-PREMISES)

S75/S85/G1/G2 CATEWAY
PC
e Ch
L——41— ApU
: ST
A |
N - g 7400A
|
5 ]
G| 17 !
|- | |
| |
| |
| |
| |
MODEM
POOL

LAN

Figure 8-6. Outside DTE Accessto LAN

The general configuration for communication between the LAN and outside DTES is shown in[figure 8-6]
The configuration can be applied to the connection of any outside terminal to a StarLAN, Ethernet, or token
ring LAN. However the software that runs on the gateway PC to provide access for outside terminals
varies with the type of LAN and the operating system it uses. The following table lists some packages that
run on the gateway PC to provide access for outside terminals. Note that any of the operating systems
shown in the table can run a StarL AN, token ring, or Ethernet LAN.

Table 8-4. Gateway PC Software
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U Typeof U Operating U Gateway PC g
0 LAN U oygem O Software .
arLAN, UstarRoUPO  BLAN Manager Remote Gateway C

. O 0
[fokenRing, or [JAsynchronous Gateway Server
Ethernet 0 0 0
0 = = [
0 0 Do mial 0
0 DBanyan DPC Dial-In O
0 0 0 0
0 ONovell HAccess Server 0
0 0 [l 0

ISN is not listed in the above table because, unlike the StarLAN, token ring, and Ethernet LANS, ISN
provides remote terminal access through its concentrator, rather than a gateway PC.

Communication with LANs That Use the StarGROUP Operating System

AT&T offers two packages that provide access to and from LANSs that use the StarGROUP operating
system: the LAN Manager Remote Gateway and the Asynchronous Gateway Server. Both packages can
reside on a 6386 PC that runs UNIXO. The 6386 PC acts as a gateway and is the communications link
between the communications system and the LAN. (For more details, see the AT& T SarLAN Hardware
and Star GROUP Software Solutions Marketing Guide, 315-238.)

* LAN Manager Remote Gateway — This package allows outside users to access a LAN’s hardware and
software resources through the communications system. The package consists of two pieces of
software: the remote PC client LAN Manager software and the remote gateway software. The remote
PC client software resides on the outside PC that is seeking access to the LAN. The remote PC server
software resides on the gateway PC that is a LAN node. The gateway must be a 6386 PC on which
UNIX isrunning.

Recommended access to the gateway PC through the communications system is via a DCP port and a
7400A or 7400B data module (an EIA port and ADU may also be used) to the network access unit
(NAU) expansion board in the gateway PC (seeffigure 8-7).] Calls up to 19.2 kbps from the remote PC
to the gateway are supported. Outbound calls from a LAN node are not supported.

¢ Asynchronous Gateway Server — This package allows LAN users to access outside resources through
the communications system. The package resides on a 6386 gateway PC on which UNIX is running.
The gateway PC must be anode in the LAN and must also be connected to the communications system.

(Seeffigure 8-8.)

Asynchronous gateway software supports only outbound communications. The gateway can maintain
communication between LAN nodes and up to 34 outside DTEs. A LAN MS-DOS node (client PC)
accesses outside DTEs through the interaction of the terminal emulation software that runs on the client
PC and asynchronous gateway software running on the gateway PC. DOS communications provides
the client PC with services necessary to access asynchronous hosts for terminal sessions and file
transfers.

Access to/from LANs That Use Other Operating Systems

The connections necessary to access these LANSs through the communications system are very similar to
those needed for access to or from a LAN operating with StarGROUP software. That is, for outside
asynchronous terminal to access to the LAN, a LAN PC must be chosen as the gateway. This gateway PC
must have access to both the LAN and the communications system. In addition, the gateway must be
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Figure 8-7. Outside PC Accessto aLAN Operating with StarGROUP Software
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Figure 8-8. Asynchronous Communications from LANs Operating with StarGROUP Software
running communications software similar to those shown intable 8-4.
Note that the number of simultaneous connections the gateway can support, the speed of the connections,

and the software that the remote (client) PC must be running vary with the gateway PC software and
hardware constraints. Check the gateway software documentation for these particulars.
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ISN Communication

The AT&T Information System Network (ISN) is a packet-switched LAN that links its nodes together
through a data-only digital switch. Communications between ISN nodes and other DTEs is through an 1SN
concentrator and the communications system. The interface between the communications system and the
ISN concentrator is usualy through an EIA-port/ADU combination to an Asynchronous Interface Module
(AIM) on the ISN concentrator, although other configurations are possible. See[figure 8-9 for the most
common configuration. Refer to the AT& T Cross-Product Applications — Connectivity Reference manual,
Issue 2 (555-025-901), for other possible configurations and for the ISN and communications system
administration that must be performed to implement each configuration.

OUTGOING
FACILITIES
SYSTEM 75
OR
TERMINALS SYSTEM8 —= A 1SN = ISN TERMINALS
PRINTERS SWITCH [ CONCENTRATOR SWITCH PRINTERS
AND M AND
COMPUTERS COMPUTERS
INCOMING
FACILITIES

Figure 8-9. Common ISN Configuration

Communication Between the LAN and Other Networks

For communication between LANS over dedicated or dial-up circuit-switched facilities, bridges or routers
and MPDMs are required at each end of the connection. The genera configuration for this type of
connection is shown inffigure 8-10/ [Table 8-5|lists some of the communications packages that provide this
LAN-to-LAN communication.

Of the bridge/router packages shown above, only Gateway Communications provides synchronous
communications between different types of LANSs (for example, between token ring and Ethernet LANS).
All other packages reguire that the communicating LANSs be the same type.

Of the packages shown, AT& T offers two — the X.25 router and the SNA gateway.

The X.25 Router

The X.25 router enables communication across a System 75, System 85, Generic 1 or Generic 2
communications system for LANs that run with the StarGROUP operating system. (Seeffigure 8-11.

The router can be implemented on a 3B2 or 6386 PC. Although the router need not be dedicated to X.25
operations, it must be anode on aLAN operating with the StarGROUP software, as well as be connected to
the System 75, System 85, or the Generic 1 or 2 communications system. At the LAN side of the router is
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S75/S85/G1/G2 S75/S85/G1/G2
BRIDGE D Dl 11 |D D BRIDGE
LAN +— OR MPDM C S S C MPDM OR —— LAN
ROUTER P 1 1 P ROUTER

Figure 8-10. LAN-to-LAN Connections Through the Switch

Table 8-5. LAN-to-LAN Communications Packages

O 0 ) ] o O
0 Typeof ] Operating [ Communications 0
0 LAN 0 System O Package O
i O O (]
[StarLAN, OStarGROUP [JX.25 Router 0
Uroken Ring, or U LUSNA Gateway g
%thernet O O O

0 0 0
O O 0 O
[(BtarLAN or ONovell OGateway Communications a
Uroken Ring U U g
0 0 0 O
O ) 0 o . . U
[roken Ring OAny Microcom MLB-6000 Bridge
O O OCisco Router O
g U UVITALINK TransRING Bridge U
[ H| 0 i
0 0 o : u
CEthernet OAny OMicrocom MLB-6000 Bridge
O O OCisco Router O
g U UVITALINK TransRING Bridge U
O O 0 O

a Network Access Unit (NAU) interface; on the communications system side, is the X.25 circuit card, an
MPDM, and a DCP port. A System 75/G1 permanent switched call or a System 85/G2 dedicated switched
connection is used to connect the MPDMs.

The SNA Gateway

The SNA Gateway enables communication between StarGROUP nodes and a front end processor (FEP) to
an SNA (System Network Architecture) host. For communication between a remote-Star GROUP node and
the SNA host, the SNA Gateway can be used in conjunction with the X.25 router. (Seelfiqure 8-12.

The SNA Gateway package consists of a PC card, gateway software, and a 3270 emulation program. The
PC card and gateway software are installed on the SNA gateway node; the 3270 emulation program runs on
the PC that seeks to access the SNA node. The gateway can maintain communications between the SNA
host and up to 32 LAN nodes at speeds of up 19.2 kbps.
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Figure8-11. X.25/StarGROUP Connectivity
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Figure8-12. LAN/SNA Connectivity

The Communication System as a LAN Backup

In work environments that are totally dependent upon real-time computer interaction, it is very important
that access to the LAN server be highly reliable. One of the most simple reliability schemesis redundancy.
For a LAN, total redundancy may be too expensive. Offering the same required redundancy, however, is
independent access to a communications system for each LAN node. This approach provides a more
economical aternative to a second LAN since the communications system is necessary to basic business
operations and runs concurrently at most LAN sites.

To equip the LAN for this type of redundancy, in addition to each node being connected to the LAN, each
node must also have its own RS-232 connection with a modem or data module for access to the server
through the communications system. In addition, each node must have terminal emulation software
available that will enable it to communicate with the server. For example, communication with a server
from 6386 PC StarLAN nodes may require that LAN Manager Remote Gateway software be available at
each PC.
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This section describes how to use public and private digital data networks to link DTEs and local area
networks spread across a wide geographical area. These data networks ensure end to end digital
transmission and can be packet-switched or circuit-switched.

PUBLIC DATA NETWORKS

Public data networks provide on-demand access to shared digital facilities. Public data networks can be
either packet-switched or circuit-switched.

Packet-Switched Public Data Networks

Packet-switched data networks use packet switches and high-speed links to transport blocks of data —
consisting of header, trailer, and text information — as integral units from their origin to their destination.

For public network packet switching, AT&T offers the ACCUNET Packet Service (APS). APS can transmit
packets of data throughout the United States. The packets must be formatted according to X.25 protocol,
and connections with other packet switches, including international APS, are governed by X.75 protocol.

ACCUNET Packet Service

ACCUNET Packet Service (APS) delivers X.25 packetized data throughout the U.S. at digital speeds of 2.4
through 56 kbps and analog speeds of 2.4, 4.8, and 9.6 kbps.

APS Applications

APSisidea for applications where information is transmitted in short bursts and at random intervals. This
may include:

¢ Database searches and updates
* Electronic messaging
¢ Electronic order exchange

¢ Filetransfers

APS Access

For data that has aready been formatted according to X.25, access to APS may be through DDS, an analog
private line, or even a digital DS1 channel. For data that has not yet been packetized, however, two other
access arrangements are possible:

* Memotec PAD — The Memotec SP/630 PAD is a packet assembler/disassembler (PAD) that interfaces
with your communication system to provide X.25 packetization of data for access to the APS. The
PAD connects to adigital port on the System 75 and Generic 1 communications system, and to an EIA
port on the System 85 and Generic 2 communications system. One SP/630 PAD can connect up to 4

8-21



8-22 PUBLIC AND PRIVATE DATA NETWORK CONNECTIONS

ports, although Memotec also has higher capacity units. (Seelfigure 8-13.)

7400A || -
SYSTEM :
85 74008B, MEMOTEC | x 25 MODEM OR X.25
=~ ADU, OR SP/630 PRIVATE LINE
ASYNC MPDM PAD 1
ENDPOINTS

X.25 HOST

APS — = ACCUNET PACKET SERVICE - AT&T X.25 PDN

Figure 8-13. ACCUNET Packet Service

* REDI-ACCESS — For relatively low-volumes of data and intermittent APS access, a less expensive
aternative might be dial-up access to shared facilities. Control Data Corporation's REDI-ACCESS
service offers you asynchronous, dial-up access to shared facilities that interface directly with APS.

Circuit-Switched Public Data Networks

AT&T offers two circuit-switched digital data network services for public access. These services are the
ACCUNET Switched Digital Services (SDS), and the Software Defined Digital Network (SDDN).

AT&T provides switched access to both SDS and SDDN. In addition, both SDS and SDDN offer two
transmission options: Switched 56 Service (SW56), and Switched 64 Service (SW64).

* SW56 is adial-up 56-kbps data transmission service that allows DTES to communicate with each other.
Access to the service is via analog line service, dedicated DATAPHONE Digital Service [DDS] private
lines, or T1.5 shared access lines. Access facilities are ordered from the LEC. The facilities connect a
System 75, System 85, Generic 1 or 2 communications system to SDS or SDDN at the AT&T point-
of-presence (POP).

* SW64 isadial-up 64-kbps service that requires dedicated T1.5 ISDN-PRI access for connection of your
communications system to the AT& T POP.

SDS and SDDN Applications
SDS and SDDN applications include:

* Video conferencing — Low bit-rate, color video can be transmitted via SDS or SDDN. PICTURETEL,
Optel, and Compression Labs (CLI) build video equipment that interfaces with your communications
system for the transmission of video data over SDS or SDDN.

* High-speed facsimile — Facsimile equipment that interfaces with your communications system for the
transmission of facsimiles over SDS or SDDN can transmit a single page in 3 seconds.

¢ Bulk data transfer — SDS and SDDN support file transfers from PC to PC, mainframe to PC, and
mainframe to mainframe. DSP is a company that builds plug-in cards for personal computers that
facilitate the transfer of files from the PC, through your communications system, over SDS or SDDN.

¢ ALLIANCE 3000 service— This AT& T service provides interactive teleconferencing with as many as
59 locations.
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* Image viewing and transfer — Using slow-scan and freeze-frame capabilities, SDS and SDDN let
senders and receiversjointly study databases, engineering drawings, and X-rays.

Connections to the Public SDN/SDDN Circuit-Switched Data Network

Requirements for connections from a PBX DSL1 port to a public network destination through SDS or SDDN
vary according to the type of signaling used (that is, robbed-bit or ISDN-PRI MQOS), and the data speed.
Data speed is set at the originating and destination data modules in the following DMI modes:

* Mode 0 — 64-kbps synchronous transmission (PRI)

* Mode 1 — 56-kbps synchronous transmission (robbed-bit or PRI)
* Mode 2 — up to 19.2-kbps asynchronous transmission (PRI)

* Mode 3 — 64-kbps packet data (PRI)

Figures [8-14] through show some typical connections through both the domestic and international
SDS/SDDN network. [Table 8-6)lists the requirements for the illustrated connections.

MPDM/M2*| | 575/85
DTE — OR | —| Gue2

DSLWITH
SW56 SERVICE
(ROBBED BIT)

PUBLIC
SWITCHED
DATA NETWORK

SW56 SERVICE

K
o ore

Figure 8-14. Public Switched Data Network with Robbed Bit Facilities (Mode 1)



8-24

PUBLIC AND PRIVATE DATA NETWORK CONNECTIONS

Table 8-6. Requirements for Connections from the PBX to SDS/SDDN

a a a a O g a g
0 0 0 COMM TYPE 0 TRUNK TYPE 0 0 0 0
%ACILITIES UeaLL g A g g E RECOMMENDED  NETWORK S\IOTES B
TUP d O DATA MODULE CHANNEL
= Uss 0 61 o ss5 O G2 d = = =
O O 0> o 0 O O O O O
= = & 0 = 0 = = = 0
[Robbed Bit  [Dial-up [Data pata OT+=109 7T=41 [Model= MPDM/M1* [Restrictedor 4,24, O
1 rough a O O d BDM N O O 7500B anrestricted %,6 O
[] S a a 0 0 0 O
BSl(see 0 g 0 0 0 0 0 O
0 0 g O 0 O O 0 0
1 M I n (H n I 1 O O
Domesic  [Did-up A ataor JT=41 [OT=41 ModeO= MPDM/M1* Restrictedor 245 0
Network [ 0 BKVD signaling Signaling 75008 Unrestricted 7,89 [
W/ISDN/PRI [ 0 g [Type=20 %ype:ZO O 0 O O
figud O 0 g O 0 O O O O
—Ey| a a a 0 0 0 0
15)| 0 0 0 0 g 0
0 0 0 g 0 B %/Iode 1= MPDM/M1* S?eﬂrlct_ed or %,4,5,7 0
a O 0 0 0 0 0 7500B Wnrestricted [ 0O
O O O u (Mode2= MPDM [Restricted 457 U
. . 0 g O : O 7400A orB O 7457 g
a a a 0 a 0 | [ _ [l 0
O O ad 0 ad 0 Mode 3= PC/PBX [(Restricted  [# O
a a O 0 O 0 O AUDIX 0 0 a
a a a a 0 a O
O O o B2 0 o 0 75008 0 %"5 O
0 0 O O O 0 0 0
Untern’l (Dia-up IN/A BKI/A N/A BSDN-PRI [Mode 0= 7500B nrestricted (4,58 O
Network B g 0 g dT=41 g MPDM B B B
/ISDN-PRI d [Bignaling
- a a O a O 20 0 a a O
qurg 0 | | gYPeEL O o O 0
B-16) 0 INA Dataor INA [ Model= 75008 Restricted or (24 [
0 0 o HXVD o o MPDM Winrestricted U g
0 0 0 0 H 0 0 0 0
T TT stands for trunk type.
Notes:
1. Onthe System 85 or Generic 2, trunk type 109 (DMI) prohibits subnet trunking through AAR/ARS.
2. The MPDM requires a V.35 interface and an ACCUNET SW56 modification kit.
3. Older data modules (such as DTDM, 7404 data module, and 7406 and 7407 data stands), can be used for mode-2
connections.
4. The bearer capability class of service must be set appropriately.
5. The 7500B can be used only with the Generic 2 communications system.
6. This connection can be made only from the System 85 (R2V3 or R2V4), Generic 2, Generic 1, and the System
75 (R1V2 or later).
7. This connection can be made only from a System 85 (R2V4), Generic 1, or Generic 2.
8. At mode 0, the MPDM and 7500B cannot be used to communicate with each other unless a bit inversion cable is
used.
9. If thefacility is restricted and the MPDM s used, then the customer’s DTE should use uninverted HDLC. The

MPDM inverts mode 0 HDLC to satisfy the requirement that an all-zeros octet is never generated. If the DTE is
sending inverted HDL C, then the bit inversion cable should be used.
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Figure 8-15. Domestic Public Switched Data Network with ISDN-PRI Facilities (Modes0, 1, 2, 3)
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Figure8-16. International Public Switched Data Network with ISDN-PRI Facilities (Modes 0, 1)
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PRIVATE DATA NETWORKS

AT&T leases facilities to private companies for nonswitched connections to private network endpoints.
Applications for these connections include high-volume data transmission, bulk voice and data
transmission to multiple locations, interactive computer-aided design, and so forth. The leased facilities
over which the connections are made may be either terrestrial or satellite.

Terrestrial Private Data Network Links

The terrestrial servicesthat AT& T offersfor nailed-up connections are listed below.

®* ACCUNET T1.5 service — With this service, a dedicated T1 trunk is connected between private
communications systems, between private communications systems and a central office, and between
central offices. Access is through a private communications system, a switched public data network,
the DATAPHONE Digital Data Service, or the SKYNETO Digital Service.

* ACCUNET T45 service — This service provides fiber-optic digital transmission from a DSL1 port to a
M28 multiplexer that multiplexes up to 28 DS1 trunks or 672 DSO lines. From the M28, signals travel
at the DS3 level to the AT& T POP. At the POP, the transmission is demultiplexed and can access the
switched public data network, T1.5 service, the DATAPHONE Digital Data Service, and so on.

* ACCUNET Spectrum of Digital Services (ASDS) — Access to ASDS can be through analog or digital
facilities. Access need not be at the DS1 level — subrate channels as well as multiple DSO channels
may be accommodated. Through ASDS, digital transmission is furnished at speeds ranging from 9.6,
56, or 64 kbps, up to the DS1 speed of 1.544 Mbps. This service is sometimes called fractional T1.

Private Connections Through ACCUNET T1.5 and T45

Connections through these facilities present their own special set of requirements. Figures[8-17] through
show some typical private data network connections. lists the requirements for the
illustrated connections.

PRIVATE
MPDM/M1* S75/S85 DATA S75/S85 MPDM/M1*
DTE —  OorR [ cuc2 NETWORK Guc2 [| ©OrR [ DTE
75008 T15 75008

Figure 8-17. Private Data Network with Robbed Bit Trunks (Mode 1)
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Table 8-7. Requirementsfor PBX-to-PBX Private Network T1.5 and T45 Connections

O 0 O O 0 O 0 O
0 0 DCOMM TYPE 0 TRUNK TYPE 0 0 0 0
%ACI LITIES B CALL B 5 E 5 g RECOMMENDED a\lETWORK %IOTES g
SETUP O O DATA MODULE CHANNEL

J = = sr5 061 = sS85 0 G2 = d = =
0 0 O 0 O 0 0 0 0 0
0 0 O 0 f(R2v3/v4) 0 0 0 0 0
5 . 5 . = T 5 T 5 5 = 0
obbed Bit %)edmaxed or E)ata Pata GTt=109 FT=41 %/Iode 1= MPDM/M1* %\lvu 23, g
efigurd 5 Did-up 7 0 DMI) O 0 7500B 0 10 g
-17)] 0 0 g 0 g 0 0 0 0
— F — — = — = O
0 ] 0 0J 0

obbed Bit EDedicated @)ata Data 3FT=100 [TT=41 %/Iode 1= MPDM/M1* %\MI 2.3,
0 O

rough u DMI) U 75008 ,10

0 O 0 0 0 0 0
@4/DSU 0O O 0 O 0 0 O 0 O
[(Geeffiqurd O O 0 O 0 O 0 0 0
EE‘ 0 O 0 O 0 0 O 0 O
‘ 0 O O 0 O 0 0 0 0
0 O 0 0 O 0 O 0
[24th Channel [edicated or [Data or %)ata or W3=N/A %T:41 Mode0= MPDM [Restricted or 1,5,8, 0O
(seefiqurd U Did-up [AVD AVD W4 Signaling O 75008 Wnrestricted 9,10,11 U
E-10) O O 0 T=109 [Type=20 ° O O O
= 0 O 0 A 0 O 0 O
0 0 0 0 pMmi) - AVD ¢ 0 [ 0
O ad a 0 0 0 Mode1l= MPDM [Restricted or [1,5,8,100
g B B 0 E 0 E 7500B @nreﬂricted g g
0 0 0 B 0 B Mode 2= MPDM Mestricted or 3,5,6, O
O O a 0 0O 0 O 7400A or B [Wnrestricted 8,10 O
0 0 0 0 0 0 0 75008 0 0 0
[l 0 0 O [ O 0 [l 0 i
0 g 0 = 0 = 0 g 0 0
SDN-PRI  [Dedicated or [N/A ataor [Y3=N/A T=40 [ModeO= MPDM Restricted or (1,5,7 [
[seefigurd O Dia-up O VD W4 ignaling O Wnrestricted 8,9,10 O
-20 O 0 FT=109 20 O Ll 0 O
O 0 g DOMI) Tonn 1 75008 Wnrestricted H
O 0 O 0 0 0 : 0 0
] d g 0 ] 0 Mode 1= MPDM [Restricted or 1,5,6,7, O
g B B 0 E 0 0 7500B [Wnrestricted %,10 g
0 0 0 0 0 0O 0 7400A or B [Wnrestricted 0
B B 5| 0 B O B 7500B B B B

T TT stands for trunk type.

Notes:

1. Dedicated circuits are provided via permanent switched connections (PSC) on the System 75 and
Generic 1; and dedicated switched connections (DSC) on the System 85 (R2V3 and R2V4) and
Generic 2. DSC amd PSC connections cannot be used together.

2. On the System 85 or Generic 2, trunk type DMI does not allow subnet trunking to be used with
AAR/ARS. In addition, with DMI, no modem pooling is allowed and the bearer capability class
must be set appropriately.

3. If an MPDM is used, it must be installed with a V.35 interface and an ACCUNET SW56 modification
kit.

4. The System 75 and Generic 1 PSC require that a SW56 DSU be used with the D4 channel bank.
System 85 (R2V4) and Generic 2 DSC allow either a SW56 DSU or a private line DSU.
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Also, supports 64-kbps 3270C/PC-PBX connections.

Older data modules (such as the DTDM, 7404 data module, and 7406 and 7407 data stands), can be
used for Mode 2 connections.

Only the System 85 R2V 4, the Generic 1, and Generic 2 support |SDN-PRI.

The System 85 (R2V 3) will not support dedicated data connections.

At mode 0, the MPDM and 7500B cannot be used to communicate with each other.

10. The 7500B can only be used with the Generic 2 communications system.

11. If thefacility is restricted and the MPDM is used, then the customer’s DTE must not generate an al
onesoctet. DTEsthat use HDLC satisfy this requirement.

o u

© © N

PRIVATE
DATA
NETWORK

DS1WITH

S75/S85 | ROBBED
DTE — MPDM/MI* — Gy/G2 BT |

DS1WITH
ROBBED

BIT

D4 || psy —| DTE

* DAA-OCU supports signaling for switched applications. OCU-56 is non-signaling for dedicated line applications.

Figure 8-18. Private Data Network with Robbed Bit Facilities and D4 Connection at Far End (Mode 1)
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DTE DATA S75/S85 | CHANNEL DATA CHANNEL | S75/S85 DATA bTE
MODULE G1/G2 NETWORK G1G2 MODULE

Figure 8-19. Private Data Network with 24" Channel or ISDN-PRI Signaling (Modes 0, 1, 2, 3)
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Figure 8-20. Private Data Network with 24" Channel or ISDN-PRI Signaling (Modes 0, 1, 2, 3)



PUBLIC AND PRIVATE DATA NETWORK CONNECTIONS

8-29

Private Terrestrial Connections Through ACCUNET Spectrum of Digital Services (ASDS)
The requirements for using ASDS for PBX-to-PBX connections are given inftable 8-8]

Table 8-8. Requirements for PBX-to-PBX Private Network Spectrum Connections

0 0 0 O O O O
0 0 DCOMM TYPE 0 TRUNK TYPE 0 0 O
%ACILITIES B CALL g 5 B 5 g RECOMMENDED ETWORK a\lOTEs
0 O SETuP o O 0 0 O DATAMODULE  CHANNEL
575 0 61 sS85 0 G2
0 0 0 0 0 O O O
0 0 0 g [(R2v3/V4) 0 0 O 0
= = R 5 = = = 5
[Robbed Bit %bedicated or gaata Mata §Tt=100 FT=41 %{/Iode 1= MPDM/M1* g\MI 423
rough [ Did-up 5 O DM DMI) 5 75008 . 4.5

(rractional T1 0 g 0 B 0 0 0
(seeffigurd O 0 g 0 0 O O i
!%-215‘ 0 0 a 0 g a

‘ 0 O H 0 E O 0 O
T TT stands for trunk type.
Notes:

1. Dedicated circuits are provided via permanent switched connections (PSC) on the System 75 and
Generic 1; and dedicated switched connections (DSC) on the System 85 (R2V3 and R2V4) and

Generic 2. DSC amd PSC connections cannot be used together.

2. On the System 85 or Generic 2, trunk type DMI does not allow subnet trunking to be used with

OOoooooouOooooogd

AAR/ARS. In addition, with DMI, no modem pooling is allowed and the bearer capability class

must be set appropriately.

3. If an MPDM isused, it must be installed with a V.35 interface and an ACCUNET SW56 modification

kit.
4. The 7500B can only be used with the Generic 2 communications system.

5. At present, ASDS must be provisioned as a voice-grade channel (that is, TC- or TA-type). Spectrum

data channels do not support signaling trunks. DSC supports non-signaling B-channels, PSC does

not. Spectrum data channels require the ability to loop back at channel level using DDS commands.

The MPDM is not compatible.
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Figure8-21. Private Data Network with Robbed Bit, Fractional T1 Facilities (Mode 1)

Satellite Private Data Network Links

For satellite private data network links, AT& T offers the SKYNET Digital Service. This service allows
AT&T to provide business users with a cost-effective, private network through wide area coverage

satellites. Transport rates from 56 kbpsto 1.544 Mbps are available.

The service is available within the contiguous 48 states extending into US Caribbean locations and Hawaii.
Earth stations can be provided on a dedicated basis on customer premises, or on a shared-use basis using

terrestrial access.



TELEMARKETING HOST CONNECTIONS

A telemarketing host is a processor that is used for the online input of telephone transactions. To complete
the online transaction screens that the host displays, a three-way interaction between the host, the agent, and
the communications system takes place. First, the communications system sends the host information
about the call. Then, the host matches the call information with a database entry and displays an
application-dependent screen (for example, an order form, customer account data, and so forth). As the
communications system forwards information about the call to the hogt, it simulaneously routes the call to
an agent who can view the application-dependent screen at a host terminal.

For AT&T telemarking applications, the connection between the communications system and the host is
through a 3B2 processor that functions as a gateway. The 3B2 gateway package consists of plug-in circuit
boards, as well as call management software that runs in the 3B2. The application software running in the
host is customer supplied. Between the communications system and the gateway isa DCIU, PI/SCI, or PRI
link. A host-specified link connects the 3B2 to the host. (See[Figure 8-22.)

AT&T offerstwo telemarketing applications that can run on the 3B2 gateway: the Integrated Telemarketing
Gateway, and the ISDN Telemarketing Gateway. Both gateways provide a call-control interface between
the communi cations system and host application software.

THE ISDN GATEWAY

The ISDN Gateway controls communication between the communications system and the host.
Communication occurs in one direction only — from the communications system to the host.

The 3B2 on which the ISDN Gateway runs can interface with the System 85 (R2V4), Generic 1, or Generic
2 communications systems. Access from the System 85 and Generic 2 communications system is via the
DCIU; access from the Generic 1 communication system is through the PI/SCI interface. The protocol

used is BX .25 (see[appendix DYJ

THE INTEGRATED TELEMARKETING GATEWAY

The Integrated Telemarketing Gateway alows two-way communications to occur between the
communications system and the host. The communications system sends the host call information; the
host, through the gateway, directs the communications system in the call transfer, hold, and so forth,
functions related to the call.

The 3B2 on which the Integrated Telemarketing Gateway runs interfaces only with the System 85 (R2V4)

and the Generic 2 communications system. Communications occur over the D channed of a PRI
connection.
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Figure 8-22. Telemarketing Gateway Configuration
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For further details, see:
* Integrated Telemarketing Gateway, System Description and Planning (585-246-202)
¢ AT&T ISDN Gateway, Planning and Application Devel opment (585-245-201)
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DATA NETWORK ADMINISTRATION

The lines and trunks you use for data communication can be administered through the terminas and
systems shown inftable 2-4] In addition, you can use AT& T's Unified Network Management Architecture
(UNMA) accuMASTER[ tools for end-to-end control of your information network. UNMA offers three-
tiers of network management. The first tier manages network elements, like modems, multiplexers, or
applications. The second tier manages element management systems, like SNA network management
tools, that administer the network elements. The third tier ties these element management systems together
and lets you manage them through a a unified user interface.
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9. DATA COMMUNICATIONS CONFIGURATIONS

described how DTEs and LANs can communicate through your communications system. In
addition, it told you how your communications system could communicate over greater distances using any
of the ACCUNET data services. This chapter integrates chapter [7] and [g] information by showing you how
you can configure your networks to:

* |Use the dedicated switched connection (DSC) and permanent switched connection (PSC) capabilitieg
[of your communications system.]

¢ [Link SNA nodes through your communications system.|

* |Connect your local_communications systems over public or private data networks for file transfer

[video teleconferencing, image processing, and FAX transmittal .|

Note that the illustrations shown in this chapter depict only some of the many possible configurations
appropriate for a particular application. The configuration you install will depend upon the actual DTEs
and DCEs you use in the connection. When configuring a connection, remember to refer to[table 1-7]and
tables[8-1| through[8-3 to determine the type of DCE that is appropriate. Other general rules that may help
you in your DCE decision are;

* When you send 56-kbps, robbed-bit data over a switched digital network, use the MPDM with the
ACCUNET modification kit. This MPDM is sometimes called the MPDM/M1* or the ACCUNET MPDM.

* |n addition, if the destination DCE does not do a mode 2 handshake, you also should use the ACCUNET
MPDM (MPDM/M1*), regardiess of whether you route the data through a switched digital network.
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DSC AND PSC CONNECTIONS

The dedicated switched connection (DSC) is a feature that provides a dedicated path using circuit-switched
facilities on the System 85 (R2V4) and Generic 2 communications system; the permanent switched
connection (PSC) offers a similar capability on the System 75 and Generic 1.1 communications systems.
DSC and PSC are implemented through communications system administration. No extra hardware is
required.

DSCs and PSCs provide a clear channel through the communication system to connect two ports when
dialed number signaling is not provided on the incoming port. The channel runs at rates up to 64 kbps. A
variety of ports types may be connected through the dedicated communi cations-system path. They include:

* Analog line and trunk ports

* DCP ports (digital-line ports on the System 75 [R1V2 and later] and Generic 1 communications system
and GPP ports on the System 85 [R2V 4] and Generic 2 communications system)

* EIA ports

Note: For EIA connections on the System 85 (R2V4), the bearer capability must be set to 2 on the trunk
group used for the connection. Set the bearer capability through PROC 103, field 15.

¢ DSO0 channels of DSL ports
depicts some typical DSC and PSC configurations. Other configurations are possible.

Note that:

¢ 24th-channel signaling and B8ZS line coding are required for certain dedicated (PSC and DSC) data
connections through the communications system.

* When a dedicated connection must be implemented between a System 75 or Generic 1 endpoint, and a
System 85 or Generic 2 endpoint, the connection should be implemented as a PSC on the System 75 or
Generic 1 communications system. Because PSCs can be established across communications systems,
no DSC is necessary on the System 85 or Generic 2 communications system when the PSC is defined
on the System 75 or Generic 1.

* On the System 75 and Generic 1 communications system, PSCs can be defined at either of two
administration screens: the Permanent Switched Connection screen or the Interface Link screen. PSCs
established through the Interface Link screen are more properly called software connections, rather than
PSCs.
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SNA NODE CONNECTIONS

Y ou can use your communications system to connect the nodes in your SNA network. To do this, you use
a dedicated connection (DSC or PSC) through the communicating switches. A workable configuration is
shown inffigure 9-2 ] although other configurations are possible.

MAINFRAME

FEP

V.35 0R
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MPDM

DCP

il
PORT| | psc/

DS1
PORT

I PSC

T-1
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DSC/ |

PSC !

DCP
PORT

DCP

S75/S85/G1/G2

MPDM

V.35 0R
RS-232

SYNCH.
CLUSTER
CONTROLER

Figure 9-2. SNA-Node to SNA-Node Connection
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CONNECTIONS THROUGH PUBLIC OR PRIVATE DATA NETWORKS

Y ou can connect your local communications systems with each other through DSL facilities over public or
private data networks for file transfers, video teleconferencing, image processing, and FAX transmittal.
Connecting the sites through a DS1 facility allows you to take full advantage of the DS1 capacity — for
multiple data applications, or for both voice and data.

File Transfers

[Figure 9-3]shows a possible configuration for the transfer of data from one communications system site to
another. Any AT&T nodal service (for example, the ACCUNET Switched Digital Service, ACCUNET T1.5,
ACCUNET Spectrum, ACCUNET Packet Service, and so forth) can be used in the transfer. To use the packet
network, however, the data must be processed by an X.25 packet assembler/disassembler (seechapter 8)|
immediately before and after it is processed through the network. File transfer applications include bulk
datatransfer, database update transactions, and el ectronic messaging.

HOST
IBM

mPOM || S75is8s/ | PSL " para NETWORK

DSL| g7s/sgs5/ MPDM
G1G2

G1/G2

omm

..OR...
IBM SYS.
CLUSTER 26/38
CONTROLLER proveed
NON-IBM

&

)

Figure9-3. A Possible File-Transfer Configuration

Video Teleconferencing

Slow-scan video teleconferencing between communications system sites is possible via a single or double
56-kbps DS1 connection. For example, PICTURETEL has made it possible to transmit full-motion video
over the SW56 and SW64 capabilities of the ACCUNET Switched Digital Service or the Software-Defined
Digital Network. The recommended configuration for this type of connection is shown in
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Figure 9-4. A Possible Teleconferencing Configuration

Image Processing

CAD/CAE and medical imaging applications may require the transmittal of an image cross-country. These
applications can use either public, switched (ACCUNET Switched Digital Service or Software-Defined
Digital Network) or private, nonswitched (ACCUNET T1.5 or ACCUNET Spectrum) facilities for image
transmission from site to site. [Figure 9-5 shows atypical configuration.

FAX Transmittal

Group 3 facsimile is used for stand-alone and person-to-person communication; while Group 4 — whose
applications include electronic mail, optical character recognition, and document transmittal and storage —
is better suited for computer-controlled network communication. Group 3 FAX is typically sent over the
public voice network and provides analog transmission at speed up to 9.6 kbps; while Group 4 demands
64-kbps ISDN-PRI facilities. The AccUNET Switched Digital Service or the Software-Defined Digital
Network can provide Group 4 FAX transmittals through their SW64 service. The ACCUNET Packet Service
can be used for these transmittals if a packet assembler/disassembler in inserted in the communications
stream immediately before and after the transmissions are processed through the network. Private,
nonswitched ACCUNET T1.5 or ACCUNET Spectrum facilities can also be used.
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B. SYNCHRONIZATION OF DIGITAL FACILITIES

The DS1 transmit and receive buffers (for Generic 1 and Generic 2) operate from a single external or
internal clock. Each digital switch can accommodate multiple DS1 or T1 spans that link multiple switches.
These may include both ISDN-PRI and DSL1 links. Since each switch can transmit at a rate determined by
its internal clock, information will be lost if the digital network is not synchronized to a single clock.
Furthermore, one switch should be selected as the master and all others should obtain slave-timing from it.
[Figure B-1, Options for Synchronization,|shows various DS1 synchronization applications.

Synchronization issues affect all network nodes. Compatibility details must be addressed, and a network
synchronization plan must be developed, deployed, and verified to be installed correctly.

THE NEED FOR SYNCHRONIZATION

The term synchronization refers to an arrangement whereby digital facilities operate from a common clock.
Whenever digital signals are transmitted over a communications link, the receiving end must be
synchronized with the transmitting end to read the digital signals properly. This arrangement is called link
synchronization.

When digital signals are transmitted over a network of digital communications links, switching nodes,
multiplexers, and transmission interfaces, all entitiesin this network must be synchronized together. Thisis
known as network synchronization.

With digital transmission, information is coded into discrete pulses. When these pulses are transmitted
over a communications link, there must be at least three different levels of synchronization. For
transmitting data, these levels are known as bit, character, and message synchronization. For pulse-code
modulation (PCM) voice transmission, the levels are bit, time-slot, and frame synchronization.

Bit synchronization refers to the requirement for the transmitter end and the receive end to operate at the
same clock rate so that bits are not lost. Other levels of synchronization refer to the need for the transmitter
and receiver to achieve proper phase alignment so that the beginning and the end of a character, message,
time slot, or frame can be identified.

For synchronous transmission, data is transmitted at a fixed rate. Each bit occupies a fixed-unit interval.
All significant transitions must correspond to multiples of the fixed-unit interval. Message and frame
synchronization are achieved by using specia characters at the beginning and end of the message, and by
knowing the number of bits contained in each frame.

[Figure B-1, Options for Synchronization,| shows the exchange of digital bit streams between various
elements that require some form of synchronization. The role of synchronization is examined in each of the
three configurations.

[Figure B-1-A, Options for Synchronization,) shows one possible connection between a pair of D4-channel
banks. Such a connection (using D4-channel banks) can typically be found with a pair of analog switching
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systems connected by T1-carrier facilities. For this arrangement, the transmitting portion of each channel
bank independently determines the clock rates. The receiving portion of each channel bank derives its
clock from the incoming digital bit stream. In this arrangement, the channel banks convert the received
digital signal directly to analog, and there is no requirement that the two clock frequencies precisely match
as the channel bank does not interface to another digital system.

TRANSMIT Fa
CHANNEL F ° RECEIVE | CHANNEL
ANALOG 5 e 0 BANK ~—  ANALOG
8 F TRANSMIT 8
5 RECEIVE 1 F °
DIGITAL BIT STREAM 1
A: Not Synced
o
— | DIGITAL RECEIVE —
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5| SYSTEM - TRANSMIT BANK | §
° 0 RECEIVE 0 R 5
DIGITAL BIT STREAM
B: Loop Timed
DIGITAL "o DIGITAL
— RECEIVE —
- SWITCHING | TRANSMIT SWITCHING -
o |  SYSTEM SYSTEM | o
5 F, RECEIVE P TRANSMIT Fy S
DIGITAL BIT STREAM
T C: Externally Synced T
REFERENCE REFERENCE
CLOCK RATEF CLOCK RATEF,

Figure B-1. Optionsfor Synchronization

[Figure B-1-B, Options for Synchronization, shows a different connection between a channel bank and a
digital switching system. For this configuration, the digital switch transmits a digital bit stream at the rate
(FO) that is determined by itsinternal clock. The digital switch must receive the incoming digital bit stream
at this samerate (FO). Otherwise, the switch’s receiving buffer may eventually overrun or underrun.

NOTE: Switching is done by placing the signals from individual time slots on one link into the time
dots on other links using a process called time-slot interchange (TSI). For this process to work
properly, bit synchronization must be maintained on all links terminating on the digital switching node,
no matter where the links originate.

If the average transmit rate is faster than the average receive rate, the receive buffer will eventually overrun.
If the average receive hit-clock rate is faster than the average transmit bit-clock rate, the receive buffer will
eventually underrun. It is necessary to prevent overruns (deletions) and underruns (repetitions) by
synchronizing the network properly. Improper synchronization results in buffers repeating or deleting bits
in 1-frame increments.

NOTE: The deletion or repetition of a single frame is termed a slip or a controlled dip. For an
individual digital bit stream, dips are serious impairments since digital switching systems with
improperly synchronized clocks will eventually suffer slips on every received digital bit stream.
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Notice in[figure B-1-B, Options for Synchronization,that the overrun or underrun problem can be prevented
by forcing the channel bank transmitter to operate at the same clock rate as the receive portion of the
channel bank. This arrangement is called channel-bank loop timing. This becomes more complex when
two digital switches terminate a digital transmission facility. [Figure B-1-C, Options for Synchronization)|
shows this configuration.

In[figure B-1-C, Options for Synchronization| each switching system transmits at a rate determined by a
reference clock. Unless the received digital bit stream arrives at the same clock rate as its internal clock
rate, dlips will occur. To prevent or minimize dips, it is necessary to force both switching systems to
synchronize on a common reference clock rate (FO). Both will then be part of a synchronized network, and
will read and write their buffers as they should.

The primary objective of network synchronization is to minimize the dip rate. This is done by
synchronizing the clocks associated with the switching nodes so that all transmissions from these nodes
have the same average line rate. For short-term intervals, the switching-system receive buffers absorb the
difference between the line rate and the average rate. These short term variations are called jitter. A long-
term difference will result in adlip.

The impact of slips on a customer varies with the services used. For example, voice services are insensitive
to dips. Slip rates as high as 20 per second are barely perceptible; therefore, speech is not considered a
limiting factor in setting dip-rate standards. However, data services are much more sensitive to slips since
each bit of data is a discrete piece of information. For data applications, a dip (at any dlip rate) requires
retransmission and will adversely affect the throughput and degrade performance of data transmission
facilities.

Slips can occur for two basic reasons.

1. Lack of or loss of frequency synchronization among the network nodes (for example, when slips
occur at aconstant, regular rate)

2. Phase modulation of the transmitted digital bit streams due to environmental variations of the
transmission facilities (such as temperature variations that affect the electrical length of a
transmission line)

Therefore, even if al network nodes are synchronized, dlips can still occur due to transmission
impairments.

SYNCHRONIZATION HIERARCHY

Within North America, al private digital telecommunications facilities that connect to the public digital
network must obtain synchronization by the hierarchical method. This method is based on:

1. Controlling the slip rate to provide satisfactory service to the customer
Maximum reliability
Minimum costs

Ease of administration

a M w D

Ease of maintenance
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For the hierarchical method, a node containing a very stable reference frequency is identified as the source
or master reference. The master reference is transmitted to another node that is synchronized (slaved) to
this master reference. A network implementing this method is hierarchical in nature with nodal clocks
supplying the synchronization frequency to certain other nodes, which in turn supply the reference to still
other nodes. [Figure B-2, Synchronization Hierarchy,|shows a hierarchical network configuration.

With the hierarchical method, the existing digital transmission facilities are used to distribute the reference
frequency. For example, with a T1-carrier, the slave nodes can derive their reference clock from the
1.544-Mbps rate. Since the clock frequency is derived from the digital bit stream, the traffic-carrying
capacity of a carrier system is not diminished (that is, the bandwidth is not used to carry a separate clock
signal).

Reliable operation is an important consideration for all parts of a telecommunications network. So, the
synchronization network should consist of both primary and secondary synchronization facilities. In
addition, each node must be equipped with an internal clock that (with automatic switching) can bridge
short disruptions of the primary and secondary synchronization reference. Therefore, if synchronization is
disrupted, the internal clock will assume control. The internal clock will drift at a rate determined by its
stability (also called free run ability or accuracy).

MASTER REFERENCE /
FREQUENCY /

SLAVE
NODES

DIGITAL TRUNK

PRIMARY REFERENCE

NOTE: The dashed lines indicate which nodes supply reference frequencies
and those facilities used to transmit the reference.

Figure B-2. Synchronization Hierarchy

Switching nodes in digital networks are divided into synchronization layers called strata. There are four
strata, 1 to 4, where stratum 1 has the highest accuracy and stratum 4 the lowest. Public digital networks
use stratum 1, 2, and 3 synchronization. Historically, private digital networks used stratum-4 clocks all
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synchronized together. However, to provide higher quality synchronization performance, stratum-3 clocks
are currently being used with some customer-premises eguipment.

Because of recent changes within the synchronization hierarchy, stratum-4 clocks are now defined as
stratum-4E or stratum-4. The specifications for stratum-4E define limits that minimize and control phase
changes that occur while switching from one synchronization source to another. However, stratum-4 clocks
do not comply with this specification and all other stratum-4 specifications remain the same for both clocks.
It is recommended that a stratum-4E clock be used as a synchronization source for public network
connections (see Technical Publication 62411).

Each stratum, from 1 to 4, represents a progressively less stable and less expensive clock. Within AT&T,
there is a system of stratum-1 clocks. These clocks use the AT& T standard reference freguency, formerly
the Bell System reference frequency. The stratum-1 output is transmitted to various public digital network
nodes viaeither broadband analog facilities or the DATAPHONE[] Digital Service (DDS).



B-6 SYNCHRONIZATION OF DIGITAL FACILITIES

The public digital network nodes and services that the AT& T private digital switches and digital terminal
products can connect to are as follows:

e DDS
* Digita serving office (DSO), also called adigital toll office, such asa4ESS
¢ Digital central office (DCO) such as a5ESS

¢ Digital-access and cross-connect system (DACS)

The AT&T private digital network nodes are the following:
* System75
* System85
¢ DEFINITYd Communications System Generic 1

¢ DEFINITY Communications System Generic 2

The digital terminal products include the following:
* D4- and D5-channel banks
* Channel-division multiplexer (CDM)
¢ Bit-compression multiplexer (BCM-32000)
¢ Digital data multiplexer (DDM-1000)

All public and private digital network nodes have internal clocks. [Figure B-3, Sratum Levels for the
[Synchronization Hierarchy| shows the synchronization hierarchy and the node's internal clock stratum
level.

Each node is compelled to take its timing from the following:
1. A higher stratum level
2. A node equd to its own stratum level

3. A free-running timing clock (generated internally) that meets or exceeds the requirementsfor its level

The minimum clock accuracy for each stratum level is asfollows:
¢ Stratum 1 (+ 0.00001 ppm, most accurate)
¢ Stratum 2 (+ 0.016 ppm, more accurate than stratum 3)
¢ Stratum 3 (£ 4.6 ppm, more accurate than stratum 4)
¢ Stratum 4 (+ 32 ppm, least accurate)
NOTE: When a hierarchical public digital network is implemented (and when full network

synchronization is obtained), each node clock, regardless of its stratum level, will have an average
frequency identical to its master and to the AT& T standard reference frequency.
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‘ AT&T STANDARD REFERENCE FREQUENCY ‘ STRATUM 1
DSO -
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/ PR\ / —t
DEFINITY SYSTEM
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DEFINITY | .. o SYSTEM |..=/ SYSTEM CEM D4 SYSTEM
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NOTE
LEGEND
DIGITAL TRANSMISSION FACILITY
= PRIMARY FREQUENCY REFERENCE
---------- = SECONDARY FREQUENCY REFERENCE
NOTE: For System 85 and Generic 2, the SCS provides a stratum-4 clock.
However, a stratum-3 external clock may be used instead of the SCS.

FigureB-3. Stratum Levelsfor the Synchronization Hierarchy

System 85 and Generic 2 Synchronization Architecture

Both System85 and Generic 2 can function as either a timing slave or timing master. As a dave, the
switch receives digital data from one or two DS1s. One interface supplies the primary synchronization
reference and the other interface supplies the secondary reference. The timing source selected is
determined by the system clock synchronizer (SCS) TN463 circuit pack and synchronization software. The
SCS synchronizes (phase locks) to either the primary reference, secondary reference, or the internal high-

accuracy clock. [Figure B-4, SCS(Generic 2),[shows the SCS circuit pack.
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FigureB-4. SCS (Generic 2)

Typically, the switch will be equipped with several DS1 circuit packs. The DS1 that is selected as the
primary or secondary reference is dependent on the internal cable configuration and administration details.
Here, each System 85 or Generic 2 that is configured with at least one DS1 requires a SCS, including the
master node. Unless synchronized to the network and not the stratum-3 or stratum-4 clock, the master node
will not have the primary and secondary synchronization cables.

A System85 or Generic 2 may consist of either a single-module or multimodule architecture. Typically,
the switch architecture is unduplicated, but it may also be duplicated for critical reliability applications.
The switch architecture determines the equipment carriers that will contain the SCS circuit packs.

For single-module applications, the SCS is located in the module control carrier. In addition to the SCS, a
module clock is also required. The SCS controls the module clock. For multimodule applications, the SCS
islocated in the time-multiplexed switch (TMS) carrier and controls the TM S clock oscillator.

When the switch architecture is duplicated, the synchronization components and cables will also be
duplicated. For duplicated systems, functioning modules are called online, while backup modules are
called offline. The offline SCS phase locks to the cross-coupled clock signal from the online SCS. In a
duplicated synchronization system, the same DS facility provides the primary and secondary reference for
both duplicated halves. |Figure B-5, Duplicated Synchronization Architecture and Cross Couplingshows a
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System 85 or Generic 2 with a duplicated architecture and cross-coupled cables.

PRIMARY
MODULE
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INTERFACE SCso ORTMS NETWORK
CLOCK 0 0
SECONDARY
PORT
CARRIERS
PRIMARY
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DSt MCOL%LéLKE SWITCHING
scs1 NETWORK
INTERFACE ORTMS 1
CLOCK 1

Figure B-5. Duplicated Synchronization Architecture and Cross Coupling

The TN767 isaDS1 circuit pack for a universal module; the ANN11 is a DS1 circuit pack for a traditional
module. The standard cable that comes with the TN767 isthe H600307. It can be ordered in eight different
lengths, up to 650 feet, by ordering one of eight different group numbers (groups 1 - 8). See System85
R2V4 to DEFINITY Communications System Generic 1.1 via ISDN PRI Access (555-037-233), DEFINITY
Communications System Generic 1.1 to 4ESS via ISDN PRI Access (555-037-234), and DEFINITY
Communications System Generic 2.1 to 4ESSvia |SDN PRI Access (555-037-237), for specific cabling and
administrative information. The synchronization software consists of a series of tasks that monitor several
system status parameters and thus maintain the best synchronization source online. (The online source is
the synchronization reference currently in control. This reference can be either the primary or secondary
reference, or an on-board local oscillator.) Several levels of control are maintained. Onelevel is controlled
by a 1-second software task that uses the system status to keep the best incoming DS1 reference clock
online. The other is controlled both by hardware and the 1-second software task to maintain a healthy SCS
online. If aSCS can receive a suitable reference clock from a DSL, then the best combination is chosen.

The principal error conditions used to determine if a switch to adifferent DS1 clock referenceis needed are,
in order of importance;

¢ Lossof signal (LOS) at the SCS circuit for more than 200 ms. A switch is made to the high-accuracy
clock (HAC) on the SCS by the SCS. A further analysis is then made to determine if the LOS is
network related or switch related. A switch to a healthy reference is doneif appropriate.

¢ Blue aarm means that the switch cannot be used as areference.

¢ Qut-of-lock (OOL) condition means that the HAC is unable to lock onto the incoming clock from the
current DS1 reference. A switch to a healthy reference is done if one is available. Otherwise, a switch
to the HAC is performed.
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* Red alarm means that two out of four (or worse) framing patterns were received.

¢ Slip rate of selected DS1 facilities (with respect to the primary reference) exceeds a given threshold
* Misframes at the primary reference exceed a given threshold

* Reception of ayellow alarm (or ablue alarm for R2V4, 1.1 and later)

¢ Health of SCScircuit pack

* |nsane condition of the board processor on a DS1 circuit

[Table B-1, SCS References Switches) summarizes these conditions:

Table B-1. SCS References Switches

E Primary % Secondary Reference Indicators E
[Reference [H# 0
o m 0 O O O 0 0 O
Ondicators [RED OBLUE QYEL QGOOD [LOS OMISF g BO [J
= o = 5 = = = = 0
o RED  zHAC DHAc Usec O sec DHAC Hsec DHAC o
0 BLUE [HAC gHAC [OSEC g SEC [HAC g SEC fHAC
U vyEL @pri O PRI OPRI O SEC OPRI OPRI OPRI E
O jini] O [} |} [} [} ]

7 GOOD PRI o PRI PRI o PRI 5PRI 5 PRI OPRI ;
O LOS [MHAC OHAC QOSEC O SEC [OHAC [0 SEC QOHAC O
L 1] 0
o MISF__ PRI g PRI BSEC E SEC EPRI g PRI EPRI .
0o BO mHAC O HAC [OSEC o SEC [HAC [ SEC QOHAC

BLUE Blue aarm

RED Red alarm

YEL Yellow darm

LOS Loss of signal

HAC System 85’ s internal high-accuracy clock
BO Maintenance busied out

MISF Misframe

GOOD Noaarms

The SCS circuit pack’ s health is examined when the system clock’ s hedlth is evaluated. Error conditions of
varying severity can exist on the SCS. If the fault is minor and the SCS can still lock on the current DS1
reference, alow-priority request for a soft switch to the offline side is made after an unsuccessful attempt to
clear up the error condition on the SCS. If the SCS cannot lock onto the current DS1 reference clock, a
high-priority request for a soft switch is made. The offline SCS is also monitored to make sure that a
switch is not attempted to an unhealthy SCS. If the SCSis not duplicated and the HAC is healthy, serious
failures cause a switch to the HAC to ensure switch reliability. When the SCS can once more lock onto a
DSl reference, aswitch to that referenceis performed.

Synchronization occurs at several priority levels; records are kept for perusal at the demand test level with
procedure 625. In addition, several yellow LEDs on the SCS can be observed to get a current picture of
how the system is configured from areference clock point of view.

* The LED in position #4 refers to the primary DSL reference. The LED is OFF if a synchronization
signal is present and the SCSis capable of locking. The #4 LED is ON if an error condition exists and
the synchronization cableis present.
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* The LED in position #5 refers to the secondary DS1 reference. The LED is OFF if a synchronization
signal is present and the SCS is capable of locking. The #5 LED is ON if an error condition exists and
the synchronization cableis present.

* The following four yellow LEDs indicate the selected timing reference: #14 (HAC), #15 (primary
reference), #16 (secondary reference), and #17 (cross-coupling). When the system is first brought up
and no references are administered, the HAC LED should be lit for the online SCS and the cross-
coupling LED should be lit for the offline SCS. Shortly after the DS1 references are administered, the
primary reference LED should turn on and the HAC LED should turn off for the online SCS. The
cross-coupling LED isthe only onelit for the offline SCS.

The synchronization subsystem described above aso functions as a periodic maintenance monitor. Status
detected during the synchronization process is passed along to other levels of maintenance software for
processing. This processing includes error logging for procedure 600 and alarming.

CHANGESTO THE SCSSOFTWARE MADE AVAILABLE VIA SOFTWARE PATCHES

The following changes (regarding the SCS software) may apply, providing that the appropriate patches
have been installed.

System 75 and Generic 1 Synchronization Architecture

System 75 and Generic 1 can function as either a timing slave or timing master. As a slave, the switch
receives digital data from one or two DS1s. One interface supplies the primary synchronization reference;
the other supplies the secondary reference. The timing source selected is determined by the tone-clock
circuit pack and maintenance software. The tone clock synchronizes (phase locks) to either the primary
reference, secondary reference, or the internal high-accuracy clock. [Figure B-6, Tone-Clock Synchronizer|
[(Nonduplicated, Generic 1) |shows the tone clock circuit.

The DSL that is used as the primary or secondary reference is totally dependent on administration details.
Although there are no restrictions on placing one or both synchronization references in the second cabinet,
it is recommended that the references be located in the first cabinet (processor port network) to maximize
reliability. The tone clock generates the call-processing system tones and also provides the switch with the
stratum-4 clock in the absence of areliable reference.
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Figure B-6. Tone-Clock Synchronizer (Nonduplicated, Generic 1)

System 75 and Generic 1 Synchronization Software Operation

System 75 and Generic 1 synchronization software differs slightly from System 85 and Generic 2 because
of architectural differences; however, both switches provide the same overall functions. Primarily, these
functions include monitoring the synchronization references and keeping the primary or other reference that
has the best health online and thus providing high quality digital communications via DS1 facilities.

A subpart of the maintenance software monitors the TN768 or TN780 circuit packs and synchronization
references. 1 Depending on the state-of-health of the references, the maintenance software provides
automatic switching between the references. Switching from one reference to another can be done by any
of the following conditions:

* On-line synchronization reference failure
* Primary or secondary reference restoration

¢ Administration reference changes, either from Initialization and Administration System (INADS) or the
local Manager-1 (M-1) terminal

¢ Craft command from an M-1 terminal

1. For Generic 1, R1V5.0, only the TN780 can be used in an external stratum 3 clock configuration.
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The TN768 and TN780 circuit packs contain edge-mounted LEDs. These LEDs indicate the following
status sequences:

* Yellow LED ison 2.7 seconds and off 0.3 seconds — the tone-clock synchronizer isin ‘‘active’’ mode
and aDS1 is being used as a synchronization reference.

* Yellow LED ison 0.3 seconds and off 2.7 seconds — the tone-clock synchronizer isin ‘*active’’ mode
and the local oscillator is being used as a synchronization reference.

* Yellow LED is on continuously — the tone-clock synchronizer reset properly but did not receive
trandations update. Itisin‘‘active’”’ mode and is providing synchronization from the local oscillator.

* Yellow LED is off continuously — the tone-clock synchronizer is in standby mode. It is neither
generating tones nor supplying a clock reference.

* The tone-clock synchronizer is characterized as being in either ‘‘active’” mode (participating in the
synchronization process) or standby mode (not currently participating in the synchronization process).
The best method to determine the mode of the tone-clock synchronization circuit pack is to execute the
syst em st at us command. While maintenance is running, both the yellow and green LEDs will
flash. The standby mode pattern is: on 0.1 seconds, off 0.2 seconds, on 0.1 seconds, off 0.4 seconds, on
0.4 seconds, off 0.4 seconds, repeatedly. The *‘active’”’ mode pattern is different.

Criteria for Switching to the Secondary Reference

Each occurrence of an abnormal or error condition results in incrementing the appropriate error counter.
Each error counter has its own unique threshold limit. Exceeding an error counter’s threshold results in a
change in operation (such as switching to a different synchronization reference).

The principal error conditions used to determine if a change to a different clock synchronization reference
is heeded are, in order of importance (items 2 through 6 apply only when the stratum-3 option is not used):
1. The master tone-clock synchronizer detects LOS.
2. Theonline reference reportsared alarm.
3. Theonlinereference reports ablue aarm.
4

If more than 50% of those DS1 spans that are administered for slip-enable are experiencing slips
(with respect to the primary), then a decision is made to switch to the secondary.

5. Theonline reference reports that its misframe threshold has been exceeded.
6. Theonline reference reports that its slip threshold has been exceeded.

For switches that do not have the secondary reference, a switch to the local oscillator will only be made for
cases 1, 2, and 3.

Criteria for Switching Back to the Primary Reference

Each time the master tone-clock synchronizer reports a LOS, it increments the excessive reference switch
counter. If atotal of 20 switches occur within a 1-hour interval then the local oscillator is placed online and
automatic reference switching is disabled. Automatic reference switching is only enabled by hourly
maintenance or by the enabl e synchr oni zat i on command.
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With automatic reference switching enabled, most Generic 1 error counters are decremented by 1 every 15
minutes and initialized to zero on reaching the threshold value. The following conditions cause an offline
reference to be restored to online (items 2 through 7 apply only when the stratum-3 option is not used).

1. The system configuration maintenance detects DS1 circuit pack sanity (for example, a DS1 has been
reinitialized, reinserted into the carrier, and/or replaced).

The DS1 reference determines that the LOS error no longer exists.
The remote loop-around test is completed.

The red alarm has been cleared.

The blue alarm has been cleared.

The glip error counter has cleared.

N o g &~ w DN

The misframe error counter has cleared.

The External Synchronization Clock

It is recommended that all customer premises switches (except for System 75 and Generic 1) that connect
tothe AT&T public network and transfer timing use a stratum-4E clock or better (see Technical Publication
62411). Such a clock already exists in System75. For AT&T customer-premises switches (except
Generic 1), the method chosen to meet this recommendation is the external synchronization clock
(Generic 1 uses an internal-clock upgrade). For System 85, the externa clock, new cabling, and TN2131
external clock interface circuit pack are used instead of the SCS circuit pack and its associated cabling and
administration.

One advantage of the stratum-3 clock is that it offers 24-hour hold over accuracy. Using an external
stratum-3 clock, therefore, can avoid many dlips when a network is severed.

The external clock may be retrofit into existing System85s (R2V3 and R2V4). Furthermore, most
Generic 2s and Generic 1s (R1V5) will use the external clock. This clock is physically mounted external
to the switch cabinets.

The externa clock requires duplicated -48VDC power. This power source may be an existing -48VDC
power plant (which is located on customer premises), or a duplicated two cabinet-mounted power supply
with battery backup. The input voltage tolerance is -45V to -52V with a worst-case current drain of 3A.
The cabinet mounted power supply provides up to 10 minutes of holdover.

In terms of application, the external clock connects between the NCTES and the switch. Cabling for the I/O
and alarm connections is via 25-pair cables with 50-pin telephone connectors. The NCTE-to-external clock
connection has the same distance limitations as the NCTE-to-DS1 connection (655 feet maximum). For
System 85 and Generic 2, the cable run from the external clock to the TN2131 circuit pack cannot exceed
3000 feet. Cable connections to and from the externa clock will route via the yellow cross-connect field.
[Figure B-7, Public-Network External Clock)shows a public-network configuration of the external clock.

The external clock provides two timing reference inputs and may connect to two NCTEs. These timing
reference inputs are called Reference 1 and Reference 2. They are functionally equivaent to the primary
and secondary references used with the stratum-4E or stratum-4 clock; however, the references must be
from a stratum 3 or stratum 2 source. The same basic considerations that apply to the selection of primary
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and secondary references also apply to these references.

For System85 and Generic 2, all functions previously performed by SCS synchronization software are
now provided external to the switch — by the external clock. Furthermore, the switch does not know
which reference (1 or 2) is online nor can the switch change from one reference to the other. phil/figh-7
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GR-380
CABLES
=| Ds1

NOTES:

One B75A cableisrequired for connecting the cabinet to the cross-connect field.

the hardware and firmware within the external clock.

1. The external clock cabinet has one 50-pin connector. It islabeled EXT CLOCK OUTPUT.

3. The TN492C or external alarm interface and TN2131 apply only to System\[85 and Generic\02.

> NOTE 3

2. Refer to the appropriate installation manual or wiring guide for details on how to configure the cross-connections.

4. When the external clock is used, the SCS must not be administered. Those SCS software functions are done by

Figure B-7. Public-Network External Clock

The external clock is designed to provide stratum-3 reliability and exists in a duplex version. This version
provides hot standby capability (the ability to pull out circuit packs with power on) to the aternate clock
and may be used with a switch containing a single module or TMS control or a duplicate module or TMS

control. [Figure B-8, External Clock,shows afunctional diagram of the external clock.
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Figure B-8. External Clock

Private network applications that do not have digital connections to stratum-3 or better reference sources
will not provide the Reference 1 and Reference 2 inputs or the clock-input #1 and clock-input #2 circuit
packs. Thesetypes of network applications are not allowed.

For public-network applications, the clock-input circuit pack derives a 1.544-Mbps clock signa from the
reference. The clock input #1 and #2 circuit packs generate a 4-kbps stratum-3 clock signal and supply it to
the clock and output boards. The composite clock output circuit pack monitors the 4-kbps signals from the
references and clocks and, on detecting a failure or other error, automatically changes from the online
reference clock to an alternate. Furthermore, an alarm signal alerting you of the problem is generated.
Additionally, the composite clock output circuit pack generates a 64-kbps composite clock signal. This
signal is a special bipolar (return-to-zero) signal that contains a bipolar violation every eighth bit and is
cabled to the switch (for System 85 and Generic 2, the TN2131 circuit pack).
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NOTES:

1. Alarm signals are cabled to the cross-connect field. For System 85 and Generic 2, they are then cross-connected and
cabled back to the TN442C or external alarm interface. They use the same cable the composite clock signals comein on.

2. System 85 and Generic 2 applications require that the composite clock synchronization signal be connected from the
skin of the cabinet to the module control or TMS carrier viaan intercarrier cable. TMS and module control carriers
(for both System 85 and Generic 2) use the H-600-260 group 1 cable, while Generic 2 universal module control
carriers use the H-600-271 group 1 cable.

Figure B-9. External-Clock Interface
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Figure B-10. External-Clock Duplicated Synchronization




B-18 SYNCHRONIZATION OF DIGITAL FACILITIES

NETWORK SYNCHRONIZATION AND ENGINEERING

The primary goals of network synchronization are:
* To keep each digital network node reliable

* To make sure that each digital termination can meet the network objectives

With the growth in the number of digital facilities and the demands that today’ s applications place on these
facilities, designing a proper synchronization plan has become a complex and crucial process. Designing a
synchronization plan can be accomplished by using the AT&T Synchronization Design Service or by
following the guidelines described on the proceeding pages.

The AT&T Synchronization Design Service is an engineering consulting service designed for customers
with private digital networks. This service provides a synchronization design that can be economically
implemented along with an estimate of the slip performance. This service also includes an optimal
synchronization design that improves the synchronization performance with cost effective network
additions. Furthermore, this service reevaluates the entire private network synchronization plan each time
there is a change in the customer’ s network.

A synchronization plan can also be designed by using the following guidelines and rules.

¢ Ensure that all nodes and facilities are synchronized to a single source of timing; or at the worst, to two
or more stratum-2 timing sources

¢ Select the most reliable digital facilities to serve as synchronization references at each node

¢ Choose facilities with the greatest availability and least outage. For example, facilities that are located
in hostile environments or that have a history of service disruptions should not be used.

* Ensure that no timing loops can be created even under failure conditions, that is, timing from one node
can never serve as a source of timing back to that node, even if it islooped through several other nodes

Selecting a Timing Sour ce for the Switch

Before selecting a timing source, you should draw or obtain a copy of the network topology (which
indicates each node and the interconnecting digital trunk facilities). The nodes in the private network
should be stratified (divided) into two levels known as externally referenced and internally referenced
(sometimes called unreferenced). Externally referenced nodes are those within the private network that
connect directly to public network timing sources. Internally referenced nodes have digital facilities that do
not connect directly to public network timing sources. [Figure B-11, External and Internal Reference
[Cevels] shows a typical network topology with externally and internally referenced nodes.
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Figure B-11. External and Internal Reference Levels

For externally referenced nodes, the operating company personnel will specify what the source of timing is
on those links. If the network does not receive timing from the public network at any of its nodes, the
master-slave relationships in the network will then be determined by those persons responsible for
engineering the synchronization of the network.

Thisinternal and external referencing concept permits constraints in synchronization network layout to be
expressed in terms of network layout rules. The rules congtitute a procedure to select the nodes used as

primary and secondary references. Two sets of reference selection rules are available: one set for internally
referenced networks and the other for externally referenced networks.

Internal Reference Selection Rules

The seven rules used to select internal synchronization references are described next.

RULE 1:

Sdlect the node with the lowest stratum clock as the network reference clock master and have the rest of the
nodes derive slave timing fromiit.
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If there are one or more clocks in the network at the lowest stratum level, the following steps can be taken
to determine the clock that should become the network reference clock source.

Step 1: If there is only one digital switch in the network, that switch is to be the network reference clock
master.

Step 2: If there is more than one digital switch in the network, rules 2 through 7 should be used to
determine the switch that should be the network reference clock (master).

Step 3: If there are no digital switches in the network, choose a digital termina product as the network
reference clock master and have the other nodes derive timing from it. Listed in order of preference,
use a CEM, a D4-channel bank, or a CDM as the network reference clock master.

The CDMs can only be used to provide timing when they are used to emulate a D4-channel bank.

EXAMPLE FORRULE 1

[Figure B-12, Nonpublic Network without Digital Services,|is used to explain the application of rule 1.

To determine the synchronization plan for [figure B-12, Nonpublic Network without Digital Smtches| the
following tasks were performed. First, according to rule 1, an attempt was made to find a node with the
lowest stratum clock. The attempt failed because all the nodes in the illustration provide stratum-4 timing.
Therefore, the steps under rule 1 must be used. Steps 1 and 2 are not applicable because there is no digital
switch in the network.

Under Step 3, it was determined, according to the ranking, that a CEM should be the network source clock.
Next, rules 2 through 7 were used to determine which of the two CEMs should be the network source clock.
For rules 2 through 6, both CEMs were equally qualified. Therefore, an arbitrary decision was made to
choose the CEM on the | eft.

DIGITAL TRANSMISSION FACILITIES

-———— = PRIMARY FREQUENCY REFERENCE

Figure B-12. Nonpublic Network without Digital Switches

The digital terminal products do not automatically switch to their internal high-accuracy clock on
synchronization reference failure.
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RULE 2:

A node may use a facility as a backup only if the node at the other end is not using that same facility as a
backup.

EXAMPLE FOR RULE 2

[Figure B-13, Proper Use of Backup Facilities) illustrates an application of rule 2 and proper use of a
backup facility between nodes A and C.

DIGITAL TRANSMISSION FACILITY
PRIMARY FREQUENCY REFERENCE

----------------- SECONDARY (BACKUP) FREQUENCY REFERENCE

Figure B-13. Proper Use of Backup Facilities

[Figure B-14, Improper Use of Backup Facilities| shows the same network arrangement but with improper
use of the backup facility between nodes A and C. Thisimproper arrangement would form atiming loop if
node B should fail (nodes A and C would switch to their backup, which is each other).

RULE 3:

The transmission facilities associated with those nodes meeting Rules 1 and 2 and having the greatest
availability must be selected for primary and secondary synchronization facilities.
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Figure B-14. Improper Use of Backup Facilities

Availability is defined as the ratio of the mean time between failures (the average time between successive
system failures, abbreviated MTBFs) to the sum of the MTBFs and the mean time to repair (the total
maintenance time divided by the total number of failures during the same amount of time abbreviated
MTTR). Low availability (poor transmission performance) is used as a criterion to reject a facility as a
reference candidate or to reassign one aready chosen.

Characteristics that primarily determine the availability of a transmission facility are rank-ordered as
follows:
1. History record
Activity
Facility length
System rate (that is, whether the facility supports T1 or fiber)
Protection switching

o g M w D

Physical type (that is, whether the facility is physically installed as an underground, buried, or aeria
paired cable, a coaxia cable, or a radio link). (Satellite facilities should not be used to supply
synchronization.)

7. Number and type of regenerative repeaters

8. Number of digital terminal products and other intermediate office equipment, if any
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Facility rank ordering is generally based on limited technica and operationa information. It is
recommended that facility selections be based on local field experience where available.

RULE 4:

Where possible, the routes for all primary and secondary synchronization facilities should be diverse.

EXAMPLE FORRULE 4

Figure B-15, Optimal Diverse Routing] explains the optimal configuration when rule 4 is used.
16, Less Than Optimal Diverse Routing,|shows a less than optimal application of rule 4.
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DIGITAL TRANSMISSION FACILITY
********* PRIMARY FREQUENCY REFERENCE

""""""""" SECONDARY (BACKUP) FREQUENCY REFERENCE

Figure B-15. Optimal Diverse Routing

[Figure B-16, Less Than Optimal Diverse Routing| shows node C deriving both primary and secondary
timing from node D, via the two separate T1 facilities. If node D should fail, node C would no longer
receive timing that is traceable to node A. Here, node C would lose synchronization and begin to introduce
dipsinto the network.
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Figure B-16. Less Than Optimal Diverse Routing
RULE 5:
Obtaining both primary and secondary synchronization facilities from within the same transmission cable

should be minimized.

RULE 6:

The total number of cascade node connections from the referenced node should be minimized.

EXAMPLE FOR RULE 6

[Figure B-17, Excessive Cascading,| shows excessive cascading in that node B derives timing from a source
three transmission facilities away.

[Figure B-18, Minimized Cascading, shows less cascading in that node B derives timing from a source two
transmission facilities away. Excessive cascading is undesirable because of intermediate link vulnerability.
For example, an intermediate link failure in node C of [figure B-17, Excessive Cascading,|would cause node
B to lose timing. Such afailure increases the number of slips between nodes A and B. However, the same
failure in Node C of [figure B-18, Minimized Cascading,|does not affect node B’ s synchronization.
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Figure B-17. Excessive Cascading
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Figure B-18. Minimized Cascading
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RULE 7:

The number of nodes receiving synchronization reference from any given node should be minimized.

EXAMPLE FORRULE 7

[Figure B-19, Excessive Synchronization from One Node,| shows an excess of synchronization from one
node. If transmission facility linking nodes A-B fails, then nodes B, D, E, and F will lose their
synchronization. However, if this same facility fails in{figure B-20, Minimized Synchronization from Ong
[Node]only nodes B, D, and E will lose synchronization. Node F remains synchronized to the network.

With few exceptions, it is not possible to engineer a synchronization network that will satisfy al seven
rules. In general, rules 1 through 3 apply in al cases. For rules 4 through 7, use those rules that apply to
your specific network and try to minimize outages based on the cases presented in the examples for each of
these rules.

DIGITAL TRANSMISSION FACILITY

PRIMARY FREQUENCY REFERENCE

SECONDARY (BACKUP) FREQUENCY REFERENCE

Figure B-19. Excessive Synchronization from One Node
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Figure B-20. Minimized Synchronization from One Node

Exter nal-Refer ence Selection Rules

There are seven rules for selecting external synchronization references. These rules are described next.

RULE 1

Nodes within the externally referenced sublevel may not use as a reference source a facility from a node

within the internally referenced sublevel (refer tolfigure B-11, External and Internal Reference Levels,|for

an explanation of these terms).

RULES2 THROUGH 7:

Rules 2 through 7 are the same for both internal- (that is, SCS, externa stratum-3 clock, and HAC) and
external-reference selections.
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AVAILABILITY OF SYNCHRONIZATION SOURCES

Misconception 1
Fact 1

Misconception 2
Fact 2

Misconception 3
Fact 3

Misconception 4

Fact 4

Thelocal exchange company (LEC) can always provide the synchronization source.

The LECs are not always subscribersto the AT&T reference frequency. Many end
offices still use analog switches and D4-channel banks. In the past, these channel
banks have not had to be synchronized and probably have not been equipped with an
office interface unit (OlU-2); therefore, they do not provide alower- (3, 2, or 1)
stratum reference.

Even if the CO provides alower stratum reference, a T1 facility must be terminated
in equipment that is clocked by the lower stratum reference to access this lower
reference.

AT&T communications can provide the synchronization source.

AT&T communicationsis bound by FCC tariffs that currently do not require the use
of framing bitsin the customer’ sincoming T1 bit stream. Until framing bits are
required, you should not arbitrarily assume that the carrier’ s T1 facilities provide a
synchronization source.

Synchronization is not necessary for DS1 networks that only transmit voice.

Theissue hereisthe use of adigital switch instead of channel banks. With channel
banks, the transmit and receive functions are separate and could have different clock
frequencies without dlipping. With channel banks, it makes no difference whether
you transmit voice or voice-grade data. However, Generic 1 and Generic 2 DS1s
do not have separate transmit and receive egquipment and therefore must use asingle
reference frequency to prevent overrunning or underrunning the buffers.

The OIU-2 is not required in a D4-channel bank since both Generic 1 and
Generic 2 are D4 compatible.

Both Generic 1 and Generic 2 are (when operating in D4 mode) compatible with
D4-formatted DS1 or T1 facilities. However, a DS1 was not designed to be
functionally the equivalent of achannel unit. D4-channel banks, as described in
Fact 3 above, use line-powered oscillators to provide their clocking. Given the
normal driftin an AC line, the transmit frequency of a D4-channel bank can vary
significantly. The OIU adds a stratum-4 clock to the common equipment of a D4,
allowing the transmit and receive sections to be commonly synchronized to:

* Theincoming line (loop timed)
* Free-running (stratum 4 accuracy)

¢ Anexternal reference (alink to the output of alower stratum reference), which
appliesto both DS1 span; you can select either DS1 span as the reference for
both
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CONCLUSIONSON SYNCHRONIZATION

Make no assumptions regarding synchronization. Reverify items such as the availability of a
synchronization source, the clock stratum, and compatibility of every T1 span. The best guarantee is
written confirmation that the local exchange carrier, AT& T Communications, or other vendor will either
synchronize to a System 75, System 85, Generic 1, Generic 2, or provide an appropriate synchronization
reference.

Develop a diagram showing the network synchronization plan. Make multiple copies of this diagram and
keep a copy at each switch site. Thisdiagram is essential for installing, administering, and tuning up a DS1
network. Such a diagram can also be used by maintenance personnel to troubleshoot network problems
associated with synchronization.

A properly designed synchronization plan will improve the quality and reliability of a digital private
network. If designing a synchronization plan becomes too complex or if many applications have a crucial
dependency on the digital facilities, then the AT& T Qualnet Synchronization Design Service should be
consulted.

USE OF GENERIC 2ASA SYSTEM CLOCK REFERENCE

To provide increased reliability, it is recommended that (for all cases) the primary and secondary system
clock references be placed in different modules. Tips on how best to use a DS1 as a clock reference are
provided next.

ISDN-PRI Trunk Facilities

ISDN-PRI trunks may terminate on a 4ESS toll office, 5ESS digital CO, System85 R2V4, Generic 1,
Generic 2, or compatible vendor's switch. Depending on other considerations, any of these terminating
connections may be selected as either a primary or secondary synchronization reference. 1SDN-PRI
configurations may be established with an ANN35 or with a TN767 with or without a TN555, depending
upon the D-channel configuration of the TN767. A brief description of these three boards and their general
use for ISDN-PRI is given next.

The ANN11 is the DS1 board used with all System85s and with traditional modules in Generic 2. The
ANNS35 is the ISDN-PRI board used with System85, R2V4, and Generic 2 traditional modules. The
TN767 is the DS1/ISDN-PRI board used with System 75, Generic 1, and Generic 2 universal modules.
The TN555 is the packet adjunct used with Generic 2 universal modules. If the TN767 has a D-channel on
it, it needs a TN555 located in the adjacent virtual slot.

Line-Only Mode DS1/DMI-BOS (ANN11 or TN767)

When using aline-only mode interface for synchronization purposes, the following facts should be known:

¢ Since the D4-channel bank (or equivalent) at the far end will be timed to the signal received from a
DS1, no dlips should occur on a line-only mode DS1 facility. Because of this, dip counts from line-
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only mode DS1s should not be used to determine the health of a clock reference (that is, they would
tend to make the reference appear to be in better condition than it may be).

* Line-only mode DS1s should not be used as system clock references unless it is known for certain that
the incoming DS1 is locked to the AT&T reference frequency. Normally, a DSL facility terminating
directly on afar-end D4-channel bank is not locked to the AT& T reference frequency.

Line+Trunk Mode DS1/DM1-BOS (ANN35 or TN767 with TN555)

Regarding the use of a line+trunk mode DS1/DMI-BOS for synchronization, the following point should be
noted. Sinceit would be expected that aline+trunk mode DS1 would terminate at a class-5 or higher CO or
at another switch, the linet+trunk interface should be suitable for use as a primary or secondary clock
reference (or to be the timing master for another switch).

The dip count provided by the interface should also be used in the process of choosing a healthy clock
reference. However, when the interface terminates on a D4-channel bank (or equivalent) that is not locked
tothe AT& T reference frequency for its timing, then the interface should not be used for synchronization.

DMI-MOS (ANN35 or TN767 with TN555)

System 85 DS1/DMI-MOS (ANN35) will only terminate at a compatible computer. The computer must
always obtain its timing from the switch. The switch should never select the DMI-MOS link as a timing
reference.

Although those circuit packs that support connections to remote modules operate at the DS1'srate, they are
not the same as the DSL/DMI/ISDN-PRI. Remote module connections cannot be used as a clock
synchronization reference.

USE OF GENERIC 1 ASA SYSTEM CLOCK REFERENCE

To provide increased reliability, it is recommended that (for all cases) the primary and secondary system
clock references be placed in different modules. Tips on how best to use DS1s as a clock reference are
provided next.

Trunk-Mode I SDN-PRI (TN767)

ISDN-PRI trunks may terminate on a 4ESS toll office, 5ESS digital CO, System85 R2V4, Generic 1,
Generic 2, or compatible vendor's switch. Depending on other considerations, any of these terminating
connections may be selected as a synchronization reference, either primary or secondary.
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Trunk-Mode Interface (ISDN-PRI + Robbed Bit) (TN767)

Since it is expected that a trunk mode DS1 would terminate at a class-5 or higher CO or at another switch,
the trunk interface should be suitable for use as a primary or secondary clock reference (or to be the timing
master for another switch).

The dip count provided by the interface should also be used in the process of choosing a healthy clock
reference. However, when the interface terminates on a D4-channel bank (or equivalent) that is not locked
tothe AT& T reference frequency for its timing, then the interface should not be used for synchronization.

Line-Only Mode DS1/DMI-BOS (TN767)

When using aline-only mode interface for synchronization purposes, the following facts should be known:

¢ Since the far-end D4-channel bank (or equivalent) is timed to the signal received from a DS1/DMI, no
slips should occur on a line-only mode DS1/DMI facility. Because of this, dlip counts from line-only
mode DS1/DMI should not be used in the process of determining the health of a clock reference (that is,
they would tend to make the reference appear to be in better condition than it may be).

¢ Line-only mode DS1/DMI should not be used as system clock references unless it is known for certain
that the incoming DS1I/DMI signal is locked to the AT& T reference frequency. Normally, a DS1/DMI
facility terminating directly on the far-end D4-channel bank is not locked to the AT&T reference
frequency.

Trunk-Mode DS1/DMI-MOS (TN767)

For Generic 1, DS1/DMI-MOS (TN767) will only terminate at a compatible computer. The computer
must always obtain its timing from the switch. The switch should never select the DMI-MOS link as a
timing reference.

NOTE: For Generic 1, the TN722 may be used instead of the TN767 for non-1SDN applications.
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C. TRUNKING TERMSAND CAPABILITIES

This appendix contains a list of trunking-related terms. The terms are listed in aphabetical order and
should serve as a supplement to the glossary. Also included are severa pages of tabular data that identify
the various trunk types, their signaling characteristics, and recommended options for the distant switch. A
list of suggestions and helpful hints regarding how to achieve the best end-to-end trunk compatibility is
provided.

FREQUENTLY USED TERMS

2-Wire Tie Trunk

AT&T does not support this type of trunk facility. AT&T recommends the use of 4-wire tie trunks. If 2-
wire trunks are used, AT& T will not guarantee transmission performance and will not accept trouble calls
involving these trunks.

Note: If 2-wire trunks are used, e.g., for connecting to a CENTREX switch, then the "WATS' trunk typeis
recommended rather than CO.

4-Wire Tie Trunk

Traditionally, this term has been used to define those 4-wire private line trunk facilities connecting two
switches located on customer premises. The trunk consists of two 1-way transmission paths, one for each
direction of transmission, plus signaling leads.

Address

A sequence of numbers (usualy a 3-, 4-, 5-, 7-, or 10-digit number) that identifies the station (telephone) to
which the call is directed. The specifics of the address are determined by the numbering plan used and
whether the call isan inside or outside call.

Address Sgnaling

The act of transmitting the address from the originating switch to the destination switch. Three different
methods can be used to perform address signaling. They are known as (1) dia-pulse, (2) dual-tone
multifrequency (DTMF or touch-tone), and (3) multifrequency (MF). Traditionally, either dial-pulse or
DTMF, depending upon equipment and administration details, has been used for PBX-to-PBX and PBX-
to-CO trunk connections, while MF istypically used on CO-to-CO trunks.
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Alerting Sgnals

Functions to establish the way information is sent and received across trunks, once they are seized. For tie
trunks, there exist five different aerting signals. They are referred to as: Automatic, Delay-Dial, Dia-Tone,
Immediate Start, and Wink Start. For loop start and ground start trunks, they are referred to as ringing and
dial-tone.

APLT—Advanced Private Line Termination

A PBX trunk interface for connecting to either a CO-based CCSA network or a CO-based EPSCS network.
The APLT provides for network inward dialing, direct outward dialing to the network, and other features
similar to those provided on the public exchange network. This trunk type can tandem through the PBX
without attendant assistance if the network has the capability. System 75, System 75 XE, System 85,
DIMENSION PBX, and Generic 1 and 2 communications systems all provide ‘‘ Cut-Through'’ operation for
APLT trunk types.

Auto (or Automatic-incoming)

A trunk signaling method where the distant-end switch does not send dialed digits, but expects the loca
switch to complete the call (at seizure time) based upon predetermined routing information. The call may
be completed directly to either the PBX attendants, to CAS attendants over RLTs, to a UCD/DDC group or
a vector directory number (VDN), to a voice terminal, or data end point. Trunk groups using the ‘* Auto-
in'’ signaling method are (1) some ground-start CO trunks, (2) some E&M tie trunks, and (3) some 1-way
incoming WATS trunks.

Note: With regard to the ‘*Auto-in"’ signaling method, System 75 and Generic 1 are more versatile than
System 85 and Generic 2, in that the System 75 and Generic 1 can auto-in to anything with an extension
number.

Auto (or Automatic-outgoing)

A trunk signaling method where the local switch expects the distant-end switch to complete the call without
the local switch sending any of the dialed digits.

Bypass Tie Trunk

One-way outgoing tie trunks from an ETN Tandem switch to an ETN Main switch.

Call Type

As used in the trunking characteristics tables, it is the term used to identify the basic characteristics of a
trunk group e.g., CO, FX, tieg, etc,.
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CCSA (or Common Control Switching Arrangement)

A private network configuration in which switching is provided by one or more CO switches. Typicaly,
these CO switches may be shared by other private networks as well as by the public switched telephone
network. A primary feature of CCSA, is the ability to provide a uniform numbering plan, which is
applicable for a customers geographically dispersed locations. However, attendant assistance is required in
order to complete any tandem-type calls routed through the CO. Refer to[EPSCSfor a contrast.

CX Sgnaling (or Composite Sgnaling)

One of three different types of derived E&M signals. AT& T switching products do NOT provide this type
of signaling.

Customer Provided Access

Those ‘* Special Access’ arrangements where the customer provides DSL1 rate trunking facilities directly to
the AT&T 4 ESSO toll switch. This special arrangement requires a significant amount of engineering, and
consists of aT1 or T1-type transmission facility between the AT& T toll office and customer premises.

Cut-Through Mode of Operation

Whenever the local PBX passes user-dialed digits directly to the outgoing trunk. The station user dials the
outgoing trunk access code (e.g., #9), whereupon an outgoing trunk is connected to the station line.
Subsequently, the distant switch (typically) returns dial tone to the station user. At this point the trunk is
said to be ** Cut-Through’’ since all additionally dialed digits pass directly to the distant switch independent
of thelocal PBX. Refer to| ' Senderized Mode of Operation’’|for a contrast.

Note: System 75 and Generic 1 do not provide ‘‘ Cut-Through’’ mode of operation. They always function
in*‘Senderized”’ mode.

DTMF Sgnaling (or Dual-Tone Multi Frequency Signaling)

The dialing arrangement where two selected tones (1 tone from a low group of 4 and 1 tone from a high
group of 3) are combined to produce 12 different tones. These 12 different tones correspond to the numbers
(or letters) and special characters located on a touch-tone key pad. The DTMF Signaling method is also
referred to as touch-tone calling. Refer to the term[“Addressing.”]

DX Sgnaling

A full-duplex 2-way signaling method that is functionally similar to CX signaling, superior to CX, and
generally succeeds CX. The primary application is for range extension on long metallic trunks. The E&M
interface is used to derive/superimpose the DX signals from the trunk. A significant detraction with DX is
that signaling bypass must be provided for conventional repeaters.

Note: The System 75, System 85, and Generic 1 and 2 communications system do not support DX
signaling. However, the DIMENSION PBX LC11 circuit pack may be optioned to provide DX signaling.
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Delay-Dial

The method of alerting whereby the originating switch waits for the terminating switch to acknowledge (via
astart-dial signal) that it is ready to receive the address digits. Digit sending begins upon receiving the end
of the delay-dial signal.

Note: Interms of functional operation, ** Delay-dia’’ isvery similar to **Wink-Start’’ signal.

Delay-Dial Incoming

An “‘off-hook’’ signa followed by an ‘‘on-hook’’ signal. The ‘‘off-hook’” signal functions to aert the
originating switch that the receiving switch acknowledges receipt of the trunk seizure. The ‘‘on-hook’’
signal functions to alert the originating switch that the receiving switch has connected a register and is
ready to receive the address digits.

Following distant end trunk seizure, a communications system sends the ** off-hook’" within about 100 ms
and follows with the **on-hook’’ portion anywhere from about 200 msto several seconds later.

Note: APLT can provide dial tone, in addition to sending the delay-dial signal. For these trunks, the switch
responds with the ** Off-Hook’’ in about 400 ms.

Delay-Dial Outgoing

An "off-hook" signal from the originating switch that causes trunk seizure. An "off-hook" from the
receiving switch delays the originating switch from sending the address digits. While waiting (delaying)
for the receiving switch to return the "on-hook" signal, the originating switch connects a sender. After the
receiving switch connects a register (and is ready to receive to the address), it returns the ‘*‘ on-hook’’ signal
to the originating switch.

Most switches consider the call blocked (glare) if the delay exceeds a specified time limit. For the System
85 and Generic 2 communications system, this time limit is a fixed system parameter (not administerable)
at 5 seconds. Most other vendor PBXs also use 5 seconds as the maximum delay.

Note: Some networking trunk types (e.g., both DIMENSION PBX, System 85, and Generic 2 trunk types 41,
43, 46, and 47) use what is referred to as the outgoing Universal start-dial trunk sequence. For these
networking trunk types, the 5-second maximum delay does not apply. The exact length of the time-out is
specified in the trunking characteristics table. However, in the event that a start-dial signal is not received
and the time-out occurs, the address digits are still transmitted. The switch response is no-fail upon
detecting atime-out! This switch responseis aso referred to as (no-failure upon detecting time-out)!

Delay-Dial Sart-Dial (DDSD)

Another name for ‘‘Delay-Dial,”” *‘Delay-Dial Incoming,’”” ‘‘Delay-Dia Outgoing,”” or ‘‘Delay-Dia with
integrity check.”” The term DDSD is most frequently used with regard to describing a particular type of
specia access/toll-office trunk. It is equivalent to ‘* Delay-Dial with Wink-Start signaling.”’ But, the same
restriction with regard to glare resolution exists as described with Delay-Dial.
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Derived E&M Lead Sgnaling

A signaling interface arrangement where the basic E&M interface is modified so that the E&M leads
derive/superimpose either simplex, duplex, or composite type signals.

Designed Trunks

‘“‘Designed trunks'’ is a generic term encompassing all those tariffed facilities that terminate on the PBX
with 3.5 +/- 1dB loss. Designed trunks include Tie, APLT, RLT, etc,. Trunks that do not fall into the
designed trunk category include those CO trunks that deliver POT S-type services and that may terminate on
the PBX with up to 8dB of loss.

Note: The issue of having designed trunks versus not having designed trunks generally only becomes of
significance when an electromechanical PBX is replaced with an electronic PBX. Then a determination
must be made whether the existing facilities may or may not be used. Designed trunks are necessary in
order to provide acceptable transmission levels.

Dial Repeating Tie Trunk

Those PBX tie trunks that deliver the called party station address to the distant switch, thus permitting
private network inter-switch station-to-station calling without any attendant assi stance.

Dial-Pulse

The signaling method that consists of a series of regular and momentary interruptions of a dc current path.
Each series consists of from 1 through 10 interruptions that correspond to the number digits 1 through 9 and
0 respectively. Dia pulse speeds are at the rate of 10 per second. The interruptions are usually produced
form arotary telephone dial or from a sender located in a switching system.

Note: Dia pulse is a method for performing address signaling. Dial-pulse address signaling requires more
call setup time than DTMF or MF. The type of dialing, whether dial-pulse (rotary) or DTMF (touch-tone) is
determined by the trunk administration parameters.

Dial Tone

For lines, it is the continuous tone that serves to indicate (to the calling party) that dialing may now start.
For trunk applications, refer to the term|Precise Dial Tone|

DID (or Direct Inward Dialing Trunk)

Those PBX trunk groups that connect to alocal CO and send digits to the PBX so that incoming calls can
be completed directly to stations, without the need to go through an attendant.
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Direct Access

Refer tol ‘ Special Access Connections.”’|

EPSCS (or Enhanced Private Switched Communications Service)

A private network configuration in which switching is provided by one or more CO switches. These CO
switches may be shared by other private networks as well as the public switched telephone network, just
like CCSA networks. However, EPSCS networks are more versatile than CCSA (1) since tandem calls do
not require attendant assistance, and (2) since an authorization code is frequently required in order to gain
access. Refer to[CCSA]and[APLT

E&M Lead Sgnaling (or Ear & Mouth Sgnaling)

The symmetric supervisory signaling method that, for analog applications, uses two leads (E-lead and M-
lead) for the transfer of 2-state signals that correspond to sending and receiving the ‘‘on-hook’” and *‘ off-
hook’’ signals. The 2-state signals consist of the presence or absence of a dc voltage or ground. The M-lead
transmits outgoing signals from the trunk circuit pack to the signaling unit/trunk. The E-lead receives
incoming signals from the trunk/signaling unit and passes these signals to the trunk circuit pack. The E&M
leads are crossed in the trunk connection so that the E-lead on one interface connects to the M-lead on the
other interface and vice-versa. For digital applications, signaling is by the state of two A bits, one for each
transmission direction.

The E&M method of trunk supervision may be used for establishing connections to other PBXs, COs, and
toll offices. Five dlightly different variations or types of E&M supervision currently exist. They are
referred to as:

* Typel Interface

This is the origina or first method developed for providing E&M supervision. The M-lead
signal consists of -48 volts (which represents the outgoing seizure ‘‘ off-hook’’ state) and local
ground (which represents the *‘on-hook’’ state). The E-lead signa consists of local ground
(which represents the ‘‘off-hook’’ state) and open circuit (which represents the ‘‘ on-hook’”
state).

There exists two other variations of Type |. Generally, the two variations are referred to as Type
| standard (or Type 1A) and Typel compatible (or Type 1B).

Application Considerations:

(1) The E&M interface (all types) was initialy designed for within building (intra-building)
applications.

(2) Intrecbuilding back-to-back applications of the *‘ Type | standard’’ interface require the use
of an E& M-to-E& M signaling converter (as external equipment).

(3) The ““Type | Compatible’’ interface contains an interna E&M signaling converter.
Therefore, if either one or both switches provide a *‘ Type | circuit,’”’ then direct (back-to-
back) connections are permitted. With this arrangement there is no requirement for an
external E& M converters.
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(4) All out-of-building (inter-building) applications should have lightning protection optioned.

Note: For System 85 and Generic 2 traditional module trunks, the method of selecting E&M
options involves configuring DIP switches on the SN circuit pack. For System 75, Generic
1, and Generic 2 universal module trunks, proper option selection involves administering the
correct software type option (e.g., Type 1 standard, Type 1 compatible, or Type 5) and
configuring the circuit pack DIP switches (Unprot/Prot aswell as Simplex/E& M).

The DIMENSION PBX (LC11), System 85 and Generic 2 traditional module (SN232B,
SN233C), and System 75, Generic 1, and Generic 2 universal module (TN760) all provide
the Type | standard interface. The SN233C and TN760 may also provide Type | compatible
interfaces. The LC11 may also be optioned to provide a 2-pair derived DX-interface. The
SN233C and TN760 may also be optioned to provide a 2-pair SX-interface.

Typell Interface
Thistypeis not supported by any AT& T PBX.

Typelll Interface
Thistypeis not supported by any AT& T PBX.

TypelV Interface
Thistypeis not supported by any AT& T PBX.

TypeV Interface
This method is supported by some of the later generation AT& T PBXs. However, TypeV is
currently not as widely used as Type I. With Type V, M-lead signaling consists of an open
circuit (which represents the ‘‘on-hook’’ state) and local ground (which represents the

“*off-hook’” state). E-lead signaling consists of an open circuit (which represents the ‘**on-
hook’’ state) and local ground (which represents the * off-hook’” state).

Note: The SN232B, SN233C and TN760 all provide the Type V interface as an option. In
addition, due the symmetric nature of Type V, trunks can be connected back-to-back with no
E&M converter.

ETN Trunking Facilities

Generally, each switch provides several trunk types that may be used for interconnecting ETN nodes. In
most cases, more than one trunk type will actually work, but the recommended trunk type will work best.
Depending upon the function of the ETN node (e.g., Tandem, Main, Satellite, or Tributary) and to some
extent the function of the connecting node, will determine which trunk type is recommended. See the

[Trunking] section of [chapter Z]for ETN trunk recommendations.

FX (or Foreign Exchange)

Leased trunking facilities that terminate on a CO other than the primary local CO. Typically, this *‘ other
CO'" islocated in atoll zone. For this scenario, the FX trunks provide toll-free access to its serving area.
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Glare

A problem that can occur with any 2-way trunks. Glare occurs when both ends seize the same trunk circuit
simultaneously. Glare is more likely to occur with loop start than other types of trunks.

Glare Detection

System 85 (R2V4) and the Generic 2 communications system are capable of both detecting and resolving
occurrences of glarein (&) ISDN trunks and (b) al other trunk types which use the *‘true wink start’’ and
“‘true delay-dia’’ signals. System 75 and the Generic 1 communications system cannot detect or resolve
glare. Proper use of this System 85 and Generic 2 capability requires that each trunk be evaluated in terms
of the connected node. The glare detection capability should then be administered as appropriate. This
administration of the glare detection capability is referred to as "Glare Resolution." Refer to
[Resolution™]for additional details.

Glare Resolution

Two System 85 and Generic 2 administration procedures apply to glare detection and control/resolution.
PROC 100, Word 3, Field 3 applies to a true wink start or true delay-dial trunk. PROC 262, Word 1, Field
5 appliesto an ISDN trunk.

PROC 100, Word 3, Field 3 may be translated with any of three encodes (O, 1, or 2). The generd rules
regarding how this capability istranslated for the appropriate trunks are;

(2) If the System 85 (R2V4) or Generic 2 connects to a node that does not support glare detection, then
encode (2) should be translated. This option causes the System 85 to back off from the glare
condition. The result being that the distant-end switch initiates the call.

(2) If the System 85 (R2V4) or Generic 2 connects to a node that does support glare detection, then one
end of the trunk should be translated with encode (2) and the other end of the trunk should be
translated with encode (1). The result of this optioning arrangement is that one switch takes control of
the glare condition (the switch that was translated with encode 1), while the other switch backs off.
Which switch to trandate as ‘‘in control’’ and which switch ‘‘to back off’’ is generaly an arbitrary
decision. However, sound reasons such as letting the more important ETN-Tandem and ETN-Main
nodes be *‘in-control’* may also be applied.

(3) If the System 85 (R2V4) or Generic 2 is neither translated encode (2) or (1), then the alternativeis
encode (0). When the (0) option is administered, then each occurrence of glareistreated as atrunk-
signaling error." Depending upon how RETRY, field 4, is trandated, the switch will either issue a
reorder tone (encode 0) or attempt to complete the call by seizing another trunk (encode 1).

PROC 262, Word 1, Field 5 has two encodes (0 or 1). For ISDN trunks, the other entity on the trunk is
presumed to have glare detection and control/resolution capability. The general rules regarding how to
properly apply this capability are:

(2) If the other entity on the ISDN trunk is a network switch, then the System 85 or Generic 2 should
aways trandate encode 0.

(2) If the other entity is a host computer, the System 85 or Generic 2 should transate encode 1 (implying
the host computer is equivalent to a 0). The opposite encodes are feasible but |ess appropriate when the
rest of the switching network is considered.
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(3) If the other entity is a PBX, either encode may be used by mutual agreement; however, they must be
opposite for the trunk to work at all.

Ground Sart

The supervisory signaling method whereby the originating switch grounds the ring lead (as a signal, to the
distant switch that it wishes to seize the trunk). The distant switch, in response, grounds the tip lead (as a
return signal indicating that the trunk loop is complete). Ground start is preferred over loop start
because (1) glare is minimized, (2) dia tone is guaranteed before the switch begins sending digits, (3) a
fool-proof indication occurs whenever the distant switch disconnects.

Removal of thetip ground between calls permits the local switch to:

(a) Hold the trunk busy until the distant switch disconnects thus prohibiting another originating call from
being connected to the party that was on the previous call.

(b) Prohibit any restricted station, which may have placed an authorized call through the attendant and
which may be waiting off-hook following a call, from making an unauthorized call.

High-Usage Trunk Group

Terminology frequently used in ETN environments. A trunk group that is designed to support a high
volume of traffic and, as needed, overflows to one or more alternate routes. These types of trunk facilities
are also sometimes called ‘‘Final Intertandem Tie Trunks.”” For a contrast, refer to ['Intermediate High
[Usage Trunk Group."|

Immediate Start

Meansthat start dial signals are NOT used.

Immediate Start Incoming

Whenever the distant-end trunk seizure is detected, the local switch responds by immediately connecting a
digit receiver to the trunk. No start dial signal is provided to the calling switch.

Immediate Start Outgoing

The originating switch seizes the trunk, then waits a set amount of time before transmitting the address
digits toward the distant switch. While the originating switch waits, the distant switch responds to the trunk
seizure by connecting a digit receiver. The length of time waited varies dlightly from one system type to
another. The specific timeinterval (by product) is asfollows:

* 60-milliseconds——for System 85 or Generic 2
¢ 1-second——for System 75 or Generic 1 using 2-wire trunks

¢ 1.5-seconds——for System 75 or Generic 1 using 4-wire trunks
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¢ 100-milliseconds——for DIMENSION PBX switches.

Interdigit Time-out

The maximum number of seconds that the switch can wait from one digit to the next digit before a time-out
occurs and a retry is required. This is a switch parameter related to call origination. The DIMENSION PBX
use 10 seconds as thetime-out. System 75 and Generic 1 use a default time-out of 5 seconds. However, the
switch may be optioned, via administration, to provide any value from 5 to 99 seconds. System 85 and
Generic 2 use values within the range of 6 to 18 seconds. The specific value is dependent upon the
particular trunk type.

Intermediate High-Usage Trunk Group

Generdly, these trunk groups are second- or third-choice trunk routes. Typically, this category of trunk
group receives route-advance overflow traffic from a High-Usage Trunk Group. Refer to
Intermachine Trunk (IMT)

Another name for the ‘*High or Intermediate High-Usage’’ tie trunk groups. Calls are routed to these trunk
groups viathe AAR software.

Intertandem Trunk

A term frequently used when ETN trunking facilities are described. Actually, an ‘*‘Intertandem Trunk’’ isa
particular application of a 4-wire tie trunk. Specifically, those tie trunks connect one ETN tandem switch
node to another ETN tandem switch node.

Loop Sart

A trunk supervisory signa initiated by the PBX by completing the loop current path. For outgoing-
originated calls, the switch dial tone detector determines when digit sending (start dial) may begin. AT&T
does not support loop start trunks.

MF (or Multi frequency)

An inband signaling method that, in terms of operation, is similar to DTMF. However, MF uses different
tones. The MF method has traditionally only been used to provide interoffice communication between

COs. Although not recommended, the System 85 (R2V3 and R2V4) and Generic 2 may be configured to
provide MF signaling. However, a special development charge is associated with the MF option.



TRUNKING TERMS AND CAPABILITIES C-11

Main PBX

In a main—satellite/tributary communications network, it is the primary (main) node that handles all trunk
traffic for the connected satellite and tributary switches.

Main-Satellite Trunks

For the System 85, Generic 2, and DIMENSION PBX, this term refers to the 70 series of trunk types that are

used for connecting a MAIN switch to a Satellite or Tributary switch. The System 75 or Generic 1 will

typically use tie trunks for Main-Satellite applications. See the[Trunking section of for trunk type
recommendations.

Off-hook

The station or trunk circuit condition for which the *‘loop is closed,”” thus permitting dc current flow from
the distant end. Since dc current can flow, the distant end detects this and removes ringing current, if
present. Seealso

On-hook

The station or trunk circuit condition for which the ‘‘loop is open,”’ thus inhibiting dc current flow from the
distant end. See alsO|E& M.

Out-of-Band Signaling

When a particular channel’s signaling information is transmitted in another channel, a separate time slot on

the digital facility.

Digit Sending Treatment

Refer to[ *Address Signaling,”’|*  Senderized Mode of Operation,’’|and| ‘ Cut-Through Mode of Operation.”’|

Party Test Sgnal

The primary use is with some early generation electro-mechanical COs. This signaling type exists on
DIMENSION PBXs and on System 85s through R2V4. However, there are no known current applications for
this type of signaling.

Precise Dial Tone
The did tone signal returned by the terminating switch to the originating switch. This returned signal is the

second dial tone and serves to indicate that the terminating switch is ready to receive the addressing digits.
Precise dial toneis only applicable for certain trunk applications and switching systems.
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Note: System 75 R1V1 DOES NOT SUPPORT precise dial tone. Therefore, it is recommended that the
distant switch be optioned to provide the R1V1 switch with a dc signa (e.g., a wink or delay-dial) as the
indication to begin digit sending. System 75 R1V2 (plus all subseguent versions) and all versions of
System 85 and Generic 2 DO SUPPORT precise dia tone. However, call completion is faster whenever a
dc signal isused. Again, either awink or delay-dial signal isrecommended.

Reverse Battery

A simple method for performing supervision on 1-way DID trunks. The originating end uses open and
closure signal's, while the terminating end uses battery and ground signals.

Note: Some CO applications (e.g., toll-diversion and answer supervision) may also use reverse battery.

S~ (or Single Freguency signaling)

The signaling method where the dc signal states ‘‘on-hook’’ and ‘‘ off-hook’’ are converted to ‘‘tone-on’’
and ‘‘tone-off"’ states via special 2600-Hz single frequency interface equipment. This signaling method is
not supported by any AT& T PBX. External hardware isrequired to convert E&M to SF signaling.

Seizure

A switching system action that consists of selecting atrunk circuit for the purpose of completing a call.

Senderized Mode of Operation

Whenever the local PBX collects the address digits before it seizes the trunk and starts sending digits.
Depending upon the type call and which trunk routing features are used (e.g., speed calling, subnetwork
trunking, extension number steering, AAR, or ARS), either three, four, or al of the dialed digits are
collected. Refer to[ ‘ Cut-Through Mode of Operation’’ |for a contrast.

Note: Certain types of calls operate in the ** Senderized’* mode of operation. Other types of calls operate as
“‘Cut-Through’’ mode of operation. Still other types of calls use a combination of both modes.

Sgnal Converter

Optional equipment, which may be used on analog trunks to convert from one type of signaling to another
type of signaling, e.g., ground-start to E& M, ground-start to loop-start, etc.

Sgnaling (or trunk signaling)

Those control functions (e.g., supervision, aerting, addressing) that are required to establish, maintain, and
release atrunk circuit.
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Sgnaling Type

With System 85 (R2V4) and the Generic 2 communications system, the switch provides the capability to
administer adifferent signaling type (e.g., E& M, ground start, etc.) from that implied by or defaulted by the
trunk type. This capability allows a particular trunk type, for example a CO trunk type, to be administered
with an E&M or other trunk signaling interface.

Foecial Access Connections

Those customer premises trunking facilities that bypass the Local Exchange Carrier and terminate on a toll
network switch (e.g., 4 ESS digital switch). Actually, the circuit may consist of leased LEC facilities that
areused asa'‘nailed-up’’ circuit.

Sop-Go Sgnaling

The scheme where a tandem switch, while receiving the address digits from the public network, interrupts
receipt of the address until the terminating switch signals that it is ready to receive the remaining digits.

Note: AT&T's PBXsDO NOT require or respond to*‘ Stop-Go'’ signaling.

Supervisory Sgnaling

Those control segquences that function to establish or set up the trunk connection between the local and
distant switches. Basically, there are five distinct types of supervisory signaling. They are referred to as:
ground start, loop start, reverse battery, E& M lead, and derived E& M lead signaling.

SX (or Smplex Sgnaling)

The method whereby signals are transmitted over the trunk (alternately) in either direction. Typically, SX
signaling is superimposed onto the trunk by the E& M leads. Therefore, with this arrangement, the signaling
is*‘Derived’’ fromthe E&M interface.

Tandem Tie Trunk Network (TTTN)

One of two (TTTN and CCSA) early version private networking arrangements. Both early version
arrangements have, for most applications, been replaced by ETN and EPSCS arrangements respectively.
Tandem tie trunk networks do not have as many features as ETN.

Tie Trunk

A dedicated communications path linking two private switching systems. These are ‘*Designed Trunks
with known transmission characteristics.
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Touch-Tone Sgnaling

Refer to|DTMF.

Trunk Type (or trunk group type)

For DIMENSION PBX, System 85, and the Generic 2 communications system the term *‘trunk type'’ is a 2-
or 3-digit number that is associated with certain software routines. These software routines (each trunk
type) provide a unique signaling sequence that enables the trunk circuit pack to interface to a particular
trunk service/feature. The System 75 and Generic 1 term trunk group type is synonymous with the
DIMENSION PBX, System 85, or Generic 2 term trunk type. Some examples for trunk group types include
tietrunk, DID, FX, DMI, etc,.

Type of Dialing

From the originating perspective (line side) the ‘* Address Signal’’ is either rotary (dia-pulse) or Touch-
Tone (DTMF).

Type of Outpulsing

From the switch perspective (trunk side) the type of digit sending (outpulsing) is determined by trunk group
trandations. For the DIMENSION PBX, System 85, and Generic 2, the administration field is referred to as
the ““Trunk Class of Service’ For System 75 and Generic 1, it is referred to as the ‘*Outgoing and
Incoming Dia Type'’.

Universal Trunk Type
Background

Private network PBX tie trunks may terminate on a variety of AT& T and other vendor switches. These
switches may range, in terms of sophistication, from the latest technology (e.g,. Generic 1 and Generic 2) to
earlier first generation stored program control and electro-mechanical switches. Slight differences exist in
the way older and newer technology switches perform the start-dial sequence for E&M trunks. The
Universal Trunk Type was devel oped to:

¢ Accommodate these variations in switch technology
* Provide appropriate timing pauses for subnet trunking applications
¢ Allow easy administration of trunk signaling.

Universal type trunk groups can provide either aWink or Delay-Dial signal as the outgoing trunk seizure. If
the distant switch does not respond with an off-hook (following the appropriate time interval), then the
address is still sent. Universal is aso referred to as ‘DO NOT FAIL UPON TIMEOUT"' but respond by
sending digits. Normally, upon receiving an off-hook from the distant switch, the local switch waits for the
on-hook before sending the address. Failure to receive the on-hook signa will result in call failure with the
user receiving reorder tone.
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Note: Previously, most switch implementations of the universal trunk type have not actualy timed for a
precise wink signal. However, they do provide dial-tone detection for subnet trunk groups.

With System 85 (R2V4) and Generic 2, E&M trunk types 41, 43, 46, and 47 will provide a ‘‘true’’ wink-
start and ‘‘true’’ delay-dia signal. Trunk types providing the'‘true’’ wink-start and ‘‘true’’ delay-dial signal
provide improved operation. Recall that System 85 (R2V4) and Generic 2 provide the capability to
administer a different signaling type from that implied by the trunk type. If for these trunk types (41, 43,
46, and 47) the signaling is administered to a type other than the default value, then universal signaling
does not apply.

WATS (Wide Area Telephone Service) Trunk

A LEC or AT&T offering that provides bulk cal billing rather than individual call billing.

Wink-Sart Incoming

The trunk signaling method that consists of amomentary **WINK'' off-hook signal (on-hook to off-hook to
on-hook). The off-hook part of the signal consists of operating the M-lead for a time duration ranging from
140 ms (minimum) to 290 ms (maximum). Electromechanical switches typically generate a 200 ms-wink
while electronic switches typicaly generate a 150-ms wink. This ““WINK'" signal indicates, to the
distant originating switch, that the local switch is ready to receive dialed digits. The signal is transmitted
about 100 ms after receipt of theinitial seizure.

Note: Some trunk types allow giving dial tone in addition to sending the wink-start signal.

Wink-Sart Outgoing

The originating switch goes off-hook on the M lead to seize the trunk, then listens on the E-lead for a
ground response. Upon detecting a ground on the E-lead (a successful wink-start signal), the local switch
transmits the address digits. A “*no response’’ on the E-lead indicates a signaling failure.
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SUGGESTIONS AND HELPFUL HINTS

(1) Given achoice of multiple trunk supervision methods—E& M generally works best.

(2) Historically, those types of features and trunk services provided by class 5 analog COs have required
either Ground Start or Reverse Battery trunk supervision. Class 5 digital CO's generally emulate their
analog counterpart and require a digital implementation of Ground-Start, Reverse Battery, and Loop
Start trunk supervision methods.

(3) With regard to Special Access Connections:
* Wink Start is the most frequently used start-dial signal
¢ Only E&M lead signaling is applicable at the 4 ESS toll office.

Note: Ground Start, Loop-Start, and Reverse Battery types of analog facilities may be used with the
appropriate signaling converters and D4 channel units. Whenever System 85 or Generic 2 analog
ground start trunks (SN230) terminate on a D4 channel bank—then the channel bank must be
equipped with aring generator in order to detect incoming seizure. The DIMENSION PBX with LCO8
ground start trunk circuits do not have this requirement.

¢ |norder of preference—addressing may be (1) DTMF, or (2) dial pulse.

Note: System 85 (R2V3 and R2V4) or Generic 2 may, as a special development option, provide MF
signaling.

* The customer premises switch should be configured with ARS software and administered so as to
prevent intra-lata calls from accessing the toll switch.

(4) Loop Start supervision is available with analog facilities for DIMENSION PBX and over digital facilities
for the System 85 and Generic 2. However, Loop Start is not recommended due to potential trunk
lockups on tandem calls.

Note: The only satisfactory way to use Loop Start Supervision is to administer trunk-to-trunk
restrictions so that incoming calls cannot tandem to loop start facilities.

(5) Establishing end-to-end trunk supervision is assured if the ports are of the same type and appropriate to
the two switches; e.g., Ground-Start at the CO and Ground-Start at the customer premises switch, a
digital implementation of E&M at the toll office and the same at the customer premises switch. Proper
application of E&M supervision is dightly more complex.

(6) The E&M trunk supervision method provides improved answer supervision over other methods.
However, E&M supervision may be implemented using a variety of start-dial signals, and provide
support for avariety of services. Thisincreased flexibility and the variety of signaling choices available
complicate the decision making/proper application process. Generally, one of the dc-type signals
(wink-start or delay-dial) is preferred since they provide a positive indication to start sending digits
and provide for faster call completion.

(7) Calls destined for the PBX attendant or other answering group may arrive at the customer premises
switch via either (1) ground start CO trunks, or (2) E& M automatic-in tie trunks.

(8) Incoming type ‘‘Dial Repeating trunks’ may pass four, five, or more than five address digits. Four
address digits function to define a station on that ‘‘main’’ PBX or on one of its satellite PBXs. Five
address digits function to define a station on that PBX or any other PBX within the 5-digit numbering
plan.
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TRUNKING CHARACTERISTICSTABLE

D ——identifies the DEFAULT supervision option on the Generic 2 for the associated trunk group type and the

only option for R2V 3 and earlier releases.

-## ——identifies a 1- or 2-digit number that corresponds to a particular DIMENSION PBX and/or System 85
signaling type. Beginning with System 85 R2V4, some trunk types may aso be optioned (via administration

procedures) for signaling types other than the default.

Note: Where appropriate the default designator (D) and the signaling type designator (-##) are combined to identify
the default signaling type; for example, the table entry *‘D-1"" means that the default signaling is ** Ground Start.”’
The table entries apply to Generic 2 trunk connections. However, they may aso be true for earlier versions of the

switch.

Signaling Types:

1 —Ground start

2 —Ground start with party test

3 —Loop/reverse battery, wink start

4 —E&M immed infimmed out

5 —E&M wink-start in/immed-start out
6 —ANI signaling

7 —Auxiliary equipment

8 —E&M delay-dial infimmed-start out

9 —E&M delay-dial in/wink or delay-dial with
dial-tone out

10 —E&M wink-start infwink or delay-dia with
dial-tone out

11 —E&M wink-start infwink or delay-dial out
(universal sequence)

12 —E&M immed in/wink or delay-dial out
13 —E&M release link trunk out

14 —E&M release link trunk in

15 —E&M main satellite immed start

16 —E&M main satellite wink start

17 —E&M main satellite delay-dial out

18 —S-channel signaling, host access GPP, host
access EIA

19 —L oop start

20 —DMI ISDN-MOS

21 —E&M wink-start in/wink-start out

22 —E&M delay-dia in/delay-dial out

23 —E&M delay-dial in/wink or delay-dial out

24 —E&M delay-dial in/wink or delay-dial out

25 —E&M immed-start in/wink or delay-dial
out with fail on timeout

26 —E& M wink-start infwink or delay-dial out
with fail on timeout

27 —Analog line loop

28 —E& M automatic in/immed-start out
29 —E& M automatic in/wink-start out
30 —L oop/reverse battery, immed-start
31 —E&M immed-start in/automatic out

32 —E& M automatic in/automatic out
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SWITCH A

FOR EACH "SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE

CORRESPONDING RECOMMENDED " SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE).

O O
O O
O O
O O
O O
O O
1 1
[GROUP/CALL TYPE IbIREC- [ SUPERVISION [ SIGNALING O
O Tr1oN L 0
0 o m 0 0 0 0O 0 0
0 GENERIC 2, il meS S [RB [E&M [JSDN [INCOMING [] OUTGOING  [TIMEOUT 0
O SYSTEM 85,0R [ m 000 0 wm 0 0 o
[ DIMENSION PBX I 1N E E E E [HALERTING" E"ADDRESSING" E(NOTE 3 [
= = = — 0
O 12/APLT mow @ O O 0Opg O MbeLay-oiaL Lhiat-tonewith U assec [
B (Notes 1& 2) % % E E 0 g % INK-START OR E B
O D:I] [I:D 0 0 0 0 [I:I] 0 DELAY-DIAL 0 0
oo O i & 0
B 13/APLT % 2w % 0O 0O [Opwo g HEHNINK—START [PIAL-TONEWITH [] 4-6 SEC B
0 (Note 1) i} m O O O O [ CWINK-STARTOR [ 0
0 m m E E E E m E DELAY-DIAL E 0
0 14/APLT % 2W % E E BD-B B %bELAY-DML LhiaL-TONEWITH B O
O R O
o il m 0 0 0 0 [ g MMED-START O
B 15/APLT % 2w % E S BD-s B %/\/INK-START %)IAL-TONEWITH E B
d [ o O o 0O O il [J IMMED-START  [] 0
il T o o O = i = =
E 16/CO m IN 0 O O 0O m 0 0O o
0 I} m 0,0 O O 1] O O 0
0 il b = 5 0
0 m m O 0 0% 0 m AVO [ 0 0
0 Il m O O 0O 0O M auvto O UNoTE4) ]
E % % E E E H 20 % DMI-MOS E‘ E](NOTES) g
1] m o o o 0 ] O O
0 o D Cwd O O m 0 0 0
g % % H H 5 28 H % EIMMED-START E g
0 il m O O 02 [ il [] WINK-START  [] 0
o o o 0 [l N [l
H % H 5 0 o ok H H DMIMOS  (NOTES) H

z
Q
R

1. Thistrunk typeisonly applicable for APLT through dial applications (EPSCS applications).

2. Connections to an ETN-Main that is not equipped with FP8 issue 3 (yet providing Speed-Calling) should use APLT type-12
trunks (2-way delay /delay). Incoming calls can only reach the attendant via the network LDN(s) e.g., PBX access code plus a
2-, 3-, 4-, or 5-digit number. The single digit "0" will not work.

3. Thistype of trunk time-out indicates that if no signal isreceived and its expiration digits are automatically sent for outgoing type
calls, and the trunk is automatically connected for incoming calls. If no signal is received and time-out occurs, then digits are
automatically sent (for outgoing calls), or the trunk is automatically connected (for incoming calls).

4. Thistrunk type and optional signaling arrangement may be used to build a " Special Access' trunk group. Special Access refers
to a direct connection to a 4 ESS toll switch. A typical application for this trunk type/signaling arrangement is to support
MEGACOM®S800 DNIS.
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O O
O O
0O SWITCH B 0
O O
0 RECOMMENDED TRUNK OPTIONS — OTHER OPTIONSMAY WORK FOR 0
O SOME APPLICATIONS; HOWEVER THESE OPTIONS SHOULD ALWAYSWORK. O
IH [
a GROUP/CALL TYPE Birec- uper- L SIGNALING |
B 5 5 5 %TION %ISION% g
[ GENERIC2,  [BENERIC1 [] 4ESS [ 5ESS [PTHER [ il [ 'NCOMING  [] OUTGOING
[BYSTEM 85,0R EBYSTEM 75 g B S m Il m g 0
[DIMENSION PBX = = = = E E E;E"ALERTING" HADDRESSING" S
= £t E=E 12

O S B E&M, B Y S % W %E&M [BIAL-TONE WITH BDELAY-DIAL O
O DTMF, (Note 6) INK-START OR O
E E E WINK B E % % ) DELAY-DIAL B E

] i i 0 &

g 0 0 BM, 0O Y @O HEH 2w %E&M % DIAL-TONE  [] WINK-START g
0 [l 0 botMFr,  [O(Note6) [ mm m [[WINK-START OR []] 0
0 O O wn O O I I [ peLAY-DIAL U O
= =t 0 0 I S S O S
0 E U eewm, B % E % W %E&M % DIAL-TONE BDELAY-DIAL 0
O . O
- 0 %)TMF, WINK 3 (Note6) m m MMED-START -
E S g E&M, B Y S % 2w %E&M % DIAL-TONE BWINK-START E
0 0 [DTMF, WINK [](Note6) [] il il ['MMED-START  [] 0
I T T (] [ T [T 181} = [l
0 O O ¥ (Note7) [ [OouT [ Gs [ O 0
O E g H(Note?) E 0 oyt @ LS Q E O
H E E 5(Note7) E mq OUT ﬁE&M ﬁlMMED-START EIMMED-START H
5 U U LY (Noteg) U [Moutr [MMeaM [ WINK-START L WINK-START []
E E H Y (EDSL) E] %OUT %Notm HIEIH H DMI-MOS g
0 O 0 0 0 m m 1 U d
= M N r‘r (Note 8) M mm IN m GS mm N 0
0 0 O LY (Notes) [ [ N [DeaM [NIMMED-START [IIMMED-START []
g H H EYJ (Note 8) H DU_W:E IN %E&M Du_n_n]‘i'WINK-START EWINK-START g
0 O 0 [Y (Note8) ] m'N [mLS [1 O 0
H E E %{(EDSL) E H IN HﬂNot&M % DMI-MOS E H

2
o o g
)

Trunk supervision may be adigital implementation (DMI-MQOS) of the default type or any of the available "OPTIONAL" types.

For 5ESS CO connections, the trunk class should be PFLASH. The direction, supervision, and signaling should be optioned as

indicated. Addressing should match on an IN and OUT basis. That is to say, incoming addressing on one end should match
outgoing on the other end and vice-versa. The CO trunk group should be administered so as to provide Cut-Through Mode of

Operation.

7. Trunk class may be either PF or PFLASH.

8. Trunk class should be PFLASH.
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[l a
O a
0 SWITCH A 0
O a
0 FOR EACH "SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE 0
O CORRESPONDING RECOMMENDED " SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE). a
1 O
[GROUP/CALL TYPE IDIREC- @  SUPERVISION il SIGNALING O
u D110N i 0
0 i m O o O a m 0 0
0 GENERIC 2, il MeS S [RB [F&M [JSDN [INCOMING [] OUTGOING  [TIMEOUT 0
0 SYSTEM 85 0R [ m O O O O m 0 0 0
[ DIMENSION PBX m O o O 0 [HALERTING" [}aDDRESSING” L(NOTE3) []
= E E (] (] (| [ E [ (] :l
0 18/CO 0 outr MU O O 0 il g Uwnoteg) O
= m mo_ 0 1 O m| m Il m| N
o 0O 0od O O O
g 19/CO % 2W %.1 25 &5 5 % 5 o E
o Atendant i m 0°0 0 0 0 0 0
O Completing/IN m m O O Dg O M auvto  Hivmep-start U 0
E DOD % % H H H 29 H %ﬂ AUTO HWINK—START HNOTE 10) B
0 m m O 0O 0O (020 [ oMI-MOs [ DMI-MOS O(NOTES) [
i £ R = £ = =: N
0 20/CO o 2w m20 0O 0O O m O ONoTE9) [
O 21/FX % IN b1 E E E E 1l E E 0
1Nl ] | ] ] || T ] ]
g Attendant I DN 0 0 m O O g
0 Completing m m O O 0O 0O m Auto 0O d 0
g % % H E Hzg é % AUTO H H(NOTE4) g
0 m m O O 0O [J 20 [ DMI-MOS  [] [J(NOTES)
0 il T s Ry i & il & = 0
0 22/FX mOUT m10 O O O m 0 g 0
0 il m O 0O 028 [ m [JIMMED-START [] 0
0 m m O O Oz O m U wink-sTarT  LhNoTE 12) [
0 [0 m o o O O il O - | 0
0 0 m 0 O O 02 m [] DMIMOS  (NOTES) 0
0 [ m O o L] L] il [ 0
O 23/FX-DOD 0 ouT 20 O O 0 0 0 [](NOTE9) 0
O I m o o O O O O m 0
0 24/FX il 2W 1 0O [ 0 m 0 0 0
0 Attendant il m L O O O m O O 0
g Completing % % H H H 28 H % AUTO HIMMED-START H E
0 IN/DID i m O 0O O22 0O [ AUTO [ WINK-START  [J(NOTE4) [
O i m U o U U2 O pmi-mos = omi-mos D(NOTES) a
7 5 A
O i d
H 25/FX 0 2W %)2 O 0 0O 0 0 0 gNOTE9) 5

z
Q
R

©

To be used with CO applications that provide a"party test" signal toward the PBX.

N
(S]

This trunk type and optional signaling arrangement may be used to build a " Special Access' trunk group. Although other trunk

group types may be more appropriate, this trunk group signaling arrangement may function to provide trunking facilities for

MEGACOM Service.
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[l O
g SWITCH B g
O O
0 RECOMMENDED TRUNK OPTIONS — OTHER OPTIONSMAY WORK FOR 0
O SOME APPLICATIONS; HOWEVER THESE OPTIONS SHOULD ALWAYSWORK. O
1 []
a GROUP/CALL TYPE Mhirec- Mhuper- [ SIGNALING a
U I %TION %AQON % H 0
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0 u 0 0 Y O M2V [ m O 0
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H O O O v O ﬁ 2w ﬁ E&M ﬁme-START [0 WINK-START [
0 0 0 m 1N 1] ] U ]
E O O EY(EDSL) a m 2V oNole5 - DMI-MOS - DMI-MOS g
0 0 ] 0 0 il il il § 0
O O o™ o ¥ O oD m® m O u

Notes:

11. Thistrunk type and optiona signaling arrangement may be used to build a " Special Access" trunk group.

for thistrunk type/signaling arrangement is to support MEGACOM Service.

A typical application
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0 [l
O O
0 SWITCH A 0
0 [l
0 FOR EACH " SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE 0
a CORRESPONDING RECOMMENDED " SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE). O
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Notes:

12. Thistrunk type and optional signaling arrangement may be used to build a " Special Access' trunk group. This trunk group and
signaling arrangement may function to provide trunking facilities for MEGACOM and SDN Services. Dependent upon trunk
type selection at the 4 ESS toll switch, wither DTMF or MF signaling hardware must be equipped.
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DTS = Dia Tone Start

Notes:

13. Thistrunk typeisalso referred to as providing "UNIVERSAL TRUNK SIGNALING".
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0 FOR EACH " SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE 0
O CORRESPONDING RECOMMENDED " SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE). O
O |
[GROUP/CALL TYPE IDIREC- T SUPERVISION [ SIGNALING 0
5 omoN B———F—7—1 N 0 o
B GENERIC 2, il [§S [+S [RB [E&M [4SDN [} INCOMING [] OUTGOING [’[IMEOUTE
0 SYSTEM 85 0R [ m o 0o 0O O m O 0 0
[ DIMENSION PBX I I E E E E @ "ALERTING" E"ADDRESSING" HNOTE 3 [
= =5 8 £ B
O 35/TIE m N O U 0O Oy O [@imveosrarr U U O
B % E E E E E E (AUTOMATIC) E E g
O [ m o o o 0 1 0 O 0
i 0t = il 5 5
H 36/TIE m2W @m O O 0Ob4 O [0 IMMED-START [ IMMED-START  [] E
0 g E;E E E E E @IAL-REPEATING) ’g‘bIAL-REPEATING) E 0
5 il
O 37/TIE mow M O 0O Oz U  [vmeo-starr U immep-start U O
B % E g g g g IAL-REPEATING) ) (AUTOMATIC) B S
0 i} m 0 O 0 [ ANALOGLINE [] ANALOGLINE [] 0
] i i e = = 5 il 5 5 W
0 38/TIE m2W @ O 0O 0O2 O [0 IMMED-START [ IMMED-START [ 0
0 % m d o 0 0 [ automatic)  UbiaL-rereaTing) U O
|:| i || ] || ] 1N ] ] ] D
O [ Mo 0 0 0 @ O O 0
[N L [l L
g 39/TIE % 2W % O 0 0% [ % IMMED-START  [] IMMED-START ] E
0 m m o o O O [0 (AUTOMATIC) [] (AUTOMATIC) [ 0
0 I m O O 0O O ] O O 0
I m m [ [0 [ [ il [ [
= ]
O 40/TIE % IN % g E g 8 B M beLav-piaL g B(Noteﬂ) H
E 0 m o O o 0 IAL-REPEATING) 0 0 E
O O O i ] ]
g 41TIE % 2w HEH O O [P26 0O % WINK-START  [JWINK-START OR [] 4-6 Sec g
O m m O o 0O O [PIAL-REPEATING) [1 DELAY-DIAL [J 0
0 % E E E Ezz E E DELAY-DIAL E DELAY-DIAL E [l
g m ﬁ E E 521 E ﬁ WINK-START E WINK-START E S
0 I Il g g gn B [ WINK-START EWINK—START OR B(Notem) 0
O [ il il DELAY-DIAL O
[l (| I (| I on (| (|
E % E O 0O 0O []20 HEH DMI-MOS [] DMI-MOS [] (Note5) E
0 il i i i i il i = 0
0 42/TIE m IN m O O [p2 0 [0 WINK-START [] 0 46Sec
0 m o 0O o O 0  MbIAL-REPEATING) [ O 0
O % % H H sz J% % DELAY-DIAL H ﬁ O
E | ﬁ O 0O gu Qg Eﬁ WINK-START [ [](Note 13) B
O I m o 0o 0O a [ 0 O 0
I o o oo o U 1] ] ]
B o DO 0 0% 0 g WINCSTART 0 S
0 @ mE B B H2 [ DmI-MoS = H (Notes) 5
Note:
14.

Thistrunk typeis used for AUTOVON applications.
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O O
g SWITCH B g
O O
0 RECOMMENDED TRUNK OPTIONS— OTHER OPTIONSMAY WORK FOR 0
O SOME APPLICATIONS; HOWEVER THESE OPTIONS SHOULD ALWAYSWORK. O
1 1
a GROUP/CALL TYPE [Birec- [Buper- [0 SIGNALING d
u 5 5 5 oo %ISION 5 0
g GENERIC2, [GENERIC1 [] 4ESS  [J5ESS [QTHER ] I [ NCOMING  [] OUTGOING g
[BYSTEM 85,0R [$YSTEM 75 [] 0 O m 1 m O 0
[DIMENSION PBX [ g g g I} m [ "ALERTING" ["ADDRESSING" []
= [ | [ [ E E E | a
O 33 U e UOwmioenor U pr U Mout [Meem [ mmep-start U iMmeD-sTART [
0 E ENO DIGITS E E E E E (AUTOMATIC) E H
H NA 0 N [0 NA 0pF [ HOUT ﬁ GS ﬁ 0 S
o = 5 = = i il i 5 0
0 36 O TEe [0 MIOPNOP  [BFLASH [] 2w [DE&M [ IMMED-START [ IMMED-START ]
0 H LviTHDIGITs U O I In [{bIAL-REPEATING) L{DIAL-REPEATING) []
= (| 1 [ (| mn mmn m 1 D
O 38 U 1ne  Uwmioevor riasi U M ow Degm @ imvep-start U immep-start O
U E ITHDIGITS E E E E g (AUTOMATIC) EDIAL-REPEATING) S
0 0 0 0 0 m @ 0 0
N = = =: = i T i = i
0 37 O TEe O miornoP  [BFLASH [J 2w [JE&M [ IMMED-START [l IMMED-START []
0 0 CvitHpicits U 0 m m [biaL-rePeaTING) U (auTomaTIc) [
H NA E N E NA ﬁFLASH E % 2w % GS % H g
0 O L] ] LI 1 11} [ L O
0 39 0 TE [ NA 0/ 0 M2V [UE&M [ IMMED-START  [] IMMED-START -
H O O O O 1 1 [ (AUTOMATIC) [ (AUTOMATIC) 1
O NA 0 0 Na U O Moy [gs O O
=t Il il ] Il M il T I 0
O NA g NA B B NA g %OUT %E&M %IMMED-START B DELAY-DIAL U
E 0 0 0 0 0 0 0 [(DIAL-REPEATING) E
0 [} [} T [} 1N} [ [ U N
0 4 0 TE [] DIMF,  [BFLASH ] [ 2% [E&M [ WINK-START  [J WINK-START
=l O 0 WINK O O 1 m [ DELAY-DIAL  [{(DIAL-REPEATING)
O 4 E TIE B E[ PF E %ZW %E&M % DELAY-DIAL B DELAY-DIAL g
ﬁ 41 0 TE [DIMEWINK [] PF  [] M2V [E&M [ WINK-START _[] WINK-START -
0 4 O ne 0O pmwe Op 0O [ ow [Meem [MWINK-STARTOR O WINK-START  []
O E, g WINK E} E % % % DELAY-DIAL g g
E' Y(RV4G2) [ N 0 [JEDSL [ M2~ [QE&M [ DMI-MOS O DMIMOS
] (] ] [ ] 1] 1] 1] = O
0 43 00 TE [] DTMF,  [BFLASH [] [IOUT [JE&M [IWINK-STARTOR [] WINK-START
0 O O wnk 0O g 1N} IR [0 DELAY-DIAL  [{DIAL-REPEATING) []
% 3 E TIE EMIOPNOP E PF E UJ_U'“TOUT %E&M % 5 DELAY-DIAL g
0 43 0 TE [ DIMFR, [0 PF [J [IOUT [JE&M [IWINK-STARTOR [] WINK-START
0 O O wnk O O 1N Il [0 petAy-piaL [ 0
U 43 H TIE #)TMF,WINK ﬁ PF H %OUT HE&M M WINK-START ﬁ WINK-START U
E YRV4G) B N g Heost g @ 2w @E&M % DMI-MOS H Dwm-mos 5
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SWITCH A

FOR EACH "SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE
CORRESPONDING RECOMMENDED "SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE).

ROUP/CALL TYPE IbIREC- @M  SUPERVISION [ SIGNALING
TION

=|
O
O
O

g
INCOMING [] OUTGOING [JIMEOUT

U U
"ALERTING" UJ ADDRESSING" D(NOTE 3)
1 (|

GENERIC 2,
SYSTEM 85, OR
DIMENSION PBX

E

n

o

2
oo,
o)

<

]

g

|

Q\/I NK-START OR
— DELAY-DIAL

43/TIE Up-2s

o
c
_|
-
£

2 [] DELAY-DIAL

U WINK-START
=

N ISEEN
[

T
[WINK-START OR [7(Note 13)

[] DELAY-DIAL

E DMI-MOS (Note5)

44/TIE

=

DELAY-DIAL
IAL-REPEATING)

IMMED-START

FEHHHEEEHEEEHEEHEEE8H

I
[ DELAY-DIAL
[(PIAL-REPEATING)

T
[0 IMMED-START  [WINK-START OR

[bIAL-REPEATING) E DELAY-DIAL

45/TIE

=

MMED-START

mOoogood

46/TIE

N
=
9
N
»
o
£

=
N

[T [}
m IMMED-START ﬂVINK-START OR
DIPIAL-REPEATING) [] DELAY-DIAL

[ WINK-START 0 WINK-START
%IAL-REPEATING)

N
N

jumi]
[Q DELAY-DIAL DELAY-DIAL

[IPIAL-REPEATING)

20 DMI-MOS DMI-MOS

HOOoOo@mod

47ITIE

N
=
HEHEHEEREEEEEHHEEEEEEEEEEEEHEEEHEEEEHEEHEEHER

N
N

DELAY-DIAL INK-START OR
’T{-PIAL-REPEATING) [] DELAY-DIAL

£
(2]
10 v o o

=|=| =l=

[0 DELAY-DIAL U DELAY-DIAL
g}‘bIAL-REPEATING) ,El\

N
N

1H1] T
i WINK-START O WINK-START
[IPIAL-REPEATING) 0

N
[y

[0 DELAY-DIAL INK-START OR
IAL-REPEATING)  DELAY-DIAL

8
DoO00@oopooOoUPgooppjoooogoooooguoopOooooooopod

OOoOoooooooopooooooooooogooopoomnooooooooooooopygpOoOoooono

EEEEEEEEEEEE EEEEEEEEEEEE: EEE S EE - EEEEEEEEE HEEEEE
MMoOOC00PpOO0O0OQODOO0OOOpOoOOooOgOoompOOoOoOoopOOoogOopOoOompaoad
MMOoOOC00pOoOO0Oo0OEODOoOoOOpOoOooOgOoompOOoOoOoopOOoogoOnopOoOompod
MOoOOODO0OOoDOOQOoOooppoOoooopoomoogooapOooohOgopooaipoand

MOoOOODOoOOoOdpOOObOopnogooOooomoogooOopmOooogooOo o ™
)
[

20 % DMI-MOS H DMI-MOS H(NoteS)
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SWITCH B

RECOMMENDED TRUNK OPTIONS — OTHER OPTIONSMAY WORK FOR
SOME APPLICATIONS; HOWEVER THESE OPTIONS SHOULD ALWAYSWORK.

GROUP/CALL TYPE

Ooopopooooog

SIGNALING

O
O
O
O
O
O
0
[8irec- [Euper- [ O
5 5 5 5 %HON %ISION% 5 0
GENERIC2, [BENERICL [] 4ESS []5ESS [DTHER ] I [ 'NCOMING  [] OUTGOING B
[BYSTEM 85,0R [BYSTEM 75 [] O O I N N O 0
[DIMENSION PBX O O O Il Il [ "ALERTING® [1"ADDRESSING" []
(] | (] | fumil amal famal [
= i 0
O 42 U qeg U o Upee O M n [Meem Dwink-STARTOR B wink-sTART [
0 E E WINK E E E E E DELAY-DIAL E S
é a2 [0 TIE [JMIOPNOP [] PF [] [0 N [[E&M [ DELAY-DIAL _[J DELAY-DIAL -
O 4 U re orvrwnk Oopr O 0 v Deem O wink-start O wink-start O
g 42 E TIE E DTMF, E PF E ﬁ IN - pE&M %WINK-STARTOR E WINK-START B
. 0 [0 WINK [] 0 il il [ DELAY-DIAL [] 0
[ 42 (Rav4/G2) E N E EEDSL E E IN EE&M E DMI-MOS H O
O 46 g ACCESS B MIOPNOP %FLASH B M ow egm [ mmep-starT g DELAY-DIAL [
H 0 Note1s) [ 0 0 % % % (AUTOMATIC)  [{DIAL-REPEATING) g
L L L L L
g NA 0 NA [] MIOPNOP  [RFLASH [] % 2W %E&M % IMMED-START  [] DELAY-DIAL B
0 0 0 0 0 m o m [IDIAL-REPEATING) ]
] = = =T - AN U] T o D
0 44 O TE [(DTMF, WINK, [BrLASH [ 2w [DE&M [IWINK-STARTOR [] IMMED-START []
0 0 U miopnop U 0 Il I [ pecav-DiAL  [biaL-RePEATING) [
g ” H TIE IéTMF, WINK, EFLASH E' HIEIH 2w HEHE&M [\VINK-START OR H IMMED-START
= 0 [] MIOPNOP  [] 0 0 0 []] DELAY-DIAL _[(PIAL-REPEATING)
0 4 O ne  Drvrewink, Briass O Mow [Meem M wink-sTART O wiNK-START  []
O E E MIOPNOP E E H E H IAL-REPEATING) [
H 4 E TIE EpTMF,WlNK, E?FLASH E HOUT HE&M ﬁ DELAY-DIAL E DELAY-DIAL B
0O O O miopnor [ O I} 1] 1 [(DIAL-REPEATING) ]
O 45 (R2v4iG2) H N H H’FLASH E' %zw %E&M ﬁ DMI-MOS H pMi-mos [
- []
g 47 g TIE B DTMF, %FLASH B %ZW %E&M % DELAY-DIAL EWINK-START OR B
0 0 0 WINK ] 0 0 m [PIAL-REPEATING) [] DELAY-DIAL
0 a7 O mie  Owmiornor [briasd O 2w [Meem [I DELAY-DIAL [ DELAY-DIAL []
O g E g E\ E:E @ gj{blAL-REPEATlNG) g O
E[ 47 E TIE E DTMF, EFLASH E HEH 2w HEHE&M HEH WINK-START E WINK-START B
0 O O wink [ O m o [(PIAL-REPEATING) [] 0
O 47 g TIE B BOTH %’FLASH B 0w Meem O peiav-bial  Dwink-startor O
E - - - - E E IAL-REPEATING)  DELAY-DIAL g
5 1 0 I
g4 RvaG) g N g Heost H Fj 2w [ESM [ DMI-MOS H owmmos g

15. Prior to FP8 issue 3, the DIMENSION PBX feature "Speed-Calling" could not be used on tie trunks. Issue 3 of FP8 does permit
the feature to be used with trunk types 41, 43, 46, and 47. If the DIMENSION PBX is functioning as an ETN-Main and using
trunk type 44 then "Speed Calling" cannot be used. If the DIMENSION PBX ETN-Main (something other than FP8 issue 3)
provides Speed-Calling; then type 12 trunks are required to support this feature.
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SWITCH A

FOR EACH "SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE
CORRESPONDING RECOMMENDED " SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE).

GROUP/CALL TYPE [HIREC-T SUPERVISION % SIGNALING

TION[IZI]DDDD

moooOoodoooonopoogooon

O

O

O

O

O

O

1

O

s 2

GENERIC 2, il [FS [+S [RB [F&M [SDN [ INCOMING  [] OUTGOING B’IMEOUTB

SYSTEM 85, OR m m o o 0O a m 0 O 0

DIMENSION PBX I I E E E E [ " ALERTING" E'ADDRESSING" HNOTE 3 [

£ E2 E2 0

50/RA @ 2w @19 E E E [ piaL-TONE E DIAL-TONE E O

% ﬁ E E E 4 E %IAL—TONEWITH EIAL—TONEWITH E E

o m O O O 0 [MMED-START [JIMMED-START [] 0

E E;H E H E E 20 E;H DMI-MOS H DMI-MOS E (Note5) []

0

B7/CASRLT-OUTGOING Doyt @ O O %:)-13 O vmep-start 2 auTo O O

0 FROMBRANCH I m o O O m 0 O 0

0 I m O o 0O 0 m 0 O 0
O 0O 0O [l [l [l

166/CAS RLT-INCOMING DN D00 PYD @ ATo  [MMEDSTART [ .

0 FROM BRANCH i} m O o 0O O m O a 0

N ™ T = T = = 0

0 70/TIE m IN m O O s 0O [IIMMED-START [J O 0

0O MAINSATELLITE O m O o O O m d a 0

= m m_ O[O H| mn n M .

O TUTIE Dour @ O O Gy O ([ Uimmep-starr U O

0 MAINSATELLITE O m o oo o m O O O

0 Il m o o 0 O m 0 O 0

B T2ITIE % 2W % E] H ]E|P-15 E %IMMED—START HIMMED—START H B

0 MAIN SATELLITE I m O O O 0 I 0 0 0

T i 00— = T 5 5 0

0 73/TIE mIN m O O b0 [l WINK-START ] 0 0

0 MAINSATELLITE @ m 4 0 0O g m U U O

= nml mn A [ 1 A mn [ 1 :|

O T4/TIE % ouT % B E Eb-lG B % E WINK-START B 0

0 MAINSATELLITE o S o000 0 m o g El

g 75/TIE % 2W % B E EP-lG B %WINK—SI’ART E WINK-START B g

0 MAIN SATELLITE [ m O 0O O 0 m 0 0 0

| T 0 R R i T i i 0

0 76/TIE mIN m O O b1 O [IDELAY-DIAL [ O 0

0 MAINSATELLITE @ m O o O O m O a 0

= E E | [ | | E [ (| :|

O T7ITIE % ouT % B E Eb-l? B % E DELAY-DIAL B O

O O

= MAIN SATELLITE I m O 0 0O 0 m 0 0 A

U 78/TIE % 2W % B g EP—l? B %DELAY—DIAL B DELAY-DIAL B U

U MAIN SATELLITE O

O @ @ BEE B H @ E E 0
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O O
g SWITCH B g
O O
0 RECOMMENDED TRUNK OPTIONS— OTHER OPTIONSMAY WORK FOR 0
O SOME APPLICATIONS; HOWEVER THESE OPTIONS SHOULD ALWAY S WORK. O
[ 1
a GROUP/CALL TYPE %bmgc. @upm % SIGNALING a
! O
3 5 5 TION ISION
U Generic2, ENERIC 1, 4ESS ESS MDTHER i i INCOMING ouTGoING O
0 ¢ a [PESS [P il il il g 0
[SYSTEM 85,0R [SYSTEM 75 [] O O I I I O 0
[DIMENSION PBX E E E E Il Il [ " ALERTING" E"ADDRESSING" 0
= e o .
O (RN 0 OUpr O Mow [ es [ piac-tone U piac-tone O
0 & 5 &—* i i i = O
0 50 o N [PTMF,WINK, [JPF ] 02V [EEM  [ALTONEWITH [DIAL-TONEWITH -
O 0 [] MIOPNOP  [] 0 i il [ WINK-START _[] WINK-START
O ’EI N E %DSL E E 2w E;HE&M E;H DMI-MOS E DMI-MOS [
= ]
O 66 B RLT g g g % IN %E&M % AUTO EIMMED-START O
O O
(MAIN)
0 O O O 0O i i i 0 [
0 00 m 0 O I m m U 0
0 57 0O RLT 0 0 0 moYT mEEM g [] IMMED-START -
0 O(BRANCH) [J 0 0 m m m O 0
N =: = = = i i i = B
0 71 O TEe O miopnor O 2 O [Mout [MeE&M [ [J IMMED-START [
O O O O 1} I} [ H
O O O O O 0 m m O S
O 70 B TIE g MIOPNOP g 2 g % IN %E&M %IMMED-START g O
O O
O O 0 O 0O il il il 0 0
0 | [l ] U 1] (0 ] U O
0 72 O TE [ MIOPNOP 72 [ 02V [pE&M  [MMED-START []IMMED-START
0O 0 a o O inl il il g a
= 5 5 5 i i i 5
H 74 O TmEe 0 DTMF, O-2 0O [MouT [JE&M [ 0 WINK-START EJ
O O O O O
D [ 1 WINK [ 1 E E E 1 5
O 73 B TIE B DTMF, B 2 B % IN %E&M %WINK-START E O
O O
o 0 o "N o O il [ [ O 0
g 75 EI TIE E DTMF, E 2 E % 2w %E&M % WINK-START E WINK-START g
0 0 OwWNK O O @ m 0 0
i i i i T ] i )
H 77 O TE OmornoPr [0 2 0O [IOUT [JE&M [J [ DELAY-DIAL H
0 O a o O il il il g 0
= [ [ (| [ E E E [ i]
O 76 O 1e O miopnor U » O M N [Meem O peLav-piaL U O
0 O a o O il il il g 0
O [l [ [ [ [ [ [ [ 0
E 78 B TIE E MIOPNOP E 2 E % 2w %E&M % DELAY-DIAL S DELAY-DIAL E
O E B B B i @ i B O
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SWITCH A

FOR EACH "SWITCH A" TRUNKING OPTION (LISTED BELOW) — REFER TO THE
CORRESPONDING RECOMMENDED " SWITCH B" TRUNK OPTIONS (RIGHT FACING PAGE).

O O
O ad
O O
O O
O ad
O O
[l 0]
[GROUP/CALL TYPE %IREC- M  SUPERVISION % SIGNALING 0
0 O
0 |]:DTION 0o O O O = 5 a
0 GENERIC 2, il IS [+S [RB [F&M []SDN [ INCOMING [] OUTGOING  [TIMEOUT 0
0 SYSTEM 850R [ m O O 0O O m O O 0
[ DIMENSION PBX I E E E E " ALERTING" EADDRESSING" E(NOTE 3 [0
= £ == £ {1
O 101/DATA % 2W % B B 527 E %IMMED-START EIMMED-START B O
O ANALOGDATA O
O  MODEM SIDE [ m o o 0O 0 [ 0 O 0
O Il m O o 0 O 1 d O 0
O O O mj (] 0
g 102/DATA % 2W % O O 0B O %CPS—CHANNEL [PCPS-CHANNEL [](Note 16) g
q DIGITAL DATA m m O O 0O O 1 O O 0
[PATA MODULE SIDE [ [ E E E E [ E E 0
[0 103/HOST ACCESS % 2W % B B Bls E %CPSCHANNEL I%DCPS-CHANNEL B(NotelG) 0
O O
O LINE SIDE M m 0O 0O 0 0 il 0 0 0
U 104/HOST ACCESS [ 2W o oo 18 - %)CPSCHANNEL %)CPS—CHANNEL D(Notel6) O
0 [ m o o O O O 0
0 TRUNK SIDE N m O 0O 0O O m O 0 O
O t o o O = il i 5 0
0 105/3B5 m 2W [ E 9 918 9 [[PCP S-CHANNEL EDCPSCHANNEL E(NotelG) 0
= i T = = = = 0
0 106/E1A m2w m 0 0O O O [BcpsCHANNEL [bcPscHANNEL [(Note16) [
0O  107/ISN/EIA m 2w 1@ E E ElB E [DcP s-CHANNEL ’;‘JCPS-CHANNEL E(Notel6) O
mn (nmil [imil
& i
0 108/DMI m 2w [ E E ED—S E ([0 wiNK-START EIMMED—START E 0
E % % E E E E 20 ]Eﬁ DMI-MOS E DMI-MOS E (Note 5) H
[ o ] [ [ O ]
B 109/DMI m&W @ o o mpug [ WINK-START  [WINK-START OR [](Note 13) B
0 1 m o o 0o O m O peLAY-DIAL [ 0
0 il M U O O U, T oo H—— 0 0
= m o 0 00 02 g DMI-MOS o DMI-MOS o (Noted) .
O 1l m o o d U [ U O 0
|:|12O/ISDN DYNAMIC 0 2W DO 0 0O 02 [ Noein) o (Noe1?) 0 u

Notes:
16. Requiressignaling type 18.

17. The type of signaling being used depends upon the particular trunk type and service being provided for a particular call. Each
call and each channel may require a different signaling method than the previous call, depending upon the different types of calls
and call volume.
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SWITCH B

RECOMMENDED TRUNK OPTIONS — OTHER OPTIONSMAY WORK FOR
SOME APPLICATIONS, HOWEVER THESE OPTIONS SHOULD ALWAYSWORK.

GROUP/CALL TYPE

Ogodopnopooooog

|Iq)l REC- D]JSUF’ER- %

TION

SIGNALING

O

O

O

O

O

O

]

m O

O

O O O O 1l % O

GENERIC2,  [JGENERIC1, [J4ESS [J5ESS [JOTHER [ m I INCOMING  [] OUTGOING
SYSTEM 85,0R [JSYSTEM 75 [] O O Il 0 N O 0
[PIMENSION PBX O O O I Nl [ “ALERTING" [*ADDRESSING" []
= | [ (| (] E E E (| :l
O NA O na Una Ona Hanalos [ 1] [ mmep-sTaART U iMmED-START [0
0 o J D Owopem @ il il O O
0 O O a 0 m m m g O
O U O O O m m m O 0
0 NA 0 NA ONA [NA [JDATA [ 0 [[PCPSCHANNEL [JDCPS-CHANNEL
0O 0 0 a 0 m [ il g O
0 0 0 a 0 i m il U O
= g oo 0 = o3 o 0 0
0 NA U Na Una Una Umpom @ Il [MbcpscHANNEL Hbcps-cHANNEL [
0 0 0 a 0 i m m U O
0 0 0 0 0O m m m 0 0
g NA B NA E NA BNA EMTDM % % %DCPS-CHANNEL EDCPS—CHANNEL B
0 O O a 0 m [ m g O
T .} (] (] O [T T [11) = [l
0 NA O NA ONA [ONA O AP [ 0 [IPCPS-CHANNEL [IDCPS-CHANNEL [}
] = = = = = = T = H
0 NA O nNa Una Ona Omabu I Il [MbcPSCHANNEL [IDCPS-CHANNEL []
0 NA O nNa Ona Ona O apy @ Nl MbcpscHANNEL LbcPsCHANNEL []
= 1 [ [ [ il fumil amal [ :'
O » E Y E » EEDSL E Host M ow [ egm [immep-sTarT E WINK-START [J
| H = H - i it it = O
5 » 0 0 7 [FDSL [ HOST [ 2W [fNotes) j DMIMOS [ DMIMOS -
0 109 o v [PTMF, [EDSL [J HOST [ 2W [E&M [WINK-STARTOR [J WINK-START -
0 O Owink O O m m [0 DELAY-DIAL [ 0
a 0 0, g U I T o 0T o, 0
0 09RNV4GD) o N 0 7 [EDSL g HOST o aw ﬁNotes) m DMIMOS  — DMI-MOS .
E 120 S N % » SEDSL S HOST % W %(NoteS) % (Note 16) S (Note5) E
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D. COMMUNICATIONSPROTOCOLS

A protocol is a set of rules for how transmissions are to be initiated and maintained between
communication points. These rules are conventions that govern the syntax and sequencing of messages.

Several domestic and international organizations formulate standards for data communications protocols.
These organizationsinclude:

¢ European Computer Manufacturers Association (ECMA)

* Electronic Industries Association (EIA)

¢ American Nationa Standards Institute (ANSI)

* |nternational Consultative Committee for Telegraphy and Telephony (CCITT)

* National Bureau of Standards (NBS)

¢ Department of Defense (DOD)

* Ingtitute of Electrical and Electronics Engineers (IEEE)

* |nternational Organization for Standardization (1SO)

¢ AT&T and other equipment manufacturers

D-1
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OSl MODEL

To provide a model through which al protocols could be classified and studied, the International
Organization for Standardization (1SO) created the Open Systems I nterconnection (OSl) architecture.

The OSI mode! has seven layers (see[Figure D-1) ]

Physical Layer

The physical layer, or layer 1, covers the physical interface between devices and the rules by which bits are
passed. The physical layer concerns itself with the mechanical and electrical aspects of communication.
Among the physical level protocols are: RS-232C, RS-449, and X.21.

Data-Link Layer

The data-link layer, or layer 2, sends and receives blocks of data with the necessary codes for
synchronization, error control, or flow control. Using these codes, the data-link layer checks the physical
link reliability, corrects any transmission errors, and provides a means to activate, deactivate, and maintain
the link. The principle service provided by the link layer is error detection and correction. Examples of
layer 2 standards are: HDLC, ADCCP, and LAPB.

Network L ayer

The network layer, or layer 3, provides for the transparent transfer of data between networks. The network
layer is responsible for establishing, maintaining, and terminating connections across the intervening
communications facility. Among the services performed by layer 3 are network addressing, error
notification, and segmenting, blocking, and multiplexing messages. The best known example of layer 3 is
the X.25 layer 3 standard.

Transport Layer

The transport layer, or layer 4, provides a mechanism for the exchange of information across systems. This
layer ensures that data units are delivered error-free, in sequence, with no losses or duplications. The size
and complexity of atransport protocol depends on the type of service layer 3 provides. For areliable layer
3 with a virtua circuit capability, a minimal layer 4 is required. The 1SO has defined five classes of
transport protocols, each oriented toward a different underlying service.
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FigureD-1. OS| Reference Model
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Session Layer

The session layer, or layer 5, provides a mechanism for controlling dialogue between applications. It
establishes, manages, and terminates connections between cooperating applications.

Presentation Layer

The presentation layer, or layer 6, provides independence to the application processes from differences in
syntax. This layer defines the syntax used for communication between applications and provides for the
selection and subsequent modification of the type of communication to be used. Encryption is a type of
presentation layer protocol.

Application Layer

The application layer, or layer 7, provides a means for distributed applications to access the OSI
environment. Examples of protocols at this level are file transfer and electronic mail protocols (for
example, X.400).

STANDARD PROTOCOLS

Standards organizations differ according to how they name the standards they formulate. For you to
determine whether a standard applies, it may be helpful to you to become familiar with the following
naming conventions:

Names of digital standards formulated by the CCITT start with X.

Names of analog standards formulated by the CCITT start with V.

Names of |SDN standards formulated by the CCITT start with | or Q.

Names of standards formulated by the EIA start with RS (for recommended standard).

Names of telecommunication standards formulated by the U.S. federal government start with FED-STD.
Names of information processing standards formulated by the U.S. federal government start with FIPS,
Names of standards formulated by the |EEE start with IEEE.

Names of standards formulated by ANSI start with X.

CCITT Standards

Tables[I-1][1-2] and[I-3 name some CCITT digital, analog, and ISDN standards. If the CCITT standard is
equivalent to any other standard, the name of the equivalent standard is aso given.
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Table D-1. Some CCITT Digital Standards

|

Title

Equivalent
Standard(s)

[

International user classes of servicein public data networks

[ | |

OANSI X3.1; RS-269-B; FED-STD
01001; FIPS 22-1
0

N

OooogpPooo

mInternational user services and facilities in public networks

|

O
OINT-FED-STD 0001041
1

~

UGeneral structure of signals of international alphabet no. 5 code for
data transmission over public data networks

—

BCCITT V.4, SO 1155; ANSI X3.15;
FED-STD 1010; FIPS 16-1

N
o

)

Ul nterface between data terminal equipment (DTE) and data circuit-
Ijterminati ng equipment (DCE) for synchronous operation on public
[data networks

0

[

)
P
o
=]
v}

.20bis

EUse on public data networks of DTE which is designed for
ginterfacing to asynchronous duplex V .series modems

RS-232C

N
[y

T
Ulnterface between DTE and DCE for circuit-switched synchronous
operation on public data networks

None.

.21bis

EUse on public data networks of DTE which is designed for

minterfacing to synchronous duplex V.series modems
1

RS-232C; RS-449

N
1

U} nterface between DTE and DCE for terminals operating in the
mpacket mode on the public data networks

I

INT-FED-STD 001041

OoodopoOoOopoonmooopooo

)

27 UElectrical characteristics for balanced double-current interchange BCCITT V.11; RS-422A; FED-STD
0 circuits for general use with integrated circuit equipment in the field 71020A
pof data communications 0
O 0

28 ODTE/DCE interface for a start-stop mode data terminal equipment ONone.
Oaccessing packet assembly/disassembly facility (PAD) in apublic O
Udata network situated in the same country O

29 Uprocedures for the exchange of control information and user data BNone.
|]between a packet assembly/disassembly facility (PAD) and a packet 0
ymode DTE or another PAD 0
O ]

75 OTermina and transit call control procedures and data transfer system  JNone.
Uon international circuits between packet-switched data networks O
O 0

©
(e}

I:I:IQ[]Q[ DQDDDDQ[]DD[;DDDEB@DDI%QDD@Q jDQ[]DE&Q[]DDDQE]D%@[]@DDDQDDDDD
Q
o

UCall progress signals in public data networks
]

UDefines the model for the overall message handling environment (for
Hosl layers 4-7)

UINT-FED-STD 001041
&

ONone.

I e  w  w
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Table D-2. Some CCITT Analog Standards

:

Title

Equivalent
Standard(s)

w

International alphabet no. 5

ANSI X3.4; FIPS 1-1; 1SO 646

~

OOopogEPooo

General structure of signals of international alphabet no. 5 code for
data transmission over public telephone networks

CCITT X.4; 1SO 1155; ANSI X3.15;
FED-STD 1010; FIPS 16-1
1

OO0pOogpoooo

[¢)]

EStandardi zation of data signaling rates for synchronous data
transmission in the general switched telephone network

JANSI X3.1; RS-2698; FED-STD 1013
OFIPS22-1

(o2}

)
E Standardization of data signaling rates for synchronous data
Dtransmi ssion over |leased telephone-type circuit

I
DANSI X3.1; RS-269B; FED-STD 1013;
BFI PS 22-1

=
o

]

UElectrical characteristics for unbalanced double-current interchange
Ueircuits for general use with integrated circuit equipment in the field
of data communications

[

[
OCCITT X.26; RS-423A: FED-STD
BlO30A

O

=

[N
[N

T
UElectrical characteristics for balanced double-current interchange
circuits for general use with integrated circuit equipment in the field

jof data communications
(]

T
UCCITT X.27; RS-422A; FED-STD
1020A

N
N

U1200 bps duplex modem standardized for use on the general switched
rtelephone network and on leased circuits

pmogoo

)
24 EList of definitions for interchange circuits between DTE and DCE BRSZSZC, RS-449; RS-449.1; RS-266A
] [l
25 OAutomatic calling and/or answering equipment on the general ORS-366A
Uswitched telephone network, including disabling of echo suppressors U
Eon manually established calls B
O 0

N
o2}
o
»

[J2400/1200 bps modem standardized for use on the general switched
Etel ephone network

()
N
g
(2]

O
[14800/2400 bps modem with automatic equalizer standardized for use

UQDDDQDDDQDDDQE DDDQDDEE]DD@E]DDDE[]DDDEE]DDEE]DD@[]DD@ ]I%DDI:II:II:I

Uon leased telephone-type circuits g
O 0
O ]
27ter  [4800/2400 bps modem standardized for use on the general switched  FED-STD 1006
Utelephone network O
O 0
O 0
28 Electrical characteristics for unbalanced double-current interchange RS-232C
gcircuits g

00 e e e

(Continued)
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TABLE D-2. Some CCITT Analog Standards (Continued)

O 0 _ O . 0
O Name [ Title O Equivalent O
O O O Standard(s) O
[ [ [ [l
0 0 _ - _ 0 0
ov.29 19600 bps modem standardized for use on point-to-point |eased OFED-STD 1007 O
O Utelephone-type circuits O O
[l [ H [l
O O - I ) O O
v.35 mDatatransmission at 48 kilobits per second using 60-108 kHz group  None. 0
O Oband circuits O O
O O 0 0
E{/ 54 g Loop test devices for modems g RS-449 g
& H H B
TableD-3. Some CCITT ISDN Standards
O 0 _ O . O
0 Name [ Subject 0 Equivalent 0
O a O Standard(s) O
[ 1 [ 0
| o ] ] o [l 0
.430 ODefines the basic user-network interface, layer 1 specification None. 0
| 0 0 O
a 431 EDefi nes the primary rate user-network interface, layer 1 specification BNone B
3 T t |
EI.441 BDefin&e the ISDN user-network interface for the data link layer BNone B
0 o , 0 O
.451 ODefines the ISDN user-network interface for layer 3 None. 0
| 0 0 O
%2.921 EDefin&e the datalink layer (layer 2) protocol for ISDN BLAPD; CCITT 1.441 B
3 T t |
EQ.931 BDefi nes the network layer (layer 3) protocol for ISDN BX .25; CCITT 1.451 B

Two other CCITT protocols play important roles in the ISDN specification:

¢ LAPB (link access protocol —balanced) — A link-layer protocol adopted by the CCITT as part of the
X.25 packet-switched network standard. It isasubset of HDLC.

* LAPD (link access protocol D-channel) — A link-layer protocol adopted by the CCITT for D-channel
communications. At the network layer, X.25 is employed for packet switching, and [.451 is employed
for control signaling.

The ISDN protocol scheme is given in[Figure D-2] The figure shows that D-channel and B-channel
communications are packaged in different protocol suites. In addition, when signaling, data packets, or
telemetry are transmitted over the D-channel, each uses a different subset of protocols. Likewise, on the
B-channel, CCITT plansfor circuit-switched, leased-line, and packet-switched communication allow for
differing protocol suites.
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Application
Presentation End-to-end COITTISO
user OSl-related protocols
Session signaling
Transport
X.25
Network Call control X.25 Further
1.451 Packet level study Packet level
Datalink . X.25
LAP-D (1.441) LAPB
Physical Layer 1(1.430, 1.431)
: Circuit Leased Packet
Signd Packet Telemetry switching circuit switching
D Channel B Channel

Adapted from: Data and Computer Communications, by William Stallings, Macmillan Publishing Co., N.Y ., 1988
Figure D-2. 1SDN Protocols

Other Common Standards

In addition to standards formulated by the CCITT, many other standards are common. Most notable among
these non-CCITT standards are some of the most popular protocols at layers 1 and 2.

Layer 1 protocolsinclude:

* RS-232C — A common physical interface used to connect DTE devices to voice-grade modems for use
in the public network.

* RS449 — A replacement specification for the RS-232C specification. It was devised to overcome the
RS-232C distance restrictions and the lack of modem control that RS-232C procedures afford.

* RS366A — A physical interface between a DTE and automatic calling equipment for data
communications.

Layer 2 protocolsinclude:

¢ 3DLC (Synchronous data link control) — An IBM protocol that has a 1 byte addressing field and is
capable of transmitting messages in multiple frames.

¢ HDLC (High-level data link control) — A very common bit-oriented standard issued by the ISO. It
features a multi-byte addressing field, but otherwise, is quite similar to SDLC, from which it was
derived.

¢ BSC (Binary synchronous communications) — An early IBM character-oriented, half-duplex protocol
that transmits messages consisting of strings of characters. Control information is provided by special
non-printing characters.
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¢ ADCCP (Advanced data communications control procedures) — A protocol developed by ANSI, and
later adopted by the National Bureau of Standards, the Federal Communications Standards Committee,
and the Defense Department. There are virtually no differences between HDLC and ADCCP.

See[Table 1-4]for the names of some protocols that are commonly used at specific 1SO layers.

Table D-4. Some Well-Known Protocol Standards

O O 0 ] O O O
0 oSl O SO g CCITT O DOD O |EEE 802 O EIA O
g ! g ! ! ! O
B?. Application B File transfer B U File transfer E B B
0 [ access and 0 [ protocol (FTP) [ 0 0
O O management O OSMTP ad O g
0 U (FTAM) 0 0 0 a 0
O O O O O O O
0 a 0 X.400 0 0 a 0
0 0 termina O O O a ad
O O protocols O O O 0 O
0 0 (VTP) O O O 0 O
[ N i [l O O O
0 ; a : 0 0 - 0 a 0
DS.S@suon DISO Session 0 DTransmlssnon 0 0 0
| I 0 0 control 0 0 0
4. Transport 01SO Transport [ O protocol (TCP) [ O O
H H H H {1 a 0
03. Network 0i1so O U Internetwork ad O O
0 a 0 0 0 a 0
0 Internetwork 0 0 protocol (IP) 0 0 0
0 0 protocol (IP) 0 0 0 0 0
O O O a O O O
2. DataLink 0 0 ISDN 0  Logical link 0 0
a O a O O control O H]
= 0 O X.25 O = O 0
O3, Physical O 0 O UMedium access U RS-232C 0
0 a 0 0 a 0
0 0 0 X.21 0 0 control 0 RS-449 0
= B B B B Physical B RS-366 =

Adapted from: Data and Computer Communications, by William Stallings, Macmillan Publishing Co., N.Y ., 1988

AT&T PROTOCOLS

AT&T has created standard communications protocols of itsown. In addition, it has adapted and renamed
other standards to more closely meet the needs of its networks and customers. Among the AT& T protocols
are:

¢ Digital multiplexed interface (DMI)

* Basicrateinterface (BRI)

* Primary rate interface (PRI)

¢ Digital communications protocol (DCP)
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* TheBell standard for X.25 (BX.25)

The primary rate interface standard is the ISDN standard for communication along a DS1 facility. AT&T
has its own implementation of this standard. For further details, see the DEFINITY Communications System
Generic 2 and System 75 and System 85 DSI/DMI/ISDN PRI Reference manual (555-025-101).

The basic rate interface standard is the ISDN standard for line side communication. For the AT& T
implementation of this standard, see the DEFINITY Communi cations System Generic 2 and System 75 and
System 85 |SDN BRI Reference manual (555-025-102).

Digital Multiplexed Interface

Digital Multiplexed Interface (DMI) protocol is a standard that defines communications along a DS1
facility. AT&T created this protocol in anticipation of an ISDN standard for the primary rate interface
(PRI). Unlike the ISDN-PRI standard, which designs the communications path around 23 B (bearer)
channels of 64 kbps and one D (signaling) channel of 16 kbps, however, the DMI standard calls for 24
channels of 64 kbps, each. Communications along PRI B channels are conducted according to the DMI
standard. For further details, see the DEFINITY Communications System Generic 2 and System 75 and
System 85 DSI/DMI/ISDN PRI Reference manual (555-025-101), and the Digital Multiplexed Interface
[DMI] Technical Specification, Issue 3.2 (555-025-204).

Data Modes

DMI facilities transmit information in any of four modes — 0 through 3. Each mode is described in detail
below. Besidesformatting the transmitted information into one of these modes, DM endpoints follow a
convention in determining which mode is appropriate for a transmission.

Given in their order of preference, the following are five methods of determining the mode required for a
cal:
1. Using message-oriented signaling (MOS) at both ends of the call

2. Using adaptive procedures at the endpoints for determining the mode of operation of the calling
endpoint.

3. Administering endpoints by assigning certain directory numbers to specific modes.
4. Administering channels by assigning certain channels to operate only in specific modes.

5. Using the mode-2 in-band handshake message to establish the final transmission mode.

Data Mode 0

Capabilities:
—64 kbps (DSO0 rate)
—Full-duplex operation

—Synchronous transmission of user data (slave timing)
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—Requiresa“‘ circuit-switched'’ transmission facility

Applications:

There are two uses of mode 0. They are:
(8) 8-bit PCM voice (no robbed-bit or inband signaling is allowed)
(b) 64-kbps user data.

Description:

With 64-kbps data, nothing is known about the structure of the information in the channel. Therefore, a
64-kbps data channel (DCP I-channel) isrequired end-to-end. With 64-kbps mu=255 PCM voice, standard
transformations to other channel types such as analog are possible. Therefore, mode-0 data calls require an
end-to-end 64-kbps digital facility, but mode-0 voice calls can use anaog, digital, or a combination of both
types of facilities. This distinction of whether the channel is to be used for voice or datais an important
administration consideration.

Note: For DCP applications that use mode 0O, the switched facilities are set up/taken down by S-channel
signaling. For DS1 and DMI/BOS applications that use mode-0 channels, the switched facilities (channels)
are seized/dropped by signaling commands on the 24th channel.

Data Mode 1

Capabilities:
—56 kbps
—Full-duplex operation
—Synchronous transmission of user data (slave timing)

—Requiresa“‘circuit-switched'’ transmission facility

Applications:

There are three distinct uses of mode 1. They consist of one on-premises and two off-premises
applications. They are:

(a) DDS Data Service Unit (DSU) emulation (e.g., on-premises MPDM-switch-MPDM arrangement)
(b) DSU off-premises (e.g., ACCUNET Switched 56-kbps Service)

(c) T1facilities(e.g., viaaCDM, 753 T-MUX, D4/D5 channel bank, or other compatible equipment)

Description:

When a data channel is operated in data mode 1, each octet is subdivided into two fields. Thefirst field
consists of thefirst seven bits (D1-D7). The second or status field consists of bit (D8). Thefirst field
contains either customer data or a control state code which is dependent upon the state of the status bit
(0/2). depicts the mode 1 field and frame's organization. The figure also shows how mode 1
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data frames are multiplexed into a DCP and DS1 frame.

The state of the status bit along with its transition from one frame to another frame is used to convey the
state of the following RS-449/V .35 signal |leads:

* Request to Send (transmit)
¢ Clear to Send (transmit)
¢ Send Data (transmit)
* Receiver Ready (receive)
* Receive Data (receive)
‘ CONTROL .S DATA s DATA E ‘
DATA mode 1 ‘ 11 11 11 ‘
| | |
DCP ‘ F ‘ ‘ 11 ‘ 12 ‘ F ‘ ‘ 11 12 11 12
DS1/DMI/BOS CHANNEL 1 . ‘ 24 ‘ F 1 F 1

Figure D-3. Datamode 1 With DCP and DS1/DMI/BOS Frame Multiplexing Arrangements
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Data Mode 2

Capabilities:
—Low, 300, 1200, 2400, 4800, 9600, or 19.2 kbps
—Full- or half-duplex operation
—Asynchronous transmission of user data, or
—Synchronous transmission (with clock independence)
—Requiresa“‘ circuit-switched'’ transmission facility

Note: The low-speed option permits operation at any data rate from 0 to 1800 bps. However, this option
uses a high-speed sampling technique and does not strictly preserve character boundaries.

Applications:

There exists abroad category of usesfor mode 2. The most frequent is the support of data terminals.
However, these may also include the support of virtually all devices that are configured with one of the
following interfaces:

* RS-232C DTE/DCE or equivalent
* RS-449/423 DTE or equivalent
* V.35

Description:

Mode 2 converts data (at standard data rates) to a format which can be transmitted over a DS0 (64-kbps)
bearer channel. Mode-2 datais segmented into HDL C-type blocks. Each block is preceded with aflag and
header and then followed by a CRC checksum. [Figure D-4 functionally depicts the mode-2 block structure.

User datais encoded into mode-2 format by a digital data module, digital voice terminal, or when analog
facilities are used by the port interface. The switch then routes the mode-2 data (I-channel) directly to
another port that serves aterminal, computer, DS1 facility, or DMI/BOS facility.

A single flag servesto both terminate a block and begin the next one. Also, multiple flags are used on an
active connection to idle the channel when there is no information to be sent.

The header isaminimum of 1 byte and may be extended with the (E) bit. The header indicates whether the
block isdata (1) or control (0) by the state of the status (S) bit.

For synchronous transmission using data mode 2, a clock frequency adjustment techniqueis used. This
technique permits the transmission of synchronous datathat is controlled by an external clock whichis
independent of the DS1 or DMI/BOS facility. This technique allows passage of synchronous data whose
timing accuracy meets a minimum of + 100 ppm (RS-334). The technique calls for sending synchronous
clock adjustment (SCA) bitsin every block. This capability allows a data endpoint to compare the phase of
an external clock to the system clock derived from the DS1/DMI/BOS facility and, based on that
comparison, to request that phase adjustments be made in the clock at the remote data endpoint.
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FLAG
01111110 E SPARE SCA S DATA/CONTROL CRC

VARIABLE LENGTH 4/

Figure D-4. Datamode 2 Frame Structure

Note: For asynchronous data, the SCA field is|eft spare.

The data/control field isavariable length field. Length of the block is automatically determined by the data
rate and the desire to minimize transit delay.

For asynchronous data at any of the defined speeds from 300 to 19,200 bps where character boundaries
must be preserved, each byte in the block carries asingle character. Only 8-bit characters are supported at
these speeds. Start/stop bits are stripped off before the character is coded into the block. Start/stop bits
must be added to the received (decoded) characters, depending upon the characteristics of the terminating
device.

Other character lengths and speeds below 1800 bps may be supported in the low-speed mode.

When the header status bit indicates control, control information appearsin the data/control field. This
information is of two types: handshake and update. Handshake is performed after the call setup signaling
has finished and a connection is established. Handshake may also occur after data communications begins
if off-premises multispeed modem connections are involved and a speed change is required. Handshake
exchanges information such as bit rate, DCE or DTE endpoint definition, and synchronous or asynchronous
operation.

Update type control messages are transmitted periodically. They (transparently) convey status of the
interface control leads. The following RS-232C or their equivalent, depending upon the particular interface
that is configured with the data module, are supported:

* T™M
e Cl

* CE
e CC
* CF
* CB
* CH
* CN
* RL
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e CD
* CA.
Also, the update messages support three special control functions. They are:
* BRK — remote break indicator
* RLR — remote loop request
¢ ACK — remote loop acknowledge

Transmission errors are detected by checking the CRC checksum on receive. Errors are corrected by
retransmitting the errored block(s).

Data Mode 3

Capabilities:
—Can be used with a 64-kbps (B-type) physical channel
—Full-duplex operation
—Synchronous transmission of user data (slave timing)
—Bit-rate independent, T1 compatible

—May be circuit-switched or virtual-circuit switched

Applications:

The primary use of mode 3 isto multiplex multiple logical links (virtual channels) onto asingle ‘‘high-
usage'’ physical channel. The method of multiplexing involves the use of the LAPD link layer protocol.

Description:

Mode 3 converts data (at standard data rates) to aformat which can be transmitted over a DSO physical
channel. Mode-3 datais segmented into HDL C-type blocks. On the signaling channel either MOS or BOS
is used; while the bearer channel uses LAPD at layer 2, and X.25 at layer 3. Each block consists of aflag,
address field(s), control field(s), a variable length information field, and then followed by a CRC checksum.

User datais encoded into mode 3 format by a special type of datamodule. Transmission errors are detected
by checking the CRC checksum on receive. Errors are corrected by retransmitting the errored block(s).

Digital Communications Protocol

Digital Communications Protocol is a standard that defines communications along a 3-channel line. The
DCP channel structure consists of 2I+1S channel. Each | channel provides for 64 kbps of voice/data
communication, while the S channel provides 8 kbps of signaling communication. DCP protocol is similar
tothe ISDN basic rate interface (BRI). Infact, AT&T created DCP in anticipation of the ISDN-BRI
standard. Many of the telephone terminals that interface with the System 75, System 85, and DEFINITY [
Generic 1 and 2 systems use this protocol for communications.
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The DCP protocol physical level requires a4-wire datalink. Therefore, the data link must be composed of
at least two twisted pairs. The physical interface may include additional wire pairs for spares and auxiliary
power functions. Typicaly, 4-pair inside building wiring and 8-pin modular jacks are used.

The physical interface consists of 22-, 24-, or 26-gauge inside building wiring. The protocol supports
nonrepeatered cable up to a maximum distance of 5000 feet with 24-gauge wire and up to 4000 feet with
26-gauge wire. However, the maximum distance for specific terminals may be further constrained by other
limitations (e.g., depending on the number of associated modules).

depicts the DCP frame structure. Each frame consists of four fields. Thefirst isaframing field.
Itisa3-bit field which is used to establish frame boundaries. The second isa 1-bit signaling field. Itis
used to transmit terminal and call signaling information between the switch and terminals. Thethird and
fourth are 8-bit information (1) fields. The I-fields are used to transport customer-generated data and PCM -
coded voice between the digital endpoint and the digital switch.

1FRAME

20BITS

125 MICROSECONDS

F S 11 12
INFORMATION
FRAMING SIGNALING INFORMATION
FIELD (2
FIELD FIELD FIELD (1) @

Figure D-5. DCP Frame Format

Table D-5. DCP versus ISDN-BRI protocol parameters comparison

U PARAMETER 0 DCP U 1sDN-BRI g
EAggregaIe Bit Rate ﬁ 160 kbps E 192 kbps
[Frame Rate 0 8kHz U 8 kHz g
FlBits per Frame ﬁ 20 H 24 0
Onformation Channels [MTwo (11,12) OTwo (B1,B2) O
%‘nfo Channel Rate % 64 kbps ﬁ 64 kbps H
ESignaIing Rate ﬁ 8 kbps 0 16 kbps
Urype Signaling 0 Stimulus U Functiona U
5 - - H—— - t - - {1
Eponflguranon [y Point-to-point 7 point-to-point
0 i} 0O ormultipoint [
[ [ [ [l
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1&2
3&6

3&6
4&5

hﬁ'ransmit Pair
Receive Pair

BEHE
omg

U
0
U

In terms of time segquence the DCP protocol was introduced with System 85 Release 1, the ISDN-BRI is
first available with System 85 R2V5. Therefore, the DCP protocol was theinitial AT&T attempt to
implement what was then the unspecified ISDN basic rate interface (BRI). Like BRI, DCP supports two
separate 64-kbps voice/data channels (1-fields) and a separate signaling channel. However, there are several
differences between BRI and DCP. [Table D-5]is a comparison between DCP and ISDN-BRI. Note that
currently, and since the CCITT has not fully agreed on equivalent signaling for many DCP supported
services, those BRI services supported on the signaling channel are only a subset of those supported by
DCP.

Note: Although DCP combines voice and data for transmission purposes, the digital switch routes
(switches) the voice (11 channel) independent of the data (12 channel). Both may be routed to the same or
separate destination ports. Although the channels can transport 64-kbps data, rates less than this are also
supported.

For data modules, the I-channel supports both asynchronous (character by character) and synchronous
(continuous bit stream) data formats. The protocol supports all common synchronous data rates (e.g., 1.2,
2.4, 4.8, 9.6, 19.2, 56, and 64 kbps). The I-channels support all common asynchronous data rates (e.g., 110;
134.5; 150; 300; 600; 1,200; 2,400; 4,800; 9,600; and 19,200 bps).

The S- and I-channels of the data modules provide all necessary control capabilities to fully support the
connected data terminal device. These control capabilitiesinclude the transport of control signals, aswell
asinitializing and maintenance data for RS-232C, RS-449/RS-423, and V.35 physical level protocols.

Thewide variety of supported data rates and their associated or required control capabilities are grouped
into four categories known as data modes. Specifically, these are DATA modes 0, 1, 2, and 3.

BX.25

BX.25 protocol isasuperset of X.25 protocol. AT& T uses BX.25 for communications over the System 85
and Generic 2 digital communications interface unit (DCIU) channel and over the System 75 and Generic 1
processor interface (Pl). The following brief discussion of BX.25 isintended to introduce relevant
terminology used in describing the DCIU.

BX.25 isalayered protocol, which means that the details of error correction and flow control are handled
by lower level layersin away which istransparent to higher level layers. Here are the levelsthe BX.25
uses:

Layer 5 UApplication Layer g
| ayer 4 HSession Layer 0
ayer 3 [Packet Layer O
U
Hl
0

1]

M

Layer 2 ﬁDat&Link Layer
Layer 1 EPhysicaI Layer

L]
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Physical Layer. Thislayer for BX.25 is compatible with the RS-232C and RS-449 standards.

Data-Link Layer. At thislayer, BX.25 uses aprocedure is compatible with the HDLC (High-Level Data
Link Control) procedure and is performed by DCIU firmware and by an HDLC chip on each of the DCIUs
eight links.

Packet Layer. At thislayer, BX.25 multiplexes different logical streams of data through layer 2 and
regulates the flow of data on each of these logical streams so asto prevent the overrunning of receiver
buffers. Packet layer responsibilities are performed by firmwarein the DCIU.

Session Layer. Thislayer binds two applications into a session and shields the applications from the details
of controlling the layer 3 interface. For BX.25, session layer services are provided by DIP on the 501CC.

Application Layer. Thislayer is named but not regulated in BX.25.

Communication Pathways and Endpoints

BX.25 terms describing communication pathways and their endpoints are link, logical channel, port, virtual
circuit, and permanent virtual circuit.

Link. Link isalayer 2 term describing a segment of a communication path (e.g., between two DCIU’s or
between a DCIU and an AP line controller) on which there is established alayer 2 protocol. Link includes
whatever entities are performing layer 2 services at each end of the segment. Notethat sincelink isalayer
2 term, it does not imply what kind of hardware is used at layer 1.

Logical Channel. Logical channel isalayer 3 term describing one of many logically independent streams
of datawhich are multiplexed on asinglelink. The definition of alogical channel begins and ends with the
layer 3 entities at each end of agiven link. This meanslogical channel numbers are defined on a given
segment of a communication path and that asingle logical stream of data may be assigned different logical
channel numbers on different segments of a communication path.

Port. Port isasession layer term describing a gateway between session layer and asingle application. To
the application, a port looks like an I/O device. Once a session has been established, it is safe to think of
ports as the endpoints of avirtual circuit between two applications. Although the port numbers at opposite
ends are generally not equal, the session layer entity at each end knows the port numbers at both ends.

Virtual Circuit. Virtual circuit isalayer 3 term referring to the entire communication path between two
layer 3 entities. Since the communication path may consist of several links, with adifferent logical channel
number used on each link, the logical channel numbers at opposite ends of avirtual circuit can differ.

Permanent Virtual Circuit. A permanent virtual circuit isavirtua circuit that is permanently established,
as opposed to avirtual call whichisavirtual circuit that is dynamically established as the need arises and
then released when no longer needed.



D-20 COMMUNICATIONSPROTOCOLS

Message, Packet, and Frame

The units of information in BX.25 are the message, the packet, and the frame. Starting with the data that
an application (e.g., on the 501CC) wishesto send to its remote peer (on the AP), the session layer entity
(DIP) serving the local application prefaces the application data with a SLDH (session layer data header),
thereby forming amessage. The SLDH describes the length of the application message and defines a
message sequence number used by the remote session layer entity to ensure that messages are received in
the same order they were sent.

message: SLDH application message

Layer 3 (in the DCIU) then prefaces the session layer message with another header to form a packet. If the
message exceeds the maximum packet size, layer 3 will break the message into multiple packetsin away
which allows later reconstruction of the original message. The layer 3 header defines packet sequence
numbers used for flow control and delivery confirmation; it also identifies the logical channel to which this
packet belongs so that different logical channels can be multiplexed onto the same layer 2 link.

packet: L3 SLDH application message

Layer 2 (also in the DCIVU) envelopes the packet with alayer 2 header and alayer 2 trailer to form aframe.
The header and trailer have unique bit patternsto delimit the frame. Thetrailer aso carriesthe cyclic
redundancy check, while the header defines frame sequence numbers which govern retransmission in the
event that a bit error is detected by the remote receiver.

frame: L2 L3 SLDH application message L2

In addition to the packet and frame formats used for packaging application data, BX.25 provides for control
packets and control frames which generally have a more abbreviated format and do not contain application
dataor SLDHSs.



E. LEAD DEFINITIONS

This appendix provides tables that list the lead definitions for the most common physical interfaces.
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TableE-1. EIA RS-232C (V.28) LEADS/DEFINITIONS

Chin O EIA U carr U LEAD DESCRIPTION

Bwo. EINTERCHANGE BEQUIVALENT O (FUNCTION)

O 0 CIRCUIT 0o CIRCUIT

o1 0O AA O 101 OProtective Ground

02 O BA O 103 UTransmitted Data

o3 g BB o 104 Received Data

04 0o CA 0 105 Request to Send

05 0O CB 0 106 Clear to Send

06 O CcC O 107 OData Set Ready

gz O AB U 102 Usignal Ground/Common Ground
g O cF U 109 UReceived Line Signal Detected

O O O ?

09 0O — 0 — Reserved for Testing,

0 0 0 [(+P) Transmit Current Loop Data
g1 0O — a — OReserved for Testing

11 O SA [H [ — USupervisory Transmitted Data,

B E g (=P) Transmit Current Loop Data
02 o SCF 0 122 Secondary Received Line Signal
0 0 0 Detect—(Speed M ode I ndication)
013 0O SCB O 121 OSecondary Clear to Send

014 O  SBA U 118 USecondary Transmitted Data

515 g DB g 114 U Transmit Signal Element Timing
06 o SBB 0 119 Secondary Received Data

017 0 DD 0 115 JReceived Signal Element Timing
08 0O — a — ONormally Unassigned

g o CN U UMake Busy/Local Loopback

B E g + Receive Current Loop Data
09 o SCA 0 120 Secondary Request to Send

020 O CD 0o 1082 Data Termina Ready

021 O CG O 110 OSigna Quality Detector

g o RL U 140 URemote L oopback

gzz g CH g 111 YpataSigna Rate Selector

0 0 CE 0 125 mRing Indicator

023 0 Cl 0 112 Data Signa Rate Selector

O O Ccu O OSpeed Select on Originate

L24 O DA O 113 UTransmitter Signal Element Timing
525 g — g — DNormally Unassigned

0 0 CM 0 Make Busy/Local Loopback

0 0 ™ 0 OTest Mode

g g g E— Receive Current Loop Return

1 o o o
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TableE-2. EIA RS-232D (V.28) LEADS/DEFINITIONS

Chin O EIA U carr U LEAD DESCRIPTION g
Bwo. EINTERCHANGE BEQUIVALENT 0 (FUNCTION) g
0 0 CIRCUIT 0 CIRCUIT 0
o1 0O — O — OShield O
02 O BA O 103 UTransmitted Data u
o3 g BB . 104  JReceived Data .
04 0o CA 0 105  Request to Send 0
05 0O CB 0 106  Clear to Send 0
o6 O CcC O 107  ODCE Ready O
gz O AB U 102 UsSignal Ground/Common Ground g
g O cF O 109 HReceived Line Signal Detected =
O O O 7 O
09 0O — 0 — Reserved for_Testl ng, 0
0 0 0 [(+P) Transmit Current Loop Data 0
010 0O — a — OReserved for Testing a
11 O — [H— UUnassigned O
512 g SCF g 122 Usecondary Received Line Signal g
0 & 0 Detect—(Speed Mode I ndication) 0
013 0O SCB 0 121 Secondary Clear to Send O
014 0O SBA a 118  [OSecondary Transmitted Data a
U5 O DB O 114  UTransmitter Signal Element Timing O
B E g B(DCE Source) E
06 o SBB 0 119  Secondary Received Data 0
017 0 DD 0 115 Receiver Signa Element Timing 0
a d a O(DCE Source) a
Uig U LL [H [ — ULocal Loopback O
519 E SCA E 120 BSecondary Request to Send E
020 CD 0 108/2  DTE Ready 0
121 o RL/CG 0 140/110 Remote Loopback/Signal Quality Detector
022 O CE O 125  0Ring Indicator O
23 U cH/CI U 1117112  UbDataSignal Rate Selector g
B E g D(DTE/DCE Source) E
024 0 DA 0 113 Transmitter Signal Element Timing 0
025 [ ™ 0 OTest Mode 0
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Table E-3. EIA RS-449 (V.24) LEADS/DEFINITIONS

Lhn U EIA U LeaDDEsCRIPTION U MPDM (Note) U
H\lo EINTERCHANGE CIRCUIT E (FUNCTION) oINPUT/OUTPUT g
0l Qg — OShield 0 — 0
o2 0O Sl OSignal Rate Indicator a I ad
sz o — UuUnassigned g — U
g 4 E SD(A) Usend Data g | g
0% 0 ST(A) Send Timing 0 @) 0
06 g RD(A) JReceive Data O O O
07 O RS(A) ORequest to Send 0 | 0
g O RI(A) UReceive Timing O o O
Og O CS(A) Uclear to Send O o) O
0 O O a
010 LL Local Loopback 0 I 0
01 g DM(A) pDataMode O O O
012 O TR(A) OTerminal Ready 0 | 0
tiz O RR(A) UReceiver Ready O o} O
Uig O RL Remote L oopback O | O
0 O . O O
0% O IC lncoming Call 0 O 0
06 0o SR 0Signaling Rate Selector [ I 0
017 O TT(A) OTerminal Timing a I ad
tig O ™ UTest Mode O o] 0
Ujg O SG DSignal Ground O X O
0 O 0 - O a
020 RC Receive Common 0 O 0
021 0O — Unassigned 0 — 0
022 O  SD(B) (Note) 0Send Data 0 | 0
523 E ST(B) (Note) USend Timing E o B
D24 0 RD(B) (Note) 0 Receive Data 0 O 0
026 0O RT(B) (Note) Receive Timing O O O
027 O CS(B) (Note) OClear to Send O O O
U2g U — UuUnassigned g — U
529 E DM(B) (Note)  SDataMode g o) g
130 TR(B) (Note) rTerminal Ready 0 I 0
031l g RR(B) (Note) Receiver Ready O O O
032 0O — OUnassigned a — O
033 U sQ UDummy Generator ON U o U
534 E — OUnassi gned E — B
m3° 0O TT(B) (Note) pTermina Timing 0 I 0
036 0O SB 0 Dummy Generator OFF [ O 0
837 B SC HSend Common i I ]

Note: Denotes category I or balanced circuits. All MPDM interchange circuits are implemented with RS-

423 line drivers.



LEAD DEFINITIONS

E-5

Table E-4. EIA RS-366 LEADS/DEFINITIONS

Lhin O EIA U Leappescriprion U wmpom U
5\10. EINTERCHANGE (FUNCTION) INPUT/
0 0 CIRCUIT O OUTPUT
o1 O AA OUnassigned o —
2 O DPR UDigit Present g
93 g ACR  CAbadonCalandRety o O
04 0 CRQ Call Request o |
05 @ PND Present Next Digit o O
g6 O PWI OPower Indication g o
gz O AB Usignal Ground o —
E 8 E — EUnassigned _ B —
09 o +P Reserved for Test!ng o ©
010 O -P Reserved for Testing o O
011 O — OUnassigned o —
iz O — UUnassigned o —
513 g coS Ucall Origination Status g o)
04 0 NB1 DD!g!t S!gnal C!rcu!t o |
015 [0 NB2 Digit Signa Circuit o |
g6 O NB4 ODigit Signal Circuit g |
Uiz O  NB8 UDigit Signal Circuit g
big O — DUnassigned [ —
O O s O

019 O — DUnass!gned 0o —
020 O — Unassigned o —
021 O — OUnassigned o —
U2 U DLO UData Line Occupied U o
Uog O — DUnassigned [ —
O O O s O

024 0 — DUnass!gned 0o —
025 [0 — Unassigned o —

I o  w  w
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TableE-5. CCITT V.35 LEADS/DEFINITIONS

Uan U carr U ea g LEAD DESCRIPTION U mpom U
BNO. EINTERCHANGE BEQUIVALENT O (FUNCTION)
O O CIRCUIT O CIRCUIT
OA O — ad — OUnassigned a
g O 102 U AB Usignal Ground o —
g C g 105 g CA gRequest to Send g |
OE 0O 107 0 CcC Data Set Ready o O
OF O CF a 109 OReceived LineSigDetector 0O O
on O CD O 1082  UDataTermina Ready 0
Oy U ce U 125 Hcalling Indicator U o
a (] a g ] a
oK o — 0 — Ynassigned O —
oL O LL 0 141 Local Loopback O |
oM O — ad — OUnassigned o —
N O RL U 140 ULoopback/Maintenance Test U |
E S B O (Remote L oopback) B
oR g BB(A) 0 104 rReceiver Data o ©
OT 0O BB(B) 0 104 Receiver Data o O
ov O DD(A) ad 115 OReceiver Sig Element Tmg g o
Ux O DD(B) O 115  UReceiver SigElementTmg U O
E Y g DB(A) B 114 UTransmitter Sig Element Tmg g o)
0AA  DB(B) 0 114 |]Transm!tter SigElementTmg 7 O
OP 0O BA(A) 0 103 OTransmitted Data o |
Os 0O BA(B) a 103 OTransmitted Data g |
u O DAA) O 113 UTransmitter Sig Element Tmg LU |
EZ S — B — DUnassig_ned _ B
oW g DA(B) 0 113 |]Transr_nltter SigElement Tmg
O0BB [ — 0 — Unassigned 0
gcc O — a — OUnassigned a
Upp O — [H [ — UUnassigned O
Oge O — O — DUnassigned O
a (] a . a
oFF o — 0 — DUnass!gned 0
OHH O — O — gUnassigned O
0 o — a — OUnassigned a
Ukk U — [H [ — UUnassigned O
O O — O — DUnassigned O
(] a . a

M O — 0 — Ynassigned 0

ONN ™ 0 142 O Test Indicator O

e
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Table E-6. EIA RS-232C (V.28) LEADS SUPPORTED FOR AT&T TERMINALS

thin U pcesoor U oC 7300 Upmow U pomvy O tomr  Uapumabu U
B\JO. E PLUS E E 7404D E MPDM E MTDM E (NOTE 1) g
ol o X o X o X o X o X o X 0
o2 0 O o o 0O | o O o 0 | 0
Uz O I g O o g o d I d 0] g
0, O 0 0 0 0 0 0
o4 g © o o | o © o ! 0 0
0O 0 n(Note2) 0 0 0 0
os o | o | o O o O o | o O 0
o O 0 0 0 0 O (Note3) O
Ug O I g O o g o d I d 0] g
0 0 O Ij(Note 3) 0 0 O (Note 3) 0
0, O O 0y 0 0 0" 0
ol O 0 0 0 0 0 0
o8 o | o | o O o O o | o O 0
o O 0 O(Note3) O 0 O (Note3) O
Og O 0 O o 0O o 0 0 0
O4n O 0 0 0 0 0 0
Dﬂ 0 0 o © o © 0 0 0
O O 0 0 0 0 0 0
012 o 0 0 o O o | 0 0
o O 0 0 O (Noted4) O (Noted) O 0
013 O 0 0 0 0 0 0
014 O 0 0 0 0 0 0
O O 0 0D 5 0 4 O 0 0
0 O 0 0 0 0 0 0
0 O(Note5) 0 0 0 0 0
016 O 0 0 0 0 0 0
7 O | a O o g o 0 | 0 0
o O 0 0 0 0 0 0
O O (Note5) 0 0 0 0 0
o8 o | O o | o | o © g 0
019 O 0 0 0 0 0 0
020 0 O o o 0O | o | O o 0 | 0
21 O 0 0 0 0 | 0 0] 0
o O 0 0 0 0 0 0
0,0 , O o, 0o , O g (Note6)
022 0O O O O o © g | 0
0 0 0 O(Note7) [ (Note7) [(Note7) [ (Note8) [
023 O 0 0 o o o 0 0
g O U O U (Note9) L (Note9) U O
0oy O o 0 o O 0 0" o 0 0
0" O 0 0 0 0 0 0
0 p(Note5 0 0 0 0 0
025 0O | 0 0 0o ol 0o /O 0 0
H  H(Notel10) H & H(Note11) H(Note12) [ &
LEGEND:
X = Bidirectiona
| = Input
O = Output
(Number) = Indicates areference note (see[next page)]
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10.
11.
12.

. The SN238 and TN726 circuit packs provide the same signal leads asthe ADU/MADU.
. Thislead isignored in MODE 2 operation.
. These leads are tied together on thisterminal.

Thislead is used for speed mode indication.
These leads are provided on PC 6300s that have the Z8530 SCC option.
Thislead is used for remote |oopback.

. Thislead functions as the ring indicator.
. Thislead functions as the Make Busy/Local Loopback signal and must be connected to pin 18 or

pin 25 of the interface connector. This permits a make-busy signal to be transmitted from the
computer to the MADU.

. Thislead functions as the CU circuit (speed select).

Thislead isused for receive current loop return.
Thislead isthe CM circuit for Output and the TM circuit for Input.
Thislead isthe CM circuit for Input and the TM circuit for Output.



F. NETWORKING FEATURES——AVAILABILITY MATRIX

The following list compares the network features available in the AT& T private switching systems. In the
list NA = NOT APPLICABLE; Y = YES; N = NO.

F-1
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g %“DIMENSION” % SYSTEM 85 % SYSTEM 75 %DEFINITY B
0 FEATURE = PBX = = = 0
O I FP8 [MRr1 E R2 1l R1 M1 EGZ O
E E[I$l E Iss3 HEH Ev1 Evz Evs Ev4 EEHVl Evz Evs HEH E B
SAAR "Basic" %Y o vy %Y HY Oy Oy Oy %N Oy Oy %Y EY B
[+ Patterns Ordered 1 E m 4 E B B i E E m U 0
[] by Increasing FRL? 0 N o N mn Un ON gN N [y oy gv mvy Un O
0. conditional Routing 0 O N my Uy ON Oy Ov [Mna ON [ON Oy Uy O
0 m m, O m, 4. O
o Symmetrical Routing m y O v D]Y oY Oy Oy ON [I]NA ON ON [I]N ON 0
[]* Enhanced Symmetricd [ N 0 N mN ON Oy Oy Oy mNA Oy On mN OY
[+ Partitioning [N H N mN ON HN HN EI N [INA HN H y mmy O~ O
T e o m m, o 1 m, S, O
IjARS Basic D]]Y g Y D]Y oY EY BY BY [DY BY EY [DY oy 0
D'ACCG&COdeS m 0 m 0 0 0 0 m O 0 m 0 O
[] — Single Access my g v my Ov oY g¥ gY ON gNv gy oy Oy O
[0 — Toll & Non-Toll Codes [l N o v my Uy oYy gY gv RN ON N my Uv O
0 O, 0O

U . overflow to DDD Oy o v [y oY Ov Oy Ov On gy pgvy My oY
g — With Warning Tone % O % 0 O O O % O O % O g
[]  onOverflow toToll mY oy mY OY Oy Oy Oy mN Un O mN OY
[« Patterns Ordered m O m O o o m o O m U 0

) O 0 0 O O 0 0
O by Increasing FRL? NN O N N N ON gN N [INA oY 0 My N O
L. Time of Day Routing Oy o v my Uy ov gy oy On gon o~ Oy Uy O
0 . inl m O m m O O
« Unauthorized Call O 0 0 0 O O 0 0
0 I 0 0 0 0 0 [ 0 0 [ 0
[] Control (Note1) mN Y mN ON Y % Y N N N N OY
[]* Bearer Capability Code  [[]] g m O g B g m g g m U 0
O (BcC) Routing N N mn On N N y [@ON N n MMy Oy O
0 0 a a 0 0

L. i1xc Access On o v [y EN on gy oy On gy gy Oy EY U
0 [ . [ 1l Il 1] 0

« 10-to-7 Digit Conversion N O v N QY Oy Oy Ovy N ON ON Y v
0 _ I 0 0 0 0 0 [ 0 0 [ 0

« Equivalent DID (Note 2) N Y N [N N Y Y N % Y Y v
0 I 0 (0 0 0 0 0 [ 0 0 [ 0 0
[]* Partitioning N N IIN N N N Y [N N Y MY Y [
CapLT oy B Y i, DY BY BY BY ry BY BY i, DY U
— m_U_ 5 5 5 W 5 5 m O 0
[ATMS vy 0o v mn Un oy gy ov N ON N on Oy O
& g =77 g o g g o &= U
Ef-\ttendant Control of m 0 m 0 0 0 0 m O 0 m 0 O
[ Trunk Group Access myY g v Y HY oy gy gy @Y gy gy @Y HY B

Notes:
1. Depending upon administration details, unauthorized calls may be blocked based upon 1s, 10s, 100s, and/or 1000s digit.

2. Equivalent DID is the capability for a switch to link to another switch that does not have DID. The ARS feature sends digits
including, if necessary, the remote access number, barrier code, and extension number. To the calling party, the number dialed is
the same asaDID number.

3. System 85 usesthe ‘' Override’’ feature to perform thisfunction.

4. Although System 75 does not provide the ** Extension Number Portability’’ feature, the ** Extension Number Steering’’ capability
can be provided by the UDP software and used to port a maximum of 240 extension numbers (per System 75 switch) among al the
nodesin aportability subnetwork.
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NETWORKING FEATURES——AVAILABILITY MATRIX (Contd)
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NETWORKING FEATURES——AVAILABILITY MATRIX (Contd)
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Notes:

5. System 75 has equivalent capability with remote System Access Terminal (SAT) and *‘ Facility Test Call’’ feature.
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Notes:

NETWORKING FEATURES——AVAILABILITY MATRIX (Contd)
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6. Similar capability is available on DIMENSION PBX FP8 Issue 1.13 through Customer Administration Center System (CACS).

7. Centralized System Management capabilities for System 75 are provided by remote access through terminal emulation of local
system management capabilities.

8. With System 85 R2V 2, the switch can distinguish between voice terminal extension numbers and attendant positions that begin
with zero at adistant switch. This enhancement increases the range of extension numbers that can be assigned to a switch.

9. System 75 R1V2 aso allows a user of adisplay-equipped voice terminal to identify a specific trunk beingused onacal. A
trunk 1D button must be assigned to the terminal.

10.

and/or System Access Terminal.

11.

System 75 and Generic 1 support only a 7-digit uniform numbering planin an ETN.

Equivalent capability is provided on System 75 R1V 2 with Busy Verification of Terminals and Trunks, Facility Test Calls,
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ABBREVIATIONS

4ESS

S5ESS

AAR

ACA

ACD

ACP

ADPCM

ADU

AMI

APLT

ARS

AUDIX

B8ZS

BCC

BCCOS

BEHO

BOS

BRI

CAD/CAE

CAS

CCSA

number 4 electronic switching system
number 5 electronic switching system
Automatic Alternate Routing

Automatic Circuit Assurance

Automatic Call Distribution

action control point (for SDN)

adaptive differential pulse-code modulation
asynchronous data unit

alternate mark inversion

advanced private-line termination
Automatic Route Selection

Audio Information Exchange

binary-8 zero-suppression (line coding)
bearer capability class

bearer capability class of service

best end hop off

bit-oriented signaling

basic rate interface

computer assisted design/computer assisted engineering

Call Accounting System
Centralized Attendant Service

common control switching arrangement

AB-1
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ABBREVIATIONS

Cco

CRC

Ccsm

Csu

DAC

DACS

DCE

DCIU

DCS

DDS

DID

DMI

DNIS

DOD

DSC

DSU

DTE

DTMF

E&M

E-INOS

EIA

ENP

EPSCS

ESF

central office

cyclic redundancy check

Centralized System Management
customer service unit

dial access code

digital access and crossconnect system

data circuit-terminating equipment
data communi cations equipment

data communications interface unit

distributed communications system

DATAPHONE digital service

direct inward dialing

digital multiplexed interface

dialed number identification service

direct outward dialing

dedicated switched connection

data service unit

data terminal equipment

dual-tone multi-frequency (dialing)

ear and mouth (signaling)

Enhanced I nteractive Network Optimization System
Electronic Industry Association

extension number portability

Enhanced Private Switched Communications Service

extended super frame
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ETA
ETN
FAX
FEP
FP8
FRL
FX
GlG2
GPP
Gbps
HAC
HEHO
IEEE
INADS
ISDN
SO
IXC
kbps
LAN
LDN
LEC
LED
LOS
MAAP

MOS

extended trunk access

electronic tandem network

facsimile

front end processor

feature package 8 (for DIMENSION)
facility restriction level

foreign exchange

Generic 1/Generic 2

general-purpose port

billion bits per second

high accuracy clock

head end hop off

Institute of Electrical and Electronics Engineers
Initialization and Administration System
Integrated Services Digital Network
International Standards Organization
interexchange carrier

thousand bits per second

local area network

listed directory number

local exchange company
light-emitting diode

loss of signal

Maintenance and Administration Panel

message-oriented signaling



AB-4 ABBREVIATIONS

MPDM modular processor data module
MSIT main satellite/tributary network
MTDM modular trunk data module
Mbps million bits per second

NCP network control point (for SDN)
NID network inward dialing

(ON] Open Systems I nterconnection
PAM pul se-amplitude modulation
PBX private branch exchange

PC personal computer

protocol converter

PCM pulse-code modulation

PNA Private Network Access (package)
PNI port network interface (for SDN)
POP point of presence

PRI primary rate interface

PROC procedure

PSC permanent switched connection
RLT release link trunk

RNX location code

S75/S85 System 75/System 85

SAT system access terminal

SCI/PI switch communicationsinterface/processor interface
SCS system clock synchronizer

SDDN Software-Defined Digital Network
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SDN

SMT

SNA

SW56

TEHO

TSI

TTT

UDP

UNMA

VMAAP

WAN

WATS

ZCS

Software-Defined Network

system management terminal

Systems Network Architecture

serving office (for SDN)

Switched 56 ACCUNET Service

Switched 64 ACCUNET Service

tail end hop off

time slot interchange unit

tandem tie trunk (network)

Uniform Dial Plan (package)

Unified Network Management Architecture
Visual Maintenance and Administration Panel
wide area network

Wide Area Telecommunications Service

zero code suppression (line coding)
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GLOSSARY

24th-channel signaling

800 Service

access code

accesstietrunk

ACD
ACU

adaptive differential
pulse-code modulation

ADM

administer

ADU

alternatefacilities
restriction level (AFRL)

alternate voice/data
(AVD)

Digital signal level-1 (DS1) signaling in which the signaling for each of
the first 23 channels is multiplexed onto the 24th channel, thereby
providing afull 64 kbps for user data on each of the first 23 channels.
Also called clear-channel signaling. See also[common-channel signaling
and[primary rateinterface,

A servicethat allowsincoming calls to be made from certain geographical
areas to an assigned number for aflat-rate charge based on expected usage.
Also called MEGACOM 800 service. See also

A 1-, 2-, 3, or 4-digit dial code used to activate or cancel afeature or

access an outgoing trunk. Star (*) or pound (#) can be used asthefirst
digit of an access code.

A trunk that connects a main switch with atandem switch in an electronic
tandem network (ETN). An accesstie trunk can also be used to connect a
system or tandem to a serving office or service node. Also called access
trunk.

See|Automatic Call Distribution.|

Seelautomatic calling unit.|

A 32-kbps encoding algorithm that allows up to 48 voice band channels to
be carried on one DSL1 facility.

Seelasynchronous data module)

To access, establish, or change parameters associated with the services and
features of a system.

Seelasynchronous data unit.|

An assigned alternate number that reflects allowed accesslevels and
determines both the kinds of calls that can be made and the kinds of
facilities that can be used when accessing trunks via Automatic Alternate
Routing (AAR). See alsoffacilitiesrestriction level |

A digital signal level-1 (DS1) trunk-facility translation that defines the use
of that facility for either voice or data-protocol modes.

GL-1
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American National
Standard Code for
Infor mation I nterchange

analog

analog voice terminals

ARS

ASCII (American
National Standard Code
for Information

I nterchange)

asynchronous data
module (ADM)

asynchronous data stand
(ADS)

asynchronous data
transmission

asynchronous data unit
(ADU)

asynchronous
transmission

Audio Information
Exchange

AUDIX (Audio
I nfor mation Exchange)

See ASCII.

The representation of information by means of continuously varying
physical quantities such as amplitude, frequency, phase, or resistance.

An analog voice terminal (telephone) receives acoustic voice signals and
sends analog electrical signals along the line. These voiceterminals are
served by asinglewire pair (tip and ring). The Model 2500 telephone set
isatypical example of an analog voice terminal.

See|Automatic Route Selection)|

The standard code, using a coded character set consisting of 7-bit coded
characters (eight bits, including parity check), used for information
interchange among data processing systems, data communications
systems, and associated equipment. The ASCII set consists of control
characters and graphic characters.

A data module that allows data terminal equipment (DTE) to communicate
with the Integrated Services Digital Network basic rate interface (ISDN-
BRI).

An asynchronous data unit (ADU) that is built into the base of adigital
telephone and is used to connect RS-232C equipment such as a data
terminal with a communications system via the telephone’ s datalink. See
alsolasynchronous data unit.|

A method of transmitting data in which each character is preceded by a
start bit and followed by a stop bit, thus permitting data charactersto be
transmitted at irregular intervals. Also called asynchronous transmission.
See al'so|synchronous data transmission.|

A data circuit-terminating equipment (DCE) device that allows direct
connection between RS-232C equipment and a communications system.
See al'sofasynchronous data stand.|

Seelasynchronous data transmission.|

See/AUDIX]

A fully integrated voice-mail system that can be used with avariety of
communications systems to provide call-history data, such as subscriber

identification and reason for redirection. See alsoJAUDI X Standalone,
[Call Transfer into AUDIX |and[voice-mail system)
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AUDI X Standalone

Automatic Alternate
Routing (AAR)

Automatic Call
Distribution (ACD)

automatic calling unit
(ACU)

Automatic Route

Selection (ARS)

AVD

B-channel

B-channel cut-through

bandwidth

basicrateinterface (BRI)

baud

An AUDIX system that has no datalink and allows AUDIX service to be
provided in association with any communications system but with less
functionality than when AUDIX isintegrated viaadatalink with a
communications system. See also[AUDIX |

A feature that provides optimum routing for private-network calls by
selecting, in descending order of desirability, the best route available.

A feature that directs calls to agents who have been administered in groups
called splits. ACD uses the most-idle agent, direct, and circular (for
System 85 and DEFINITY O Communications System Generic 2 only)
distribution methods. See also|Enhanced Uniform Call Distribution
and|Uniform Call Distribution,

An automatic dialing device that enables amachine to place callsover a
communications system. Also called autodialer.

A feature that provides optimum routing for public-network calls by
selecting, in descending order of desirability, the best route available. See
asolhigh-volume tandem |

Seelalter nate voice/data.]

For an Integrated Services Digital Network (ISDN), a 64-kbps channel
accompanied by timing that is intended to carry awide variety of digital
information streams, such as voice at 64 kbps, data at up to 64 kbps,
wideband voice encoded at 64 kbps, and voice at less than 64 kbps, alone
or combined with other digital information streams. Also called bearer
channel. See also|D-channel|and|B-channel cut-through.|

The side, either user or network, of the Integrated Services Digital
Network basic rateinterface (ISDN-BRI) that the specified B-channel uses
to transfer voice or datainformation. Seealso

The difference, expressed in hertz, between the highest and lowest
frequenciesin arange of frequencies that determine channel capacity.

A standard Integrated Services Digital Network (ISDN) frame format that
specifies the protocol used between a communications system and a
terminal. BRI runsat 192 kbps and provides two 64-kbps voice or data
B-channels and one 16-kbps signaling and data D-channel per port. The
remaining 48 kbps are used for framing and D-channel contention.

In telecommunications applications, a unit of transmission speed equal to
the number of signal events per second. See also|bit r atg and|bits per|
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bearer capability

bear er -capability class
(BCC)

bearer capability class of
service (BCCOYS)

bear er-capability routing

bearer channel
binary synchronous
communications (BSC)

bipolar signal

bisync

bit (binary digit)

bit-oriented signaling
(BOS)

bit rate

bits per second (bps)

bit-robbed signaling

blocking

BOS

bps

A term used with Integrated Services Digital Networks (ISDNs) to
identify the kinds of service that are requested or are available for acall.
See also|bear er -capability class,|

A term used to identify the kind of trunk service required for acall. See
also |bearer capability]and|bear er -capability routing|

A term used to identify the type of trunk servicerequired for acaler. A
bearer capability class of service is assigned to the calling party and
identifies the trunk bearer capability required. See also[oear er -capability]

A method provided by bearer-capability classes (BCCs) for specialized
routing of various trunk services using Integrated Services Digital

Network primary rate interface (ISDN-PRI) and non-ISDN endpoints. See
also|bear er -capability class.|

An information carrying channel on an ISDN interface.

A character-oriented communications protocol that uses a defined set and
seguence of control characters for synchronous transmission of binary-
coded decimal (BCD) data between two devices. Also called bisync.

A digital signal that uses either a positive or negative excursion, usually
alternating, for one state and ground for the other.

Seelbinary synchr onous communications)

One unit of information in binary notation, having two possible states or
values. Oor 1.

A version of adigital multiplexed interface (DMI) that uses an enhanced
BOS format on the signaling channel for call-control signaling. See also
[message-oriented signaling)

The speed at which bits are transmitted, usually expressed in bits per
second. Also called data rate. See also|baud|and|bits per second

The number of binary units of information that are transmitted or received
per second. See also[paud|and|bit rate|

Seelrobbed-bit signaling.|

A condition in which end-to-end connections cannot be made on calls
because of afull load on all possible services and facilities.

Seelbit-oriented signaling.|

Seepits per second ]
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BRI
BSC

BX.25

bypasstie trunk
byte
Call Transfer into

AUDIX

CCITT

central office (CO)

central office (CO) trunk
central processing unit
(CPU)

channel

channd bank

circuit

classof restriction (COR)

Seelbasic rateinterface)

Seelbinary synchr onous communications)

An AT&T version of the CCITT X.25 protocol for data communications.
BX.25 adds afourth level to the standard X.25 interface. This uppermost
level combineslevels 4, 5, and 6 of the International Standards
Organization (1SO) reference model. See also|CCITT |Flexibl
ssignment of BX.25 Signaling Ports)packet switching,

A one-way, outgoing tie trunk from atandem switch to amain switch in
an electronic tandem network (ETN).

A sequence of (usually eight) bits processed together.

A feature that enables a covering user to transfer acall to another
extension, typically AUDIX but possibly another covering user, with all
pertinent call-related information retained. See also|AUDI X.

(Comitee Consultatif International Telephonique et Telegraphique) an
international body that sets universal standards for data communications,
including Integrated Services Digital Network (ISDN). CCITT members
are from telecommuni cations companies and organizations around the
world. See also[BX.25/and|Q recommendations)

The location of telephone switching equipment that provides local
telephone service and access to toll facilities for long-distance calling.
More than one CO can serve the same area.

A telecommunications channel that provides access from aPBX to the
public network through the local central office.

The part of acomputer that interprets and executes instructions. Also
called central processor.

A telecommunications transmission path for voice and/or data.

Terminal equipment for a transmission system used to multiplex
individua channels using frequency-division multiplexing (FDM) or
time-division multiplexing (TDM).

1. Anarrangement of electrical elements through which electric current
flows, providing one or more specific functions. 2. A channel or
transmission path between two or more points.

On a System 75 or Generic 1, afeature that allows definition of up to 64
classes of call-origination and call-termination restrictions for telephones,
telephone groups, data modules, and trunk groups. See also[class of]
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class of service (COS)

clear-channel signals
CO

codepoint

Comitee Consultatif
International
Telephonique et
Telegraphique

common-channel
inter office signaling
(CCIYS)

common channel
signaling

communications system

COR

COos

CPE

CPU

1. Onthe System 75 and Generic 1, a number (O through 15) that specifies
agroup of feature-access permissions of a group of telephones. COS
specifies whether tel ephone users can activate certain features such as
Automatic Callback and Call Forwarding — All Calls, Data Privacy, and
Priority Calling. Seeaso|class of restriction.| 2. On the System 85 and
Generic 2, anumeric code that specifies a group of feature-access
permissions and calling-privilege restrictions that together determine the
privileges of agroup of extension numbers. See also|class of restriction.|

See[24th-channel signaling|

Seelcentral office]

A numeric value for a specific field of an information element (IE) and
used as part of a Q.931 message, thus allowing identification and
processing of the IE. For example, in the network-specific facilities |E,
the value 1 in the feature/service field means that the requested facility isa
service. See also[Q.930(and|Q.931)

SeelCCITT]

Signaling in which signaling information for each of the 23 information
channels is multiplexed into a separate "common" channel. For AT&T
products, the 24th channel is used as the common channel. Seealso
[signaling system number 7

See[24th channel signaling|

The software-controlled processor complex that interprets dialing pul ses,
tones, and/or keyboard characters and makes the proper interconnections
both within the system and external to the system. The communications
system itself consists of adigital computer, software, storage device, and
carrierswith specia hardware to perform the actual connections. A
communications system provides voice and/or data communications
services, including access to public and private networks, for telephones
and data terminals on a customer’s premises. See also[switch]

Seelclass of restriction)

See|class of service,

Seelcustomer -pr emises equipment|and|customer -provided equipment.|
Both terms are abbreviated to CPE.

Seelcentral processing unit.|
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Csu

customer provided
(premises) equipment
(CPE)

customer service unit
(CSV)

D4 framing format

D-channel

data-carrier detect (DCD)

data channel
data-cir cuit terminating
equipment (DCE)

Data-Communications
Access (DCA)

data communications
equipment (DCE)

The terms channel service unit and customer service unit are both
abbreviated to CSU and are both synonymous with network channel-
terminating equipment. See|networ k channel-ter minating equipment

Customer owned equipment that is not provided as part of the system but
isto be connected to it.

Seelnetwor k channel-ter minating equipment .|

A format containing 12 frames. See alsolextended frameland|frame)

The 16-kbps or 64-kbps packet-switched channel on an Integrated
Services Digital Network basic rate interface (ISDN-BRI) or 64-kbps on
an Integrated Services Digital Network primary rate interface (ISDN-PRI)
packet-switched channel that carries signaling messages and packet-
switched user data. A D-channel isthe (IDSN-PRI) Q.931 signaling
channel. (A D-channel can also carry data, but this capability is not used
on aDEFINITY ] Communications System Generic 2.) See also
[channel |and|Q.930 and Q.931,]

A data communications equipment (DCE) signal that shows whether the
received data-channel line signal iswithin appropriate limits as defined by
the DCE. See also|data cir cuit-ter minating equipment |

The means of transmission for and the intervening equipment used in the
transfer of information in agiven direction.

See|data communications equipment |

On a System 85 and Generic 2, afeature that uses a unique analog data
port to provide access to on-premises host computers for data endpoints
with an analog interface (modem). These endpointsinclude analog
telephones and attendant consoles. On a System 75 and Generic 1, the
equivalent functionality is provided by using the same analog-line port
circuit used to interface with anal og tel ephones.

The equipment — usually a modem, data module, or packet

assembl er/disassembler — used for terminating the circuit that provides
the connection between terminal endpoints. The circuit itself is not
considered part of the DCE. Also called data circuit-terminating. See
aso|data-carrier detect |
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data communications
interface unit (DCIU)

data module

data path

data protection

datarate

data service unit (DSU)

data signal level 1 (DS1)
data terminal

data terminal equipment
(DTE)

DCIU

DCIU link

DCP
DCS

DCScluster

DCSnode

An interface between the System 85 main processor (501CC) and AUDIX
equipment, or (in a DCS configuration) other switches. The DCIU
consists of four circuit packs in the System 85 and Generic 2 common
control carrier. System 75 and Generic 1 has a switched communication
interface (SCI) or processor interface (Pl) to provide similar functionality.

A device that interfaces customer-provided data equipment with the
communications system via DCP or BRI protocols.

The end-to-end connection used for a data-communications link.

A feature that prevents intrusions into data transmissions by using bridge-
on features, such as Call Waiting, Override, and Busy Verification of
Lines. The bridge-on features, if allowed, would disrupt adata
transmission by inserting a warning tone into the connection. Two forms
of Data Protection are available: temporary and permanent. Temporary
data protection is activated with an access code and permanent data
protection is assigned to aline class of service (COS).

Seelpit rate.

A device designed to transmit digital data on transmission facilities. See
aso|networ k channel-ter minating equipment.|

A 1.544 Mbps transmission facility.
An 1/O device that has either switched or direct access to a host computer.

The equipment that makes up the endpoints in a connection over adata
circuit.

See|data communications interface unit.|

A hardware communications link that connects two data-communications
interface units (DCIUs).

Seeldigital communications protocol |

Seeldistributed communications system.|

Two or more communications systems interconnected by data
communications interface units (DCIUSs) or switch

communi cations/processor interfaces (SCIg/Pls) and using distributed
communications system (DCS) software to provide transparency for a
limited set of station/attendant features. See also|DCS Centr alized|
[AUDIX JDCS endpoint,|and|DCS node,|

A communications system within a distributed communications system

(DCS) cluster. See also|DCS cluster |
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DDC

DDD

dedicated line
dedicated switched

connection (DSC)

default dialing

demultiplexer

dial access code (DAC)

dialed number
identification service
(DNIS)

digital

digital communications
protocol (DCP)

digital data

digital facility

See|Direct Department Calling.|

Seeldirect distance dialing.|

Also known as a private or leased line. It isfor the exclusive use of the
leasing party.

A feature that functions as a hardwired link between two portson a
System 85 (R2V4) or Generic 2 communications system, providing afull-
time line between the assigned endpoints. Once administered, the
connection remains intact until removed. Also called nailed-up
connection. See alsoper manent switched connection |

A terminal diaing feature that automatically originatesa call to a
preassigned number if the user enters a carriage return without first
entering an address in response to adia prompt.

A device used to separate two or more signals that were previously
combined by a compatible multiplexer and transmitted over asingle
channel.

A dial code assigned to afeature for activation of the feature from the
communications-system station set. See also[featur e-access codeland
[tr unk-access code)

A display provided to the answering agent of a service or project, or of the
number called by the caller, so that agents grouped in one split can answer
callsappropriately for different services. DNIS can aso be sent to a host
computer or other adjunct.

The representation of information in discrete elements such as off and on
orOand 1.

AnAT&T proprietary protocol used to transmit both digitized voice and
digitized data over the same communicationslink. A DCP link is made up
of two information (I-) channels and one signaling (S-) channel.

Data represented in discrete, discontinuous form, usually binary. Thisis
in contrast to continuous analog data, usually represented in sine wave
form.

A switching or transmission facility specifically designed to handle digital
signals.
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digital multiplexed
interface (DMI)

digital multiplexed
interface with bit-oriented
signaling (DM 1-BOYS)
digital multiplexed
interface with message-
oriented signaling (DM | -
MOS)

digital signal level 1 (DS1)

digital transmission

digital-terminal data
module (DTDM)

digital telephone

digital voiceterminal

direct distance dialing
(DDD)

direct inward dialing
(DID)

An interface that provides connectivity between a communications system
and a host computer or between two communications systems using digital
signal level-1 (DS1) 24th-channel signaling. DMI provides 23 64-kbps
data channels and 1 common signaling channel over a twisted-pair
connection. DM is offered through two capabilities. bit-oriented
signaling (DMI-BOS) and message-oriented signaling (DMI-MOS).

DMI signaling in which the signaling in the 24th channel is based on the
definitions of single bits. For example, abit may indicate an on-hook/off-
hook condition.

DMI signaling in which the signaling in the 24th channel is based on the
definitions of strings of bits that form messages. DMI-MOS s similar to
the Integrated Services Digital Network primary rate interface (ISDN-
PRI).

An interface that multiplexes 24 channelsinto asingle 1.544-Mbps
stream. DS1 can be used for pulse-code modulation (PCM) for voice or
voice-grade data and for mode-0, -1, -2, and -3 data protocols aswell as
for other voice or data transmission protocols.

A mode of transmission in which the information to be transmitted is first
converted to digital form and then transmitted as a serial stream of pulses.

An integrated or adjunct data module that shares with a digital telephone
the same physical port for connection to a communications system. The
function of aDTDM is similar to that of a processor data module (PDM)
and modular processor data module (MPDM) in that it converts RS-232C
signalsto digital communications protocol (DCP) signals.

A telephone that converts analog voice signalsinto digital electrical
signalsto be sent along the telephone line. Digital telephones use the
digital communications protocol (DCP) or basic rate interface (BRI), and
are served by two pairs of wire. Digital telephones include the 7400
series, the PT510, and the business communications terminal (BCT). Also
called digital voice terminal and nonanalog telephone.

Seeldigital telephone.

The capability of completing long-distance calls without operator
assistance.

A feature that allows an incoming call from the public network (not FX or
WATS) to reach a specific tel ephone without attendant assistance. DID
callsto DID-restricted tel ephone lines are routed to an attendant or
recorded announcement, depending on the option selected.
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direct outward dialing
(DOD)

distributed
communications system
(DCY)

DMI-BOS

DMI-MOS

DMI with message-

oriented signaling
(DMI/MQOS)

DS1

DS1 robbed-bit signaling

duplex data link

EIA interface

EIA port

electronic tandem
network (ETN)

emulation

A feature that enables a communications-system telephone user to gain
access to the public network without the assistance of an attendant by
dialing an access code and receiving a second dial tone. The user can then
dia the desired public-network number.

An ETN and/or M/ST network linked in such away that selected features
appear to operate as if the network were one system.

Seeldigital multiplexed interface with bit-oriented signaling.|

Seeldigital multiplexed interface with message-oriented signaling.

Digital-multiplexed-interface (DMI) signaling in which the signaling in
the 24th channel is based on the definitions of strings of bits that form
messages. DMI/MOS is similar to the Integrated Services Digital
Network primary rate interface (ISDN-PRI). Also called message-
oriented signaling.

Seeldigital signal level 1)

Seelr obbed-bit signaling,|

Electronic equipment that permits automatic transmission of digital
information between two points, in both directions simultaneously. See
also|simplex data link |

A standardized set of signal characteristics (time, duration, etc.) specified
by the EIA. Normally means a RS-232C interface.

A communications systems port circuit with a built-in data module which,
when used aZ3A ADU at the dataterminal equipment (DTE) end of the
connection, extends the RS-232C serial interface to asynchronous DTE
over two pairs of standard voice grade wire without need for an
intervening modem or datamodule. Also referred to asaData Line
Circuit.

A private network that consists of private and public trunking and
switching resources. ETNs often span geographic areas and consist of
private or leased transmission facilities that interconnect the customer’s
communications systems. An ETN uses Automatic Alternate Routing
(AAR) with auniform numbering plan to address the various
communications systems and telephonesin the ETN.

A technique using software programming that allows one computer or
digital device to behave like another device.
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end user

Enhanced Uniform Call
Distribution (EUCD)

error-freesecond

ESS (electronic switching
system)

ETN

extended superframe (Fe)
framing format

extended trunk access
(ETA)

facilitiesrestriction level
(FRL)

facility

facility-associated
signaling

FAX (facsimile)

Fe Framing Format

feature

FEP

The ultimate source or destination of information flowing through a
network. It may be an application program, an operator or a physical
device medium (such as cards or tapes).

An Automatic Call Distribution (ACD) feature that provides, in System 85
R2V 2, automatic connection of incoming calls to agents who have been
administered in hunt groups called splits. Callsare distributed using a
circular hunting algorithm, and features are included to increase agent
efficiency. See also|Automatic Call Distribution|and|[Uniform Call|

|Distribution.|

Any second in which no hit errors occur. Performance for digital signal
level-1 (DS1) serviceis measured in error-free seconds.

A class of modern switching systems developed by AT& T in which the
control functions are performed principally by electronic data processors
operating under the direction of a stored program. See also
[communications systemd and|[switch.|

Seelelectronic tandem network .|

A format of 24 frames. See also[frame]

An arrangement provided at a satellite location in a main-satellite network
whereby callsto extension numbers that are not assigned to that satellite
are automatically sent to the main switch for interpretation and routing.

An assigned number that determines both the kinds of calls that can be
made and the kinds of facilities (trunks) that can be used when calls are
routed via Automatic Alternate Routing. See also|alter nate facilities

restriction level.

The equipment constituting a telecommunications transmission path. See

alsoflind andtrunk]

Signaling in which a D-channel carries the signaling only for those
channels on the same physical interface. See also[nonfacility-associated|

A process, or the result of a process, whereby fixed graphic material is
scanned and the information converted into electrical signal wavesto
produce an exact likeness.

A format of 24 frames.

A function or service provided by ahardware or software product.

See|Front End Processor |
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final trunk group

first-choice trunk group

flexible assignment of
BX.25 (DCIU/PI)
signaling ports

foreign exchange (FX)

frame

front end processor (FEP)

full-duplex transmission

FX (foreign exchange)

FX trunk

gener al-purpose port
(GPP)

generalized route
selection (GRYS)

glare

A last-choice trunk group that receives overflow traffic and may receive

first-route traffic. See also[trunk group]

The group of trunks on a communications system that is chosen first for a

particular call. Seealsoftrunk group]

A feature that allows ports normally reserved for an application to be used
for another application. In theinitial implementation of data
communications interface unit and the switch communications/processor
interface (DCIU-SCI/PI) signaling portsin System 75, System 85 and
Generic 1 and 2, certain such ports were reserved for specific applications.

Seealso[BX.25]
SeefFX]

One of severa segments of an analog or digital signal that has a repetitive
characteristic. For example, in atime division multiplexed (TDM) system,
aframeisasequence of time dots, each containing a sample from one of
the channels served by the multiplex system. The frameis repeated at the
sampling rate, and each channel occupies the same sequence position in
successive frames. See also|D4 framing for mat|and|extended|

[super frame framing format.|

A communications front end processor interfaces a host to a
telecommunications network. FEP can perform any of the following
functions: code trandation, polling, addressing, dial-up, protocol
enveloping and conversion, header analysis, text editing and message
queuing.

A transmission system capable of carrying signals in both directions
simultaneously.

A centra office (CO) other than the one providing local accessto the
public network.

A telecommunications facility that connects a communications system to a
central office (CO) other than its own.

On the System 85 and Generic 2, aport used for either adigital telephone
or adatamodule. The GPP usesthe digital communications protocol
(DCP) and can be used as an appearance for either aline or atrunk.

An enhancement to Automatic Alternate Routing/Automatic Route
Selection (AAR/ARS) that performs routing based on call attributes, such
as bearer capability classes (BCS), in addition to the address and facilities
restriction level (FRL).

The simultaneous seizure of atwo-way trunk by two communications
systems, resulting in a standoff.
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GPP

half-duplex transmission

handshaking

handshaking logic

hardwired
HDLC

High-Level Data Link
Control (HDLC)

host computer

hybrid

hybrid telephone

hybrid voice terminal

Ifield

inband signaling

Information Systems
Network (ISN)

SeelqeneraJ-pur pose DOFt.l

A transmission system capable of carrying signalsin both directions, but
in only one direction at atime.

A process that occurs after successful call setup but before actual data
transmission between two data devices to ascertain whether their data-
transmission parameters are set to permit successful data transmission.

A format used to initiate a data connection between two data module
devices.

Permanently connected via hardware.

See|High-L evel Data Link Control)

A standard bit-oriented protocol, devel oped by the International Standards
Organization (1SO), in which control information is aways placed in the
same position and specific bit patterns used for control differ from those
used in representing data, so that errors are less likely to occur.

A computer, connected to a network, that processes data from various
data-entry devices.

In the context of data processing, the ability to process both analog and
digital communications.

A telephone with characteristics of both analog and digital telephones.
Also called hybrid voice terminal and nonanal og telephone.

Seelhybrid telephone)

When used with the digital communications protocol (DCP), a channel
used for communicating digital information for voice and data.

Signals transmitted within the same channel and frequency band used for
message traffic. See also|r obbed-bit signaling

A wide area network (WAN) and local area network (LAN) with an open
architecture combining host computers, minicomputers, word processors,
storage devices, PCs, high-speed printers, and nonintelligent terminalsinto
asingle packet-switching system.
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Integrated Services
Digital Network (I SDN)

Integrated Services
Digital Network basic

rateinterface (ISDN-BRI)

Integrated Services
Digital Network primary
rateinterface (ISDN-PRI)
interface

intermediate high-usage
trunk group

ISDN

keyboard dialing

kilo bits per second
(kbps)

LAN
LAPD

LED (light-emitting
diode)

link

link-access procedure on
the D-channel (LAPD)

A public or private network that provides end-to-end digital connectivity
for al servicesto which users have access by alimited set of standard
multi purpose user-network interfaces defined by the CCITT. Through
internationally accepted standard interfaces, ISDN provides digital
circuit-switched or packet-switched connectivity within the network and
links to other ISDNs to provide national and international digital
connectivity.

Seelbasic rateinterface)

Seelprimary rateinterface.|

A common boundary between two systems or pieces of equipment.

A high-usage trunk group that receives overflow traffic from other trunks
and may receive first-route call traffic and/or switched overflow call
traffic.

Seell ntegr ated Services Digital Network.|

Seelter minal dialing)

1000 bits per second.

Seellocal area network |

Seellink-access procedur e on the D-channel |

A semiconductor device that produces light when voltage is applied.
LEDs provide avisual indication of the operational status of hardware
components, the results of maintenance tests, and the alarm status of
circuit packs, and the activation of telephone features.

A transmitter-receiver channel or system that connects two locations.

A link-layer protocol on the Integrated Services Digital Network basic rate
interface (ISDN-BRI) and primary rate interface (ISDN-PRI) data-link
layer (level 2). LAPD provides datatransfer between two devices, and
error and flow control on multiple logical links. LAPD is used for
signaling and low-speed packet data (X.25 and mode 3) on the signaling
(D-) channel and for mode-3 data communications on a bearer (B-)
channel.
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listed directory number
(LDN)

local area network (LAN)

local exchange company
(LEC)

logical channel (or
circuit)

manual dialing

MEGACOM[]

MEGAcomM [ 800

message-oriented
signaling (MQOYS)

modem

modem pooling

modular asynchronous
data unit (MADU)

modular processor data
module (MPDM)

modular trunk data
module (MTDM)

The listed number in a public directory for acommunications system. An
incoming call to an LDN is usually answered by an attendant.

A networking arrangement specifically designed for alimited geographical
area. Generally, aLAN islimited in range to a maximum of 6.2 miles and
provides high-speed carrier service with low error rates. Common
configurations include star (including circuit switched), ring, and bus. See
aso|lwide ar ea network..|

A company franchised to provide public intra-LATA (local access and
transport ared) telephone service to subscribers within a defined
geographical area. Also called alocal exchange carrier or local telephone
company.

A message slot on adigital communications link. A logical channel isone
of the logically independent elements of a data stream that is multiplexed
onto a single communications carrier.

Use of the dialing pad on atelephone to place acall by dialing each digit
individually.

AT& T’ stariffed digital WATS offering for outward calling. See also[800]

AT& T stariffed digital 800-service offering for inward calling.

See|DM I with message-oriented signaling.|

A device that converts digital data signalsto analog signals for
transmission over telephone circuits. The analog signals are converted
back to the original digital data signals by another modem at the other end
of the circuit.

A capability that provides shared conversion resources (modems and data
modules) for cost-effective access to analog facilities by dataterminals.
When needed, modem pooling inserts a conversion resource into the path
of adatacall. Modem pooling serves both outgoing and incoming calls.

A rack-mounted equipment unit housing up to eight plug-in asynchronous
data units (ADUS).

A processor data module (PDM) that can be configured to provide severa
kinds of interfaces (RS-232C, RS-449, and V.35) to customer-provided
dataterminal equipment (DTE). See also|processor data module,

A trunk data module (TDM) that can be configured to provide several
kinds of interfaces (RS-232C, RS-449, and V.35) to customer-provided
dataterminal equipment (DTE).
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MPDM
MTDM
mu-255

multiplexer

multiplexing

nailed-up connection

NCTE

networ k

networ k-access unit
(NAU)

network channel-

terminating equipment
(NCTE)

node

nonfacility-associated
signaling (NFAS)

off premises

off-hook

See|modular processor data module)

See|modular trunk data module)

A type of code by which analog signals are encoded to digital signals.

A device used to combine a number of individual channelsinto acommon
bit stream for transmission.

A process whereby atransmission facility is divided into two or more
channels, either by splitting the frequency band into a number of narrower
bands or by dividing the transmission channel into successive time slots.
See alsotime-division multiplexing.

Obsolete. See|dedicated switched connection|and|per manent switched|
connection.

Seelnetwor k channel-ter minating equipment .|

A series of points, nodes, or stations connected by communications
channels.

A circuit card that plugs into a PC’s expansion slot to connect that PC with
othersto form a StarL AN network. See also

Equipment used at a customer’s premises to provide facility terminations
and signaling compatibility. Also called channel service unit and
customer service unit. See also|data service unit.|

A switching or control point for anetwork. Nodes are either tandem —
they receive signals and pass them on — or terminal — they originate or
terminate a transmission path.

A method that allows multiple PRI links to share asingle D-channel on
one of the spans. One T1 link istherefore configured as 23 B-channels
plus 1 D-channel, while the other spans that share the D-channel are
configured with 24 B-channels each. See alsolfacility-associated|
lsignalingland|primary rate inter face.|

Telephones or data terminal s that are not located within the same building
or campus as a communications system or have loop lengths greater than
3500 feet.

A condition in which the handset of atelephoneis off the switchhook or
the telephone is activated by other means, such as through a speakerphone
button.
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Open Systems

I nterconnection (OSl)
reference model

osl

packet

packet
assembler /disassembler
(PAD)

packet switching

PAD

parallel data transmission

parity

partitioning

pattern

PBX

A logical model, consisting of seven levels of interfaces, created by the
International Standards Organization (1SO) to show how interconnected
telecommunications systems should interface.

See|Open Systems I nter connection reference model |

A group of bytes— including a message (the data) and control
information (the header) — transmitted as a discrete unit. 1n each packet,
the message and control information are arranged in a specified format. In
many systems, the packet is further encapsulated with additional header
and trailer elements to form aframe. See also[packet switching.|

A functional unit that enables data terminal equipment (DTE) not
equipped for packet switching to access a packet-switched network.

A data-transmission technique whereby user information is segmented and
routed in discrete data envel opes called packets, each with its own
appended control information for routing, sequencing, and error checking.
Packet switching allows a channel to be occupied only during the
transmission of a packet; on completion of the transmission, the channel is
made available for the transfer of other packets. See also[BX.25]packet)
and[X.25]

Seelpacket assembler/disassembler |

An operation whereby a group of data bitsis processed or transmitted
simultaneously over essentially parallel paths.

A method of checking and, in some cases, correcting the accuracy of bits.

The capability to impose restrictions on each tenant’ s users to limit their
access to only a specified subset of the communications system’ s facilities
and services. Partitioning alows a multitenant system to comply with
state or federal regulations and to provide security and cost allocation
among tenants.

For Automatic Alternate Routing — Automatic Route Selection (AAR-
ARS), aseries of trunk groups arranged in a preferential order. Also
called routing pattern.

Seelcommunications system.|
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permanent switched
connection (PSC)

permanent virtual circuit
(PVC)

PDM

port
premisesdistribution
system (PDS)

PRI

primary rateinterface
(PRI)

primary high-usage trunk
group

private branch exchange

processor data module
(PDM)

protocol

On the System 75 and Generic 1, a capability that establishes and

mai ntains a continuous switched connection between two data endpoints.
PSCs are automatically established when the communications systemis
started or restarted, and are maintained until the system becomes inactive.
If a PSC isinadvertently dropped, the system automatically reestablishes
thecall. When atrunk isinvolved in the PSC, one of the dataendpointsis
local to the controlling system and the other is on aremote system. Also
called nailed-up connection. See also|dedicated switched connection.|

A continuous logical circuit between the processors of two
communications systems that carries distributed communications system
(DCS) messages between the systems over a data communications
interface unit (DCIU) or processor interface (Pl) link. Morethan one PVC
can be established on the same DCIU or PI link. PVCsare needed for
proper operation of the DCS data features.

Seelprocessor data module)

A data- or voice-transmission access point on adevice that is used for
communicating with other devices.

A cabling system that consolidates wiring for a customer’ s on-site and
remote telephones and data terminals, and channel s transmissions to the
communications system.

Seelprimary rateinterface.|

A standard Integrated Services Digital Network (ISDN) frame format that
specifies the protocol used between two or more communications systems.
PRI runs at 1.544 Mbps and, as used in North America, provides 23 64-
kbps B-channels (voice or data) and one 64-kbps D-channel (signaling).
The D-channel isthe 24th channel of the interface and contains
multiplexed signaling information for the other 23 channels.

A high-usage trunk group that is administered to provide service to first-
route call traffic only.

SeePBX]

A device that provides an RS-232C data communications equi pment
(DCE) interface for connecting to data terminals, applications processors
(APs), and host computers; and provides adigital communications
protocol (DCP) interface for connection to a communications system. See
alsojmodular processor data module)

A set of conventions governing the format and timing of message
exchanges.
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protocol converter (PC)

public network

pulse-amplitude
modulation (PAM)

pulse-code modulation

(PCM)

PVC

Q recommendations

Q.920 and Q.921

Q.930 and Q.931

remote access trunk

restricted [channels]

RNX

robbed-bit signaling

A device consisting of hardware, software, or acombination of both, that
allows two systems, each using a different protocol, to communicate and
exchange messages with each other.

A network that is commonly accessible for local or long-distance calling.
A modulation technique in which an analog signal, such as speech,

modulates a carrier signal consisting of a series of precisely timed pulses
of equal amplitude. See also[pulse-code modulation |

An extension of pulse-amplitude modulation (PAM) in which carrier-
signal pulses modulated by an analog signal, such as speech, are quantized
and encoded to a digital, usually binary, format. See also[pulse]
lamplitude modulation.|

See|per manent virtual circuit.|

Recommendations of the CCITT that affect an Integrated Services Digital
Network (ISDN). The Q.700 series defines signaling system number 7,
which is used for common-channel signaling across networks. Q.920 and
Q.931 define a digital-access signaling system for signaling between the
customer’ s equipment and the network. See also|CCITT ,{Q.920 and|
[0.921 |and[signaling system number 7.

The level-2 (data-link layer) specification for usein an Integrated Services
Digital Network (1SDN) recommended by the CCITT for message
transmission. See also|Q recommendations,|

The D-channel level-3 (network layer) specification for usein an
Integrated Services Digital Network (ISDN) recommended by the CCITT
for basic telecommunications call control. See also[codepoint]and[D]

A telecommunications channel used by an authorized user to gain access
to the communications system.

Restricted channels are channels over which no all-zero bytes can be
transmitted. The line equipment transmitters on restricted channels use
ZCSline coding.

The location code for a private-network communications system, where R
equals any digit 2 through 9 except the assigned call-detail recording
(CDR) account code prefix, N equals any digit 2 through 9, and X equals
any digit 0 through 9.

Digital signal level-1 (DS1) signaling in which up to eight kbps from each
of the 24 64-kbps channels are used for signaling in every sixth frame.
The least-significant bit of each 8-bit sampleis replaced by a signaling bit.
Also called DSL robbed-hit signaling.
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route advance

RS-232

S-channdl data
transmission

SDLC
serial data transmission

signaling system number
7

simplex data link

SMT
SNA
software

Softwar e-Defined
Network (SDN)

Star-Based Local Area
Network (StarLAN)

StarLAN

statistical multiplexing

A telecommunications routine that routes outgoing calls over aternate
trunk groups when the first-choice trunk group is busy.

A physical interface specified by the EIA. RS-232 transmits and receives
asynchronous data at speeds of up to 19.2 kbps over cable distances of up
to 50 feet.

The transmission of data over an S-channel using the digital
communications protocol (DCP).

See[Synchronous Data Link Control |

An operation whereby datais transmitted or processed sequentially, one
bit after another.

The standard being developed by the CCITT to provide interoffice
signaling — for example, signaling from a central office (CO) to atoll
office, atoll officeto atoll office, and atoll officeto aCO. When
implemented, signaling system 7 will replace common-channel interoffice
signaling (CCIS). See alsof[common channel inter office signalingland[Q]
[recommendations)

Electronic equipment that permits automatic transmission of digital
information in only one direction. See also|duplex data link.|

Seelsystem management terminal |

See[Systems Networ k Ar chitecture)

A set of computer instructions designed to perform one or more tasks.

AnAT&T private networking service created by specialized software
within the public network. SDN is designed to carry voice and data traffic
between customer locations as well asto off-network locations, and offers
apricing structure based on communications usage, distance, and access-
line charges.

See[StarLAN]

A 1 or 10-Mbpslocal area network (LAN) linking intelligent workstations,
asynchronous terminals, printers, modems, and host computers. StarLAN
functions as a standalone PC network in small offices, departments, and
workgroups, and can accommaodate any size business that needs, for
example, to share files and printers, and exchange electronic mail. See
also|networ k-access unit.|

A form of time division multiplexing (TDM) that uses a microprocessor
control unit to dynamically allocate available bandwidth.
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switch

synchronization

Synchronous Data Link
Control (SDLC)

synchronous data
transmission

synchronous transmission

system management
terminal (SMT)

System Network
Architecture (SNA)
T1

T1digital carrier

tandem

TDM

terminal dialing

terminal emulation

tietrunk

time-division
multiplexing (TDM)

Any kind of telephone switching system. See also|communications|
lsystem|and|ESSL .|

The process in which proper phase alignment to a transmitter is made so
that the beginning and end of a character, message, time dot, or frame can
be readily identified for information retrieval.

A version of HDLC designed by IBM for use between their equipment.

A method of transmitting datain which discrete signal elements are
transmitted at a fixed and continuous rate. Synchronous data transmission
requires that the timing of the transmission be synchronized between the
sending and receiving devices. Also called synchronous transmission.
See alsolasynchronous data tr ansmission.|

Seelsynchronous data transmission.|

An administration device for System 85 that is similar to the maintenance
and administration panel (MAAP). The SMT allows access to and the
ability to change the translation information associated with System 85
features.

An IBM communications architecture for distributed computer networks.
A digital transmission standard that in North America carries treffic at the
digital signa level-1 (DS1) rate of 1.544 Mbps.

A type of digital transmission medium that transmits at 1.544 Mbpsand is
capable of carrying 24 channels.

The switched connection of an incoming trunk to an outgoing trunk.

Seeltime division multiplexing orltrunk data module| Both terms are
abbreviated to TDM.

A feature that allows a user to set up and take down data calls directly
from the keyboard of adataterminal. Also called keyboard dialing.

Theimitation of all or part of one computer system by another, so that the
imitating system accepts the same data, executes the same programs, and
achieves the same results as the imitated system.

A dedicated telecommunications channel connecting two private
communications systems. Also called automatic tie trunk.

Multiplexing that divides atransmission channel into successive time

slots. See aso[multiplexing.
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tip and ring

trunk
trunk data module

(TDM)

trunk group

trunk port

twisted pair

Uniform Call Distribution
(UCD)

Uniform Dial Plan (UDP)
function

uniform numbering plan
(UNP)

unrestricted [channel|

virtual circuit

voice-gradetrunk

voiceterminal

Tip and ring are common nomenclature derived from old cord switchboard
technology to differentiate between the two leads of an analog line or
trunk.

A dedicated telecommunications channel between two communications
systems or central offices (COs). See asoffacility]

A devicethat provides the interface for connection between off-premises
private-line trunk facilities and a communications system. The TDM
provides conversion between the RS-232C and the digital communications
protocol (DCP), and can connect to direct distance dialing (DDD) modems
as the DCP member of amodem pool.

Trunks that can be used interchangeably between two communications
systems or central offices (COs). See asolffinal trunk group|and|fir st
[choice trunk group)

The data- or voice-transmission access point on adevice that is used for
each circuit associated with atrunk group.

Two copper wires used for the transmission of voice and/or data.

A Call Management System (CMS) feature that provides automatic
connection of incoming calls to agents who have been administered in

hunt groups called splits. See also]Automatic Call Distribution fDir ect
[Department Calling]and[Enhanced Uniform Call Distribution]
A feature that allows a unique number assignment (4- or 5-digit) for each

terminal in a multicommunications-system configuration such asan ETN
or main-satellite-tributary configuration.

A 4-, 5, 6-, or 7-digit private-network numbering plan that provides a
unique address for every station and/or terminal on the network.

Unrestricted channels have no restrictions on the number of consecutive
zeros of user data that can be transmitted. The line equipment transmitters
on restricted channels use B8ZS line coding.

The entire path between two end processors. A virtua circuit can consist
of more than one communications link and is also used in packet
switching. In the data communications interface unit (DCIU) application,
the terms control path or data path are used instead of virtual circuit.

A channel that carries voice calls and anal og voice-band data calls.

A single-appearance or multiappearance telephone.
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WATS (WideArea
Telecommunications
Service)

WATS trunk

wide ar ea networ k
(WAN)

WideArea
Telecommunications
Service

A servicethat allows callsto certain areas for aflat-rate charge based on
expected usage.

A one-way outgoing telecommunications channel used to placeaWATS
call, or aone-way incoming telecommunication channel used to receive an
800-service call.

A network that provides telecommunications services to a geographic area
larger than that served by alocal areanetwork. See alsollocal ar ed|

SeeWATS]
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4-wiretrunk|C-1
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800 service|1-36

A

AAR|2-5]2-62-72-8]2-11 |2-13]4-4|4-7 {4-8,

5-1)5-13

ACA[6-15

access code

feature|2-5]2-6J2-8]| 5-1

access trunk|1-36f 5-1)5-4]6-23

access trunk—Contd

bypass access|C-2

main/satellite trunks|C-11

ACCUMASTER(2-17

ACCUNET

data services|9-1

packet service|9-6

spectrum|9-6

switched digital service|9-6)9-7
ACD[5-12 6-19

ADCCP|D-10

address|C-1

ADM|[8-5

ADPCM|1-31

ADU8-5)8-6

agent 1-37,(5-12

alerting|4-8)C-2

automatic|1-40JC-2

cut-through [1-40

delay dialC-4

delay-dial [1-40,|C-4
dial repeating|C-5

dial tone|1-40

dial-repeating|1-40

immediate start[1-40)] C-9

senderized|C-12

universal |C-4

wink start[1-40

alphanumeric-display] 6-15

alternating mark inversion|1-19

analog

datal1-3

facilities|1-3,(1-16
port[1-7

switch|1-7
telephones 1-9
transmission|1-3

trunksl|1-9

voice|l-3

APLT[1-38]C-2]C-4

application layer protocols|D-5]D-19

APS[8-21

access|8-22

IN-1
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ARS|2-4]2-7)2-8]2-14

plan|2-16

asynchronous data-module[8-5

Asynchronous Gateway Server|8-16

AT&T

reference frequency|B-28

attendant [L-37,|2-24-1,}4-3] 4-85-12]6-23

control of trunk group access|6-15

transparent features|6-14

attendant-call-waiting|6-14

Audio Information Exchange (AUDIX)|[6-19

automatic alternate routing 2‘5:|2'6:|2'7:|2'11|5'1

automatic call distribution|5-12

automatic route selection [2-4]2-7]2-14

automatic signaling[1-40

automatic-callback|6-17

automatic-circuit-assurancel6-15

availability of synchronization sources B-28

availability, transmission|B-22

B

B8ZS[1-19 |

backup

modules|B-8

bandwidth[B-4

basic rate interface|D-11

BCC|2-11

BCCOS|2-11

BCM-3200/1-31

bearer capability[2-11

bearer capability class[2-13]8-10

bipolar pulse sequence(1-20

bit synchronization|B-1

bridge{8-14)8-18

BSC|D-9

busy verification of terminal lines{6-16

BX.25[D-18
communication pathways and endpoints D-19

message, packet, and frame|D-20
bypass access trunk|1-37 {4-7,{4-845-1,|5-4,|C-2

Cc

CAD/CAE|9-7 |

call

data call setup[7-10

international [2-15

IXC[2-16]2-17

call—Contd
operator-assisted|2-16
private network [4-7
public network|4-7
toll[2-16
toll-free|2-16
unauthorized|2-15
virtual [D-19
call-category
AAR|2-10
ARS[2-10
call-coverage{4-9]6-186-20[6-24
call-forwarding|6-18) 6-24
calling number display|6-16
call-transfer|6-19
call-waiting[6-18
CAS[Z9]5-12]5-13]6- 15
cascade node connectiong B-24
CCITT|D-5
CCSA|[1-38)C-3
CcDM[1-25]1-31]6-4
master clock|B-20
CEM|1-25]1-31
master clock|B-20
Central Officel1-35
centralized attendant servicel4-9)5-12 6-15
channel bank|1-9,J1-10){1-29,]1-30
channel division multiplexer|6-4
channels
bank loop timing(B-3
clear|1-20)1-27
D-channel signaling[1-28
DS0|1-18)9-2
logical[6-3]D-19

restricted|1-20
unrestricted [1-20
circuit-switch|8-22

class-of-restriction|6-23

display|(6-16
cIas&of—servicE|6—23

display|6-16
clear channel [1-27
cluster controller|8-3
coaxial cable[8-14
codec|1-5]1-7
comm type|1-41
communications speed|7-2
composite clock output|B-16
compression|1-31

740/741 multiplexers[1-31
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compression—Contd

BCM-3200[-31

channel expansion multiplexer[1-31

conditional call routing count|2-10

configuration

main/satellite}4-2

main/tributary|4-3

connection

dedicated[0-5

dedicated switched|6-4,{7-8,|9-2

dial-up|7-8
nailed-up(7-8C-13

permanent switched|6-4,)7-8)9-2

SNA node|9-5
special access|C-13

controlled dlip[B-2

count

conditional call routing|2-10}2-12

satellitg 2-10

CRC|1-25

CSMA/CD|8-13

CSU|1-31

cut-through operation|C-3

cyclic redundancy check sum|1-25

D
D4

channel bank [I-9J1-10J1-29] 1-30] B-20
frame|1-25

superframel(1-25

DAC(2-2]2-5]2-10)2-13]2-17}3-1]4-4{4-7]4-8,

[4-9]6-23

DACS connectiongB-6

data
analog[1-3
circuit-switched[8-22
communications equipment|1-11
digital [I5
hot-line|7-10

merge|1-31
module|1-15
OCU port card|1-30

off-prem data extension[7-11

packet|6-3
packet-switched|8-21

protection|7-11

restriction|7-11

service unit |1—30

data—Contd

subrate|1-31,{1-34

terminal equipment(1-11}7-2

voice-gradg 1-3]1-14)1-16
data-modul€8-5

3270C|8-3)8-6

7400A18-6

7400B|8-6

7404{8-5

7500B(8-6

asynchronousg 8-5

BRI port(8-9

data stand|8-5

DCP port(8-8,8-9

MPDM|8-6

MTDM [8-6

standal one{8-6

voice terminal adjuncts[8-5
DCE[1-11)1-13]7-2}8-3

ADU|8-5

characteristics|8-6

data modulg{1-15)8-5

modem 8-5
DCIU(2-7)}6-16-4]D-18
BX.25 protocol |D-18

port D-£9
DCP|1-13)D-16
DCS[1-36)4-10{5-9]5-14

cluster{4-10{6-26-21
design|6-21
hop|6-21
node|6-2
signaling link[6-1
connections|6-8
design|6-6
equipment|6-8] 6-22
protocol [6-3
DDM-1000(1-32
DDS|1-29]8-22
dedicated switched connection|(6-4
delay-dial IEIQ
incoming|C-4
outgoing|C-4
start-dial (DDSD)[C-4
dial access code[2-2, 2-13]2-17)3-1,

dial pulse|C-5
dial repeating
tie trunk[C-5 |
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dial tone|C-5C-11

alerting[1-40

diaing|C-14

computer[7-10

terminal|7-9

basic[7-9

break signal [7-9

default[7-9

Hayes-AT|7-9

mnemonic|7-9

dial-repeating|1-40

DID[1-36]4-2,|C-5

digital

telephones|1-7

facilities, synchronization of |B-1

multiplexed interface{1-14JD-11

multiplexed interface with bit-oriented
signaling (DMI-BOS)

line-only mode(B-29

port|1-7
switch|1-7
transmission|1-3

data[1-5

voicg1-5

trunks|L-9

voice terminal s|1-7,|1-9

digital-access-and-cross-connect system (DACS)

|B-6

digitizer [1-5

direct trunk group selection|6-16

distinctive ringing|(6-17

distributed communications system ES6]440,

[6-1

DMI 1-14,[D-11

BOS|1-27

line-only modeB-29

mode[1-151-16 [1-42]2-13]9-1

MOS1-27

DNIS|1-37

DOD|(1-36

DRXXN|1-32

DS1]1-41

DMI
BOS

line-only mode(B-29

linet+trunk mode/B-30

for traditional moduld B-9

for universal module/B-9

line coding|1-19

primary timing referencelB-8

DS1—Contd
secondary timing reference|B-8

signali8—23
slip rate]B-10
synchronization|B-1
TN767|B-9
DSU|1-30,48-5
DTE[1-11]1-13]7-2
mode of operation|7-5

E

E-INOS 5-14,6-21
electronic switching system|1-6
electronic tandem network (ETN)(5-1
E& M signaling|1-39
engineering, network synchronization and|B-18
ENP[2-72-9J2-11]5-8
EPSCS|1-38)C-6
ESF

frame{1-25

superframel|1-25
ETA[2-6]4-7]4-9
Ethernet|8-13
ETN|5-1

software|2—4
extended superframe|1-25

extended trunk access|2-6,|14-7,(4-9
extension number portability|2-7)2-9)2-115-8
extension number steering|4-445-14

external clock reference(B-14
external reference selection rules[B-27
externally referenced nodes|B-18

F
facilities
restricted|1-21
unrestricted|1-21
facility restriction level|2-10
facsimilel8-22]9-7
FAX[9-7
feature access code{2-5]2-6,{2-8)5-1
features
transparent|6-1
attendant[6-14
voice terminal [6-17

trunk group busy/warning indicators|6-16
trunk verification by customer/attendant|6-16
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fiber-optic transmission| 1-32} 8-14

file transfer|8-22]9-6

fractional T1[8-26

frame|1-24

D4[1-24)1-27,1-29

ESF[1-24]1-27]1-29

synchronization pattern(1-25

framing formats 1-24

free run ability|B-4

frequency-division multiplexing 1-17

FRL P-10J2-13]2-16

default-10

FT-1[132

full-duplex communication|7-2,|7-5

G

gateway|/-2)8-14

SNA[E19

software|8-16

generalized route selection[2-11

glare|C-8
ground start|1-39

group type|1-41

H

half-duplex communication|7-2} 7-5

handshake[0-1

HDLC[D-9

hot standby[B-15

IE[1-28

image processi ngm

immediate start signaling[1-40

IMT[1-36

inband signaling|1-26

incoming call identification|6-16

information element [1-28

Information System Network|8-18

Initialization and Administration System (INADS)

[B-T2

interferencell1-6

intermachine tie trunks|1-36 f5-2] C-10

interna

internal dial plan|2-5]2-7]2-8)4-4]4-75-7)]5-9

internal dial plan—Contd

reference selection rulesB-19
referenced nodes|B-18

internal-clock-reference

description(B-1

digital network nodes[B-6

requirements(B-4

slips|B-3
international call|2-15
interswitch attendant servicel4-8
intertandem tie trunk|C-10
ISDN

BRI|1-10

dynamic|1-41

PRI [1-13

trunk facilities[B-29

ISN[8-18
ISO}D_—Z

IXC[-37]2-17

jitter|B-3

L

LANI8-13

access to/from |8—16,|8—18
backup|8-20

bridge|8-14

gateway(8-14
operating system(8-15]8-16

protocols|8-13

router (8-14
softwarel8-15

topology|8-13

transmission medial8-14
LAN-Manager Remote-Gateway|8-16
LAPB|D-8
LAPD|[D-8
LDN|4-1)4-2]4-3]4-9
lead definitions|E-1

leave word caIIing|6—18|6—21|6-24
LEC|1-35,11-38|5-9
synchroni zation source|B-28
line coding|1-19§1-32
alternating mark inversion[l-19
B8zS[1-19)1-20§9-2
ZCS[1-19
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line-only-mode(B-29

line-+trunk-mode|B-30

link synchronization(B-1

link-layer protocolgD-2,|D-9)D-19

listed directory number(4-1,{4-2]4-3

local area network 8-13

logical channel[6-3]D-19

long distance facilities|5-9

loop start[1-40

LOS|B-9{B-13

LWC|6-18]6-21]6-24

M

M44 service|1-31

MADU [8-6

main-satellite/tributary (MS/T) network(4-1

master reference|B-4

mean time between failures (MTBF)[B-22

mean time to repair (MTTR)[B-22

message waiting lamp|6-20

microwave|1-32

mode

line-only B-30,(B-31

line+trunk|B-30

trunk|B-30

modem|1-31-32[8-6

D-lead|8-10

Hayes|8-10

modem pool [1-16,{7-4]7-9]8-3|8-10
external |8-10

integrated|(8-10

modulation|1-3

module, backup|B-8

MPDM [6-4,[8-6]9-1

MTBF(B-22

MTDM|8-6

MTTR[B-22

multiplexer

synchronization(B-1

multiplexing|1-17

740/741(1-31

bit interleaved[1-31

byte interleaved|1-31

demultiplexing|1-29,[1-32

DS11-18

for DCS signaling|6-4

frequency-division|1-17

microwave(1-32

multiplexing—Contd

statistical|1-171-18)1-34

subrate data|1-31

T1 carrier|1-18,{1-29

time-division|1-17

bit-interleaved|1-18

byte-interleaved|1-18

multi premises software{2-4)6-23

N

NCP[5-9

network|2-1

AUDIX/DCS|6-19

CAS|5-13

datal9-6

circuit-switched|8-22

packet-switched|8-21

DCS[1-36)2-3]5-14

engineering[6-21

engineering(B-18
ETN 2-2 o>1]6-1

ETN/SDN|2-3

hierarchical[5-1

hybrid[2-3

local areaf7-2)8-13

management|2-17

MS/T[1-36]2-2]2-9]2-13]3-1]4-1]5-14]6-1

engineering(4-8

System 75/G1[2-5

node|2-1§2-12{3-1
privatel4-2

public4-2

SDNJ2-3]5-9]5-14

software|2-1

ETN[2-4]2-6J4-4]5-1]5-9]6-23

multipremises|2-4}2-6 |4-4]6-23

PNA [4-45-1

private network ac 2-4)]2-62-8] 6-23
System 75/G1{2-6

System 85/G2/DIMENSION[2-6

Uniform Dial Plan{4-4

uniform dial plan(2-4J2-5]3-1

symmetrical [5-1

synchronization

definition|B-1
engineering(B-18

plan

development steps(B-29
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network—Contd
synchroni zation—Contd
plan—Contd

example B-20

issueq B-1
tandem tie trunk|1-36)2-2[3-1JC-13

tuning|B-29

network-layer protocols[D-2

NFAS(1-28
NID|4-2

node connections, cascade]B-24

noisel1-6

number

international|2-14

IXC[2-14

listed directory(4-14-2]4-3

local[2-14

O

OCU data port card|1-30

off-hook|8-10JC-11

offline module[B-8

off-net routing|5-5

OlU-2|B-28

on-hook|C-11

online module|B-8

on-net routing(5-2

Open Systems I nterconnection reference model
D-2

operator assisted call |2-16

0Sl118-14)D-2

outpulsing|C-14

overlapped sending(4-9

P

packet assembler/disassembler|7-2]9-6

packet-switch(8-21

PAD[7-2]8-21

PAM[1-5

partition number|2-10

party test|C-11

PC/ISDN(8-3

PCM(1-5,1-7,{1-14]1-18)B-1

PC/PBX [8-3

permanent switched connection|6-4

physical layer protocol [D-2|D-19
Pl b-7]6-1]6-4

pin-outg E-1

PNA|4-46-23

POP[1-37)8-22

port

analog 0-2

trunk|1-15

BRI |[1-15)8-4

circuit packsg{1-9

DCP|1-15)8-4]9-2

digital[1-7]1-9f1-15]9-2

DS1]1-15]1-181-29

EIA[1-158-5]8-6)9-2

GPP|1-9)]1-15)6-48-4)9-2

OCU datacard[1-29

trunk|1-10

presentation layer protocolsD-5

primary

primary rate interface]D-11

reference facility[B-24

synchronization-reference

Generic 2|B-7

primary-synchronization-reference

Generic 1(B-11

System 75[B-11

System 85B-7

private network ac@ 2—4] 2—8,|5—1

processor interfacg 2-7)6-1

protocol-converter|7-27-518-3

protocol s| 1-5

ADU proprietary|1-13

application layer [D-5

BRI[1-13]D-11

BX.25(6-3]D-18

coax-A[8-3

communications|7-2

datalink layer|D-9

data-link layer|D-2

DCE-created|1-11)7-2

DCP[1-13)8-3] D-16

digital multiplexed interface. [1-14

DMI[1-14

DS11-13]1-16)1-18

DTE-created|7-2

HDLC|1-19

| EEE|8—13
interfacel 7-4

LANI8-13

LAPB|D-8

LAPD(1-19)1-28]D-8

layer 1[1-11[1-13
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protocols—Contd

layer 2{1-11

link layer|1-11

network IayerID_—Z

Open System Interconnect [1-11

oSl j1-11

physical interface|1-13

physical layer[1-11]1-15]D-2]D-9

presentation layer|D-5

PRI 1-13|D-11

RS-232C|[1-13)6-3

RS-449(1-13|6-3

ACCUNET

modification kit{9-1

session layer|D-5

signaling|1-40

standards|D-5

CCITT

analog|D-5JD-7,|D-8

digital[D-5]D-6

ISDN|D-5,[D-8

transport layer|D-2

V.35[1-13

X.257-8, 8-4,|8-21

pul se-amplitude modul ation[1-5

pulse-code modulation|1-5,|1-7]B-1

R

REDI-ACCESS|8-22

reference
facility

primary(B-24
secondary|B-24

frequency

AT&T|B-28

selection rules

externa |B-27

interna [B-19

repeaters|1-6

reverse battery[1-40|C-12

RLT[5-13

RNX|2-5 2'6|2'7112'812'9||2'12||2'13’|2'14’
2-16,|4-1}4-4,[5-9

router|8-14] 8-18

X.25(8-18

routing

best-end-hop-off|5-5

circular|5-2

routing—Contd

head-end-hop-off[5-5

tail-end-hop-off|5-5

RS-232C|1-13|D-9

for AT&T terminal§E-7

lead definitions|E-2

RS-232D

lead definitions|E-3

RS-366

lead definitions|E-5

RS-366A[D-9

RS-449 1-13,|D-9

lead definitions|E-4

ACCUNET

packet service|8-21

switched digital service|8-22

MEGACOM [1-37
MEGACOM 800|1—37

S

satellite count{2-10

SCI2-7]6-1

SDDN|8-22

SDLC|D-9

SDN(5-14]6-22

action control point[5-9

network control point|5-9

serving office/5-9

SDS

SW56(8-22

SW64{8-22

secondary

reference facility[B-24

synchronization-reference

Generic 2|B-7

System 85|B-7

secondary-synchronization-reference

Generic 1|B-11

System 75/B-11

seizure|C-12
senderized operation|4-9) C-12
session layer protocolgD-5/D-19

signal converter|C-12

signali ng| 1—25,|1—32
24th channel [1-27 }9-2
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signaling—Contd

address|C-1

DTMF|C-3

AVD[I-4T

common channel signaling arrangement|[C-3

DMI BOS[1-27

DMI MOS|1-27

DX|C-3

E&M|[1-39]C-3]C-5]C-6
facility associated|1-28

ground start|1-39

inband [L-26

ISDN PRI |[1-27

loop start[1-40,{C-10
nonfacility associated|1-28

out-of-band|C-11

proprietary|1-27

RBS|1-26

reverse battery|1-40,{C-12
robbed-hit|1-269-1
simplex|C-13

single frequency|C-12

stop-go|C-13

supervisory[C-13

touch-tonelC-14

signal-inversion|1-21

signal/noise ratio[1-6

simplex communication|7-2}7-5

dip[B-2

SNA(9-5

SNA Gateway|(8-19

Speed|7-2

standard

BRI[D-11

DCP[D-16

PRI[D-11

standards

analog|D-5

ANSI[D-5

digita[D-5

EIA[D-5

|EEE[8-13]D-5

ISDN|D-5

StarGROUP[8-16

StarLAN|8-13

station numbering|4-4

steering

extension number|2-9]4-4§5-14]6-23
multi-digit[4-4]4-9]6-23
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