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About this document

This document describes the technical specifications of the functional
capabilities for the DMS-100 Family System with emphasis on the DMS
SuperNode switching system. The capabilities described in this document
represent the switch capabilities at a particular point in its evolution. The
dynamic nature of the telecommunications industry will cause future product
capabilities to exceed those represented in this current issue of the Technical
Specification. For this reason, the DMS Family of switches and their
capabilities are under continuous development and improvement.

Note 1: Note that while this publication is entitled DMS SuperNode
Technical Specification, its contents also include some references to the
DMS-100 Family of switching systems and NT40 processors. This
current document has the same organizational format &@Mi8e100

Family Technical SpecificatioiPLN—-1001-001), which is available to
Nortel Network’s NT40 customers.

Note 2: Throughout this publication we referred to DMS-100 Family
switching system. Within this context, we also include the DMS
SuperNode.

This document describes the DMS SuperNode capabilities as outlined in
these chapters:

Chapter 1: System capacity and performance

Capacity models are used in this chapter to describe the capacity of the DMS
SuperNode switching system. The capacities of the Central Processing Unit
(CPU), from the DMS-100 F to the DMS SuperNode architectural

evolution, its components and comparable Network and Peripheral Modules
are discussed. In addition, the performance and service standards are
described in detail.

Chapter 2: Engineering description
This chapter describes the hardware and software of the DMS SuperNode
and the DMS-100 F switches. The hardware description includes the basic
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modules of the system as well as the four functional areas of the basic
switching systems configuration. Software system are described in detail.

Chapter 3: Features

This chapter describes the customer features that are available with the
DMS-100 family switching systems. These features are described in this
chapter as they relate to the features as set forth in the Bellcore LATA
switching system generic requirements (LSSGR) Tr-Tsy 000064, Issue 1,
June 1989. For ease of reference, the feature numbers used in the LSSGR
are indicated next to the corresponding DMS-100 and DMS SuperNode
features. Features that are provided by the DMS-100 family switch but are
not listed in the LSSGR are included in this chapter and are given a number
with the suffix “A.” This number indicates the appropriate area that they
would appear in the LSSGR and the “A” indicates that the described feature
is in addition to the LSSGR requirements.

Chapter 4: Call processing

Call processing is accomplished through a combination of call processing
support and applications software. This combination provides a common
software architecture that supports many different types of calls. The
application of this architecture to specific types of calls is illustrated in this
chapter through examples of the software that is required to process several
representative types of calls.

Chapter 5: Signaling and interfaces

The signaling descriptions in this chapter specify the supervisory, address,
and other signals used in the DMS-100 family system of switches. This
chapter also describes the interfaces used by the DMS-100 family switching
system to interconnect with the outside world.

Chapter 6: Administration
This chapter covers the administrative and operational aspects of the
DMS-100 family system.

Chapter 7: Maintenance

The MAP provides an interface between the DMS-100 family systems and
the operating company personnel. The tasks performed at the MAP include
general maintenance, administration, trunk testing, and line testing
functions. This chapter describes the MAP and how it is used to perform
these various functions.

Chapter 8: Transmission

Analog and digital transmission specifications are described in this chapter.
Network interface characteristics and clock synchronization are also
discussed.
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Chapter 9: Equipment

This chapter describes the physical and environmental attributes of the
DMS-100 family system.

Chapter 10: Power requirements
The ac and dc power requirements of the DMS-100 family system are

described in this chapter. Grounding arrangements are also discussed in this
chapter.

Chapter 11: Documentation

A variety of documents are available to support and maintain the DMS-100
family system of switches. These documents include practices, drawings,
manuals, and a variety of other documents. This chapter describes the
different documents that are available.

Chapter 12: List of terms and abbreviations

This chapter lists the most used terms and abbreviations found throughout
this document.

This issue of the DMS SuperNode Technical Specification supersedes and
replaces all prior issues.

Additional copies of this document may be ordered by contacting your
telephone operating company documentation coordinator or by calling the
Nortel Networks Product Documentation department (include purchase
order number) at the following toll-free number.

1-800-684-2273 (U.S.)
Purchase orders may be sent to:

Product Documentation

Dept.3412

Nortel Networks

P.O. Box 13010

Research Triangle Park, NC 27709-3010

The ordering number for this document is PLN-5001-001, version 02.09.
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Chapter 1. System capacity and
performance

Capacity overview

This section is intended to provide system personnel with processor capacity
information and guidelines for the DMS-100 Family switches.

Interworkings of the processor must be understood before using capacity
information and guidelines. The interworkings involve these functions: types
of work performed, how time is allocated, and how changing conditions are
handled.

The processor has 100 percent of real time available to execute tasks. These
tasks are defined as being related to call processing processes or overhead
processes. Overhead processes handle the overall system operations from
system sanity to monitoring tools, whereas call processing systems deal with
the handling of calls to the recording of billing information.

Overhead processes that perform similar or related functions are grouped

into scheduler classes. These classes allocate a portion of processor real time
based on their contribution to the overall switch performance. The classes
associated with overhead processes are as follows:

schedule

maintenance

system (pre-BCS28: System 7)
system tools (pre-BCS28: System 6)
guaranteed terminal (pre BCS28: guaranteed background)
background

idle (pre BCS28: System 0)

audit (deferred background)
guaranteed OM

non-guaranteed OM

network operation system file transfer

DMS SuperNode Technical Specification BCS36 and up



1-2 System capacity and performance

The call processing processes that perform similar or related functions are
grouped into scheduler classes and input/output (I/O) interrupts. The classes
and I/O interrupts. The classes and 1/O interrupts are allocated a portion of
processor real time based on the traffic demand on the switch. The classes
and /O interrupts associated with call processing processes are as follows:

call processing

high priority call processing
deferrable call processing
I/O interrupts

With the work for the processor divided into classes, allocation of processor
real time must be set for each class. This document defines how time is
allocated to the different classes and how time allocations fluctuate due to
changing variables. Some of the variables are call types mixes, call
processing occupancies, and engineering factors.

The engineering of real time utilized in the overhead classes of the processor
are usually evaluated at three different grade-of-service levels at high day
busy hour. These three grades are defined as:

Twenty percent of attempts experience dial tone delay (DTD) or
incoming start to dial delay (ISDD) greater than 3 sec.

Eight percent of attempts experience DTD or ISDD > 3 sec.
One and one-half percent of attempts experience DTD or ISDD > 3 sec.

Table 1-1
Real-time allocations/Grades-of-service

NT40 (40 Mhz) DMS SuperNode
% DTS/ISDD overhead/CP overhead/CP
1.5% 21.5% / 78.5% 18.0% / 82.0%
8.0% 18.9% /81.1% 14.5% / 85.5%
20.0% 17.0% /83.0% 14.0% / 86.0%

As the DMS-100 Family switch evolved over the years, the processor has
been enhanced. The earliest processors are referred to as NT40 and the latest
series of processors are called DMS SuperNode (SN). To date the NT40 has
two versions, one with a 36 MHz clock and the other one with a 40 MHz

clock. However, the DMS SuperNode currently has four versions: SN10,
SN20, SN30, and SN40. One additional version is planned for 1992, SN50.
The enhancements of the SN series range from faster clock speeds to new
memory access techniques.

The results of the more efficient processors are the use of less processor real
time required to handle call processing and overhead tasks. The table below
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reflects the capacity increases provided by the enhanced processors
compared to the NT40 (36 MHz).

Table 1-2

Capacity increases

Processor Planned Actual
NT40 (36 MHz) Base Base
SN10 13-16 1.38
SN20 20-22 2.14
SN30 29-3.0 3.21
SN40 3.4-38 NA
SN50 5.0+ NA

Real time allocations for work on the different types of processors are
provided in this section. NT40 (36 MHz), NT40 (40 MHz), and SN10
processor allocations are considered equal to each other and are referred to
as the NT40 processor throughout this document. The SN20 and SN30
processor allocations are also considered equal to each other and are referred
to as SN processor throughout this document.

Real time allocation
System operating software (SOS) scheduler

There are several hundred concurrent processes that perform a variety of
functions. Processes that perform similar or related functions are grouped
into scheduler classes. The SOS scheduler allocates processor real time to
the processes using scheduler classes, along with priority of classes and
timeslices for the classes.

A timeslice is expressed as a number of ticks (a clock interrupt every 6.25
ms for the NT40 and 12.5ms for the DMS SuperNode). When a process is
created, it is assigned a timeslice.

Processor real time allocations

Table 1-3 shows the typical real time usage by the classes under full call
processing load (20% DTD > 3 sec.) on a fault free switch versus real time
allocations (overhead allocations set to minimum values) guaranteed to the
class by the switch if needed.

Note that the Scheduler class, the System class, and System Tool class are
referred to as non-scheduled classes, meaning that they use real time that
they need and are not allocated a set amount of real time at capacity. The
values given for these classes under real time allocation of processor classes
in Table 1-3 are typical real time usage at capacity.
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Table 1-3
Real-time allocation of processor classes

Typical real time Real time allocations
Class name usage at capacity at capacity
Scheduler 3.0% 3.0%
System/System tool 1.0% 1.0%
Maintenance 3.0% 8.0 %
Background/Idle/Audits 4.0% 3.0%
Guaranteed terminals (GTERM)  1.0% 2.0%
GOM & NGOM 2.0% 3.0%
NETMTC 0.0% 0.0 %
NOSFT 0.0% 0.0 %
AUXCP 0.0% 1.0%
HPCP,CP,DEFCP,I/O 86.0% 79.0 %
Total real time 100% 100.0 %
Note: GOM = Guaranteed OM, NGOM = Non-guaranteed OM, NOSFT =
Network operation system file transfer, AUXCP = Auxiliary call processing, HPCP
= High priority call processing, CP = Call processing, DEFCP = Deferrable call
processing.

Table 1-3 shows that 86 percent of processor real time is available for call
processing classes where as 14 percent of real time is given to overhead
classes in a typical office. These allocations of processor real time to
overhead classes versus call processing classes vary due to switch conditions
and scheduler demands. As the switch conditions cause overhead
requirements to increase, real time available for call processing will

decrease. Therefore, if overhead requirements are higher than 14 percent of
processor real time, the maximum call processing allocation will be less than
86 percent. This is because the overheads can use all their real time
allocations if they need the real time to process the work.

Classes do not always use their full allocation of the fixed component, but if
required, it is available to them. When extra fixed time allotments are
available, they can be used by other classes.

Within the assignable component, the proposition of processor real time that
the scheduler allocates to scheduler classes depend on several factors like:

The presence of certain applications programs, for example, NOSOFT.
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The amount of processor real time required by maintenance, as demands
for maintenance by the switch increase, the scheduler allocates more
time for this class.

The scheduler class demands more assignable component of time when
extra processor real time is available. This is because the scheduler is
looking for work for the processor to perform.

The call processing classes use only the assignable component and can,
if needed, use all of the assignable component of time. While the
processor is running below its capacity, assignable time is available to all
other classes in whatever amounts they require.

Overhead classes

Overhead tasks have a complex interrelationship with each other and are
application dependent. Real time allocation algorithm controls are
implemented in the operating system scheduler to guarantee that each class
receives a predefined minimum processor allocation of real time across all
call processing occupancies. These allocations, for a typical plain ordinary
telephone service (POTYS) office, were obtained from modeling as well as
load and volume testing in existing offices.

Scheduler class

The scheduler controls the allocation of processor real time after 1/0, clock,
and scheduler interrupts have taken their share. Remaining real time is
divided up between all the other classes. The scheduler allocation can range
from 6 percent of NT40 (4 percent of SN) fixed time up to 35 percent of
NT40 (35 percent of SN) fixed/assignable time based on call mix, call
volume, and system critical maintenance. When real time requirements for
call processing classes are low, the scheduler looks for additional activities
to schedule into the processor, causing the scheduler to consume more
processor real time. Conversely, as real time requirements for call processing
increase, call processing classes give up control of the processor less often,
which means less scheduling. The scheduler will run higher than 6 percent
NT40 (4 percent SN) at maximum call processing occupancies in traffic
operator positon system (TOPS) and Meridian Digital Centrex (MDC)

offices due to the handling of complicated I/0O messages. The scheduler in
these applications can run up to I8 percent.

System class and systemtool class

System class and systemtool class are used for critical system operations.
Both of these classes used as much processor real time as they require,
meaning that the processor real time used by these classes is not restricted
by the scheduler. In a typical office, these two classes combined use is less
than 1 percent of NT40/SN processor real time at capacity. The 1 percent of
real time is from the fixed component and any required value above 1
percent is taken from assignable component.
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Maintenance class

The scheduler allocates 2 percent of NT40 (1 percent of SN) processor real
time to the maintenance class. Under normal operating conditions, this class
only used the 2 percent of NT40 (1 percent of SN) fixed component. If
maintenance requirements exceeds the minimum guaranteed time, the extra
real time allotment is taken from the assignable component.

Any portion of real time allotment not used by maintenance class is

available to other scheduler classes and is normally used by call processing
classes. But on the other hand, any unused processor time allotted to the call
processing classes is made available to maintenance.

Functions within this class include:
dialtone speed recorder (DTSR)
receiver attachment and delay recorder (RADR)
network maintenance
reloading new peripheral
overhead for maintenance diagnostic processes
device independent recording package (DIRP) audits

Guaranteed terminal (GTERM) class

The office parameter GUARANTEED_TERMINAL_CPU_SHARE controls
the percentage of processor real time that the scheduler allocates to
Guaranteed Terminal class at capacity. This parameter has a range of 2
percent NT40 (2 percent SN) to 16 percent NT (16 percent SN), with a
default value of 2 percent. The first 2 percent is part of the fixed component,
and the rest is from the assignable component.

Any portion of the assignable component not used by GUARANTEED
TERMINAL class is available to other classes and is normally used by call
processing classes.

Functions within this class include: Log and MAP devices defined as
guaranteed in Tables TERMDEV and LOGDEW.

GUARANTEED TERMINAL class runs before SYSTEMTOOL class, thus
GUARANTEED TERMINAL can not be locked out by SYSTEMTOOL
class.

Guaranteed operational measurements (GOM) class and non

guaranteed operational measurements (NGOM) class

Operational measurements (OM) data is gathered continually to monitor the
performance of the switch. Examples of OM data include receiver and trunk
usage and event counts. The OM system organizes the measurement data
and manages data transfer to the display units and recording devices.
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The scheduler guarantees 3 percent of NT40 (2 percent of SN) processor real
time at capacity to the GOM and NGOM classes. The GOM class uses as
much of this time as required (usually less than 1 percent), and the

remainder of the time goes to the NGOM class. If any portion of this time is
left over, it is made available to the BACKGROUND and AUDIT classes.

OM transfer process runs in GOM class and the sampling process runs in
NGOM class.

Background (BGK) class and AUDIT class

The scheduler guarantees 3 percent of NT40 (4 percent of SN) processor real
time at capacity for BGK and AUDIT classes. BKG class is guaranteed 2.7
percent NT (3.7 percent SN) and AUDIT class is guaranteed 0.3 percent NT
(0.3 percent SN). Any unused BGK class time is given to AUDIT class.

Any processor real time not used by the OM scheduler classes is made
available to these two classes first.

Functions within BKG class include: most terminals, OM accumulation, line
and trunk maintenance, and critical audits.

AUDIT class is for slow running audits and processes that do not require
fast turn around time.

IDLE class

IDLE class is provided time only if all the other classes have nothing to do.
Therefore, at full load, IDLE gets O percent.

The idle process and call processing resource audit run in this class.

Network operating software file transfer (NOSFT) class

NOSFT class, which is used by the processes communicating with a DNC, is
limited to 3 percent of NT40 (3 percent of SN) processor real time
(assignable time) at capacity. If a switch is not connected to a DNC then the
3 percent is provided to the call processing classes first.

Currently the processes for file transfer run in MAINTENANCE class
instead of NOSFTG class. This means that NOSFT class will always be 0
percent and MAINTENANCE class allotments will increase when a DNC is
connected to the switch.

high priority call processing (HPCP)
call processing (CP)

deferrable call rocessing (DEFCP)
call processing-I/O Interrupts
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They comprise a total maximum CPU call processing allocation (assignable
component) of I83 percent NT40 (8 percent SN).

Call processing-I/O interrupts (I/0O)

I/0O Interrupts handle interrupts from the peripheral modules, typically using
11 percent of NT40 (11 percent of SN) processor real time. The interrupts
involve on-hook, off-hook, digits, flash, and so on.

High priority call processing (HPCP) class, call processing (CP)

class, deferrable call processing (DEFCP) class

The scheduler will give these classes up to 72 percent of NT40 (75 percent
OF SN) processor real time at full load in an ideal POTS office with no
engineering factors.

Functions within these classes are: call processing, AMA, call setup,
translations, network connections, terminations, feature activations, AMA
disk and I/O queue handling.

Planning and engineering

The engineering of a DMS-100 Family switch (DMS SuperNode included)
comprises a number of steps that must be accomplished in order to establish
and manage the loading of the processor. Responsibility for this engineering
of switch application belongs to both the telephone operating company and
Nortel Networks. The telephone operating company forecasts the expected
requirements for lines, trunks, features, and traffic rate. Then this

information is entered into Nortel Networks’ planning and provisioning

tools to size the engineerable items for a specified level of performance. The
combination of telephone company data and Nortel Networks’ engineering
rules produce an engineering application.

Engineerable items, such as PM capacity and software features, that could
limit the maximum carried traffic for a switch must be identified. An office
has physical limitations (lines, trunks, ports), by traffic types, or by both.
Office limitations are tracked against office growth to ensure a well
engineered switch.

Engineering factors

Engineering factors listed in the following table must be considered when
determining processor loading, because these factors affect the switch’s
overall call processing capacity. The factors influence the percent of real
time allocated between overhead and call processing. Some of the factors
like ACTIVITY tool are optional, but when activated will add to the
minimum overhead requirements. Factors like average work time (AWT)
and peaking are traffic characteristics that can also increase the overhead
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requirements. As a result, these factors can decrease maximum call
processing occupancy.
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Table 1-4

Processor engineering factors

Factor NT40 DMS SuperNode
Activity Tool (OVERHEAD) 2.0% 1.0%
Activity Tool (CALL PROC) 2.0% 3.0%
Average Work Time 0.0to 7.0% 0.0 to 4.0%
Maintenance 0.0 to 2.0% 0.0%
EADAS 2.0% 1.0%

SES 0.5% 0.3%
DNC/9600 BAUD 0.0 to 3.0% 0.0to 1.5%
DNC/19200BAUD 0.0to 0.5% 0.0to 2.5%
Eng. Background 0.0 to 14.0% 0.0 to 7.0%
Peaking 2.0to 14.0% 2.5%
CPUSTAT 1.0% 0.5%
SYNC 1.0% 1.0%

SMDI Calculated Calculated
AABS Calculated Calculated

The following information describes the engineering factors as shown in the
above table:

Activity tool factor

The ACTIVITY tool is a measuring tool that allows Nortel Networks and

the operating company personnel to accurately determine the performance of
the switch. The processor activities which drive the measurement use
approximately 4 percent of NT40 (4 percent of SN) processor real time. This
4% allocation is split between overhead which uses 2 percent NT40 (1
percent SN) and call processing which uses 2 percent NT40 (3 percent SN).
processor real time is not required when the tool is inactive.

Average work time (AWT) factor

AWT is the average amount of central processor time spent processing each
call. The level of messaging complexity associated with each call type will
effect how much time is spent processing each call. For instance, the amount
of messaging involved in processing a TOPS call type will be greater than a
POTS call type. Depending on call mix and type, different offices will have
different average work times. Increased AWT will increase the amount of
time the processor spends treating call attempts in progress versus accepting
new origination work.
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Table 1-5 below shows AWT Factor percents used for the different AWT
values at three different grade-of-service levels:

Table 1-5

DMS SuperNode AWT factor percents

AWT 1.5% DTD 8.0% DTD 20.0% DTD
<7.5ms 0.0% 0.0% 0.0%
7.5ms —12.4MS  2.0% 1.0% 0.0%
12.5ms - 20.0ms 3.0% 1.0% 1.0%

> 20.0ms 4.0% 2.0% 1.5%

Table 1-6

NT40 AWT factor percents

AWT 1.5% DTD 8.0% DTD 20.0% DTD
< 15.0ms 0.0% 0.0% 0.0%
15.0ms -259ms 3.0% 1.0% 1.0%
26.0ms — 40.0ms  6.0% 2.0% 2.0%

> 40.0ms 7.0% 3.5% 3.0%

Maintenance factor

In a well maintained office during high traffic, the MAINTENANCE class
should use only 2 percent of NT40 (1 percent of SN) processor real time at
high traffic periods. If maintenance requirements tend to go above the 2
percent NT 40 (1 percent SN), this extra real time demand must be
accounted for in the maintenance factor.

EADAS-DC and EASDAS-NM factors

If the office is equipped with EADAS-DC (engineering administration data
acquisition system—data collection) and/or EADAQS-NM (engineering
administration data acquisition System—network management), then 2
percent of NT40 (1 percent of SN) processor real time is required.

If the office is not equipped, then 0 percent of processor real time is used for
the engineering factor.

SES (service evaluation system) factor

SES checks completion of a line/trunk call. It uses 0.5 percent of NT40 (0.3
percent of SN) processor real time when turned on. SES uses 0 percent of
processor real time when inactive.
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DNC 9600 baud and DNC 19200 baud factors

The dynamic network control (DNC), depending on the specific application,
has the ability to gather and store large quantities of data from several DMS
switches simultaneously. The demand for real time depends on the rate of
data transfer. Both engineering factors use 0 percent of processor real time
when inactive.

Further information can be found in SEB 89-04-001, business network
management (BNM) Impact on the DMS switches.

Engineerable background factor

With engineerable background, the operating company has the ability to
expand the maximum processor allocation for priority devices above 2
percent NT40 (2 percent SN) minimum allocation. This option allows the
amount of processor allocation for priority devices to increase at the expense
of call processing classes, if required.

The basic minimum 2 percent allocation for guaranteed background class
allows for the following:

NT40—One priority device with 100 percent duty cycle or 2 percent per
two priority devices with 50 percent duty cycle.

DMS SuperNode—Allow 1 percent per priority device with 100 percent
duty cycle, or 1 percent per two priority devices with 50 percent duty
cycle.

Any terminal requirements greater than above during periods of high call
processing must be accounted for in engineerable background factor. As a
guideline for additional terminal requirements the following applies:

NT40—Allow 2 percent per priority device with 100 percent duty cycle,
or 2 percent per two priority devices with 50 percent duty cycle.

DMS SuperNode—Allow 1 percent per priority device with 100 percent
duty cycle, or 1 percent per two priority devices with 50 percent duty
cycle.

If the number of priority device requirements are below the basic minimum,
then the engineering factor is 0 percent of processor real time.

Peaking factor

Traffic peaking refers to a sudden increase in the amount of offered traffic
versus the average traffic over a given time period. The grade-of-service
level can be affected during periods of traffic peaks, for this reason traffic
peaking should be considered when engineering the load level of the
processor. Adding 2—4 percent NT40 (2.5 percent SN) for peaking is a safety
margin to ensure desired grade-of-service is maintained at traffic peaks.
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A study of over 50 field offices was conducted to determine the effects of
peak traffic on grade-of-service. The conclusions of the study indicates that
95 percent of the offices had an average fifteen minute peaking over the
office Busy Hour, requiring less than 2—4 percent of NT4 0 (2.5 percent of
SN) real time in maximum high day loading to achieve the average 20
percent DTD > 3 second grade-of-service level criteria. Therefore, the NT40
2—4 percent (POTS-2 percent, MIC-3 percent, TOPS—4 percent, ACCESS
TANDEM—4 percent) and SN 2.5 percent (all office types) compensation
factors are considered to be conservative. If peaking is not required then the
engineering factor is 0 percent of processor real time.

CUPSTAT factor

The operational measurement, CPUSTAT outputs processor occupancy
information in much the same way as the ACTIVITY tool. With CUPSTAT
active during periods of maximum call processing, the NT40 CPUSTAT
Factor is |1 percent (SN is 0.5).

Further information on CPUSTAT can be found in SEB 88-04-002,
Enhanced CC real time Indicator.

SYNC factor

In an access tandem office a call processing phenomenon referred to as
harmonic effect can take place when a processor reaches 85 percent—90
percent of capacity. A feature called bleed (0—3) can be used to lessen the
effect of this phenomenon. When bleed is set to maximum there is only a 1
percent NT40 (1 percent SN) impact on processor real time.

Further information on harmonic effect can be found in SEB 88-06-004,
Access Tandem Harmonic Effect.

SMDI factor

Simplified messaged desk interface (SDMI) messaging real time
requirements must be calculated for each individual application. SEB
88-06-002, SMDI messaging capacity can be used, as as it refers to
performing these calculations.

AABS factor

Automated alternate billing service (AABS) message handling process,
called MPCFASTO, operates in the maintenance class. All the other AABS
functionality operates in call processing processes. The impact of AABS on
real time can be calculated using SEB 89-07-001, Automated Alternate
Billing Service Performance Engineering Guidelines.

Call timings for DMS SuperNode (DMS-core)

DMS-Core call timings for real time planning purposes and for a series of
office models that are representative of general office configurations. New
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call timing models were introduced in BCS32 to better represent the U.S
marketplace as it is today.

DMS-core call timings are measured in a laboratory environment. The
hardware and software in the laboratory is configured to emulate realistic
switch parameters, and the call timings have been measured in the following
configuration:

DMS-core call timings configurations

CcC DMS-core series 20
20 MHz clock In sync

DTSR Unbound

LOGAMA Off

AMA tape mounted No
BELLCORE AMA Yes
Data billed to disk  Yes

UTRs Yes
SMDR Off
TOPS EBAF Phase 2
Data cache On
Cache parity On

Beginning with BCS32, universal tone receivers (UTRs) are on and
automatic message accounting (AMA) is billed to disk. EBAF phase 2 is
used on TOPS calls.

The call timings in this section are always reported in milliseconds and are
considered to be within plus or minus 5 percent accuracy unless otherwise
noted.

Call timings are categorized as follows:
actual
derived
estimated

Actual call timings
Actual call timings are those measured in the current BCS.

Derived call timings

Derived call timings are used to determine the real time cost of specific
features. These call timings are utilized as adjustments to base call types for
capacity planning purposes. Timings followed by the letter “D” indicate
derived call timings.
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Estimated call timings

Estimated call timings are determined by using current base measured call
timings along with design estimates. These estimated call timings are
considered to be accurate within plus or minus 15 percent accuracy. Timings
followed by the letter “E” indicate estimated call timings.

A series of call type models representative of general office configurations
are provided as well as a complete list of all call timings measured at each
BCS interval.

An asterisk (*) next to each call timing indicates as AMA record is included
in the timing. A double asterisk (**) next to the call type or timing indicates
that the call type is included in the REAL::TIME capacity planning tool.

Finally, a listing of estimated call timings for various features and call types
is provided. These features and call types have been included in the
REAL::TIME tool for estimating future CPU capacity requirements.

The REAL::TIME capacity planning tool or timings provided should be
used to estimate the CPU real time impact for various offices.

CPU call timing models

The following is a series of office models that are representative of general
office configurations in the U.S. marketplace. These models are introduced
for the first time with BCS32 and will serve as a baseline for future BCS
comparisons. Unlike call timing models utilized in the past, these models
contain significant penetrations of custom calling, CLASS and business
services.

Call timing models are defined as follows:

suburban residential end office

urban business end office

access tandem tandem office

TOPS combination of operator services and access
tandem

Each call timing model is configured as discussed in the following
paragraphs.

Base model
The base model contains the basic traffic mix of line-line, line-trunk,
trunk-line and trunk-trunk calls.

Feature model

The feature model contains feature penetrations within the base model.
Feature adjustments are applied as necessary to the base model. The actual
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feature mix utilized with each model was determined through studies
conducted in various field offices.

Model summary

The model summary provides the maximum call rate possible for each
processor series. The average work time in milliseconds for each processor
is also provided.

Actual office BCS impact for a specific traffic mix can be estimated by
using the REAL::TIME capacity planning tool.

The DMS-core has a maximum call processing capacity of 86 percent. This
percentage has been adjusted when necessary to allow for AWT. Table 1-7
below illustrates the percentage adjustment needed at various levels of AWT
for each series of processor. For example, in the urban model, an AWT of
22.4 ms (Series 20) equates to a 1.5 percent adjustment to the maximum call
processing of 86 percent.

Table 1-7
DMS-core average work time (AWT) adjustments 20% grade of service

AWT (average MS) Call processing adjustments

Series 20 processor

<12.6 ms 0%
12.6 msto 20.0 ms 1%
>20.0 ms 1.5%

Series 30 processor

<8.7ms 0%
8.7 msto 13.3 ms 1%
>13.3ms 1.5%

Series 40 processor

<7.2ms 0%
7.2msto11.1 ms 1%
>11.1 ms 1.5%

Series 50 processor

<5.3ms 0%

5.3 msto 8.0 ms 1%

PLN-5001-001 Standard 02.09 February 2000



System capacity and performance 1-17

Table 1-7

DMS-core average work time (AWT) adjustments 20% grade of service

AWT (average MS) Call processing adjustments
> 8.0 ms 1.5%

Note: Actual office BCS impact can be estimated by using the capacity
prediction tool REAL:: TIME
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Table 1-8

Suburban model DMS-core series 20 processor

Base model BCS35 RTM weighted ms/CA

Call type Call description Mix Call Time
994 POTS 1FR-POTS 1FR 19.3% 0.1 1.949
995 POTS 1FR-EAS trunk (MF) 12.0% 8.0 0.960
402 POTS IFR-toll trunk (MF/FGD) 2.4% 17.5 0.420
577 POTS IFR-EAS trunk (SS7) 12.0% 11.1 1.332
1226 POTS 1FR-toll trunk (SS7/FGD) 2.4% 19.6 0.470
996 MF trunk—=POTS 1FR 12.8% 7.1 0.909
580 SS7 trunk—POTS 1FR 12.8% 10.3 1.318
014 Line ineffective 18.0% 25 0.450
946 Trunk ineffective 3.0% 2.8 0.084
993 Partial dial 5.3% 3.7 0.196
Feature model Mix Call Time
POTS Custom calling / orig. 4.8% 0.0 0.000
POTS Custom calling / term. 4.5% 0.3 0.013
Call waiting / term. 1.7% 50.3 0.858
3-Way calling / orig. 1.0% 69.5 0.669
Call forward / term. 1.3% 4.0 0.054
Speed calling / orig. 1.0% -0.3 —0.003
Residential enhanced services CLASS / orig. 4.8% 2.1 0.101
Residential enhanced services CLASS / term. 4.5% 4.2 0.189
Automatic call back nodal delayed / orig. 0.5% 59.0 0.273
Automatic call back network delayed / orig. 0.7% 89.9 0.587
Customer originated trace / term. 1.1% 15.9 0.171
Automatic recall nodal immediate / term. 0.7% 7.3 0.048
Automatic recall network immediate / term. 0.9% 5.8 0.052
Calling number delivery block / orig. 1.4% 5.7 0.082
Selective call forward / term. 1.1% 8.1 0.087
Simplified message desk interface / term. 0.3% 154 0.041
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Table 1-9
Urban model DMS-core series 20 processor
Base model BCS35 RTM weighted ms/CA
Call type Call description Mix Call Time
888 MDC line—-MDC line 17.1% 9.7 1.659
889 MDC line—EAS trunk (MF) 11.1% 10.0 1.110
883 MDC line—toll trunk (MF/FGD) 6.5% 18.2 1.183
578 MDC line—EAS trunk (SS7) 11.1% 13.7 1.521
1228 MDC line—toll trunk (SS7/FGD) 6.5% 21.4 1.391
854 MF trunk—MDC line 17.5% 7.0 1.225
581 SS7 trunk—MDC line 17.5% 10.3 1.803
805 Line ineffective 7.2% 29 0.209
946 Trunk ineffective 3.0% 2.8 0.084
858 Partial dial 2.5% 7.9 0.198
Feature model Mix Call Time
MDC Custom call calling / orig. 26.2% 0.0 0.000
MDC Custom call calling / term. 26.1% 6.5 1.693
Call waiting / term. 1.0% 46.1 0.480
3-way calling / orig. 5.2% 53.4 2.793
Speed calling / orig. 1.0% 2.1 0.022
Call forward no answer / term 15.6% 15.9 2.485
Ring again / orig. 1.0% 46.9 0.491
Call pick-up / term. 5.2% 21.3 1.110
Call hold / orig. 1.0% 66.0 0.690
Call transfer / term. 5.2% 28.6 1.490
MDC CLASS / orig. 2.6% 21 0.055
MDC CLASS / term. 2.6% 4.2 0.109
Automatic call back nodal / orig. 0.3% 59.0 0.202
Automatic call back network / orig. 0.7% 89.9 0.631
Customer originated trace / term. 0.2% 15.9 0.027
Automatic recall nodal / term. 0.6% 7.3 0.042
Automatic recall network / term. 1.2% 5.8 0.070
—continued—
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Table 1-9
Urban model DMS-core series 20 processor  (continued)
Base model BCS35 RTM weighted ms/CA
Call type Call description Mix Call Time
Calling number delivery block / orig. 1.0% 5.7 0.060
Selective call forward / term. 0.5% 8.1 0.042
Simplified message desk interface / term. 5.2% 154 0.802
Multiple appearance directory number / orig. 5.2% 6.2 0.324
Multiple appearance directory number / term. 5.2% 16.1 0.839
Electronic business set with display / orig. 5.2% 0.0 0.000
Electronic business set with display / term. 5.2% 3.9 0.203
End
Table 1-10
Access tandem model DMS-core series 20 processor
Base model BCS35 RTM weighted ms/CA
Call type Call description Mix Call Time
998 MF Tl trunk — MF IT trunk 23.0% 7.7 1.771
1232 SS7IT trunk — SS7 ATC trunk 60.0% 12.5 7.500
1230 MF trunk — SS7 ATC trunk 5.0% 11.7 0.585
1231 SS7IT trunk — MF ATC trunk 5.0% 10.3 0.515
1233 E800 SS7 trunk — MF trunk) 3.0% 21.0 0.630
1234 E800 SS7 trunk — SS7 trunk 4.0% 23.1 0.924
Table 1-11
TOPS SA/HOC/DA/AT model DMS-core series 20 processor
Base model BCS35 RTM weighted ms/CA
Call type Call description Mix Call Time
824 SA mechanized calling card 11.0% 42.8 4.708
service
1178 SA AABS call card number 0+ 10.0% 44.1 4.410
326 SA automated coin toll service 10.0% 36.6 3.660
1151 SA 411 external ARU 9.0% 37.2 3.348
—continued—

PLN-5001-001 Standard 02.09 February 2000



System capacity and performance 1-21

Table 1-11

TOPS SA/HOC/DA/AT model DMS-core series 20 processor  (continued)

Base model BCS35 RTM weighted ms/CA

Call type Call description Mix Call Time

1163 SA intercept external ARU 3.0% 18.8 0.564

1149 HOC 411 external ARU 7.0% 15.9 1.113

1128 HOC non-coin 0— 10.5% 21.8 2.289

1137 HOC coin 0+ 4.6% 231 1.063

1130 SA non-coin 0— 14.7% 38.3 5.630

1139 SA coin 0+ 6.2% 51.5 3.193

1232 SS7 trunk — SS7 trunk 8.0% 12.5 1.000

998 MF trunk — MF trunk 6.0% 7.7 462

End

Table 1-12

TOPS ROC/DA/AT model DMS-core series 20 processor

Base model BCS35 RTM weighted ms/CA

Call type Call description Mix Call Time

724 ROQ mechanized calling card 9.0% 42.8 3.852
service

1177 ROC AABS call card number 0+ 8.0% 44.1 3.528

503 ROC automated coin toll service 8.0% 36.6 2.928

1150 ROC 411 external ARU 12.0% 37.4 4.488

1162 ROC intercept external ARU 3.0% 18.8 .564

1129 ROC non-coin 0— 10.4% 40.7 4.233

1138 ROC coin 0+ 4.6% 53.8 2.475

1232 SS7 trunk — SS7 trunk 25.0% 12.5 3.125

1234 E800 SS7 — SS7 trunk 4.0% 23.1 .924

998 MF trunk — MF trunk 16.0% 7.7 1.232

DMS SuperNode Technical Specification BCS36 and up



1-22 System capacity and performance

Table 1-13
Call timing model summary

SR20

Suburban model summary
Maximum calls/hour @ 86% 274,000
Average work time 11.314 ms
Urban model summary
Maximum calls/hour @ 84.5% 121,000
Average work time 25.042 ms
Access tandem model summary

Maximum calls/hour @ 86% 260,000

Average work time 11.925 ms
TOPS SA/HOC/DA/AT model

Maximum calls/hour @C 84.5% 97,000

Average work time 31.440 ms
TOPS ROC/DA/AT model

Maximum calls/hour @ 84.5% 111,000

Average work time 27.349 ms

Table 1-14
Line originations

Call type Call description ms per C/A SN20

947 POTS DP 1FR — POTS DTMF 1FR line 10.2
005 POTS DP 1FR — LAMA trunk 12.4*
014** POTS DTMF 1FR — false start 2.5
994** POTS DTMF 1FR line — POTS 1FR line 10.1
015 POTS DTMF 1MR line — POTS 1FR line 14.7*
859 POTS DTMF 1FR line — MDC DTMF line 11.4
1059 POTS DTMF 1FR line — EBS with display 16.0
1236 POTS DTMF 1FR line — MADN primary 19.1
995** POTS DTMF 1FR line — EAS trunk 8.0

—continued—
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Table 1-14
Line originations (continued)
Call type Call description ms per C/A SN20
016** POTS DTMF 1MR line — EAS trunk 13.7*
3031 POTS DTMF 1FR line w/LPIC — ATC trunk 17.0*
378** FGC 1+10 digits — AT (PIC) 16.4*
401 FGC 1+7 digits — IC (OCS on, PIC) 18.8*
402** FGC 1+10 digits — AT(OCS on, PIC) 18.8*
974 POTS DTMF 1MR line — using AT TO IC FGD trunk  17.9*
949 POTS DTMF 1FR line — operator trunk 115
308 POTS DTMF 1MR line — busy 9.9
993 POTS DTMF 1FR line — abandon/6 digits 5.0
948** POTS DTMF 1FR line — busy DTMF 1FR 8.4
967 POTS DTMF 1FR line — MF operator trunk 11.5
963 POTS DTMF 1FR line — MF PBX DID trunk 8.5
966** POTS DTMF 1FR line — BLDN announcement 9.2
019** Coin DTMF — POTS 1FR line 18.1*
020 Coin DTMF — EAS trunk 17.0*
910 FGB coin DTMF — AT MF 18.9
954 Coin DTMF — direct to IC F GD 22.0*
982 Coin DTMF — operator trunk 16.7
908 Coin DTMF — trunk (1+800) 18.0*
018 Coin DTMF — busy 12.7
054 PBX DOD trunk — POTS 1FR line 9.4
055 PBX DOD trunk — LAMA trunk 11.5*
915 FGB DTMF PBX DOD — AT MF trunk 114
917 FGD DTMF PBX DOD — AT MF trunk 17.1*
988 OUTWATS — direct to IC FGB trunk 14.9*
918 FGC DTMF OUTWATS — AT MF trunk 16.5*
989 OUTWATS — direct to IC FGD 16.8*
309 OUTWATS (ENHANCED) — ATC trunk 17.2*
—continued—
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Table 1-14
Line originations

(continued)

Call type Call description ms per C/A SN20
899 MDC OUTWATS (ENHANCED) — ATC trunk 24.9
805 MDC DTMF — false start 2.9
888** MDC DTMF — MDC line 9.7
1109 MDC DTMF (with SMDR) — MDC line 14.5
889 MDC DTMF — EAS trunk 10.0
882 FGC DTMF MDC - AT MF 16.6*
883 FGC DTMF MDS - AT MF 18.2*
884 DTMF MDC intraLATA — MF toll trunk 14.0
886 E800 EAEO DTMF MDC — IC trunk 27.0*
873 MDC DTMF — without display 11.0
1199** MDC DTMF — EBS with display 13.6
1224 MDC DTMF — EBS with display MADN 3 secondary  29.1
members
1239** MDC DTMF — EBS with display MADN 4 secondary  31.2
members
874 MDC DTMF — MDC MF trunk 14.5*
857 ** MDC DTMF second DT — POTS 1FR 111
858 MDC DTMF — abandon after two digits 7.9
850 Attendant — MDC DTMF line (SCG) 13.6
891 EBS with display — EBS with display 14.8
892 EBS with display — EAS trunk 115
893 EBS with display — LAMA trunk 15.1*
863 EBS without display — EBS without display 11.9
894 EBS with display — EBS without display 12.2
885 EBS with display FGD — AT MF 20.1*
875 EBS without display — DTMF FX trunk 10.7
862 EBS without display — MDC DTMF DTMF line 10.8
(SCG)
861** EBS without display — attendant 11.7
1198** EBS with display — MDC line 11.1

—continued—
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Table 1-14
Line originations

(continued)

Call type Call description ms per C/A SN20
1238** EBS with display MADN 4 secondary — MDC line 17.3
Data path line 18.9E
Data path — non-LAMA (EAS) 19.5E
Data path — LAMA 29.2E
End
Table 1-15
POTS custom calling feature (CCF) types
3-way calling (3WC)
Call waiting (CWT)
Speed calling (SC1)
Call forward (CFW)
Teen service
Table 1-16

POTS custom calling features (CCF)

Call type Call description ms per C/A SN20
1065 1FR line (all CCF assigned) — 1FR line 10.0

1066 1FR line (3WC activated) — 1FR line 93.9*

1067 1FR line (SC1 activated) — 1FR line 9.7

1070 1FR line — 1FR line (CFU assigned) 10.2

1072 1FR line — 1FR line (all CCF assigned) 10.4

1073 1FR line — 1FR line (CFU activated) 14.4

1074 1FR line — 1FR line (CWT activated) 75.5%

1105 1FR line — 1FR line (3WC, SC!, CWT assigned) 10.0

1225 1BR line — 1FR line (teen service activated) 10.4
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Table 1-17

MDC custom calling feature (CCF) types
3-way calling (B3WCQC)
Call waiting (CWT)
Speed calling short list (SC1)
Speed calling long list (SC2)
Call forward busy (CFB)
Call forward universal (CFU)
Call forward don’t answer (CFD)
Call transfer (CXR)
Call hold (CH)
Ring again (RA)
Call pick-up (CPU)

Table 1-18
MDC custom calling features (CCF)

Call type Call description ms per C/A SN20
1085 MDC line — MDC line 10.8
1086 MDC line — (3WC activated) — MDC line 79.4*
1087 MDC line (SC1 activated) — MDC line 12.9
1088 MDC line — (SC2 activated) — MDC line 12.9
1089 MDC line — (CH activated) — MDC line 81.2*
1107 MDC line (RA activated) — MDC line 56.6
1092 MDC line — MDC line (CFU assigned) 11.6
1095 MDC line — MDC line (CFB assigned) 11.5
1096 MDC line — MDC line (CFD assigned) 16.2
1099 MDC line — MDC line (all CCF assigned) 16.4
1100 MDC line — MDC line (CFU activated) 17.2
1101 MDC line — MDC line (CWT activated) 83.3*
1102 MDC line — MDC line (CFB activated) 17.3
1103 MDC line — MDC line (CFD activated) 32.1
1104 MDC line — MDC line (CXR activated) 60.2*

—continued—
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Table 1-18
MDC custom calling features (CCF)
Call type Call description ms per C/A SN20
1106 MDC line — MDC line (3WC, SC1, SC2, CWT, CH, 10.2

CXR assigned)
1108 MDC line — MDC line (CPU activated) 32.3

End
Table 1-19

RES custom local area signaling service (CLASS) types

Automatic call back (ACB)

Automatic recall (AR)

Calling number delivery (CND)

Calling name delivery

Calling number delivery blocking (CNDB)

Selective call rejection (SCRJ)

Customer originated trace (COom)

Usage sensitive billing (USB)

Selective call (SCFWD)

Selective call acceptance (SCA)

Table 1-20

RES custom local area signaling services (CLASS) (continued)
Call type Call description ms per C/A SN20
3033 RES - RES 11.8
3034 RES COIN - RES 15.1
1205 RES — RES (ACB, AR, CND, COT assigned 14.6

originating and terminating
1258 RES (ACB, AR, CND, COT assigned) - RES 12.2
1259 RES (ACB, AR, CND, COT assigned) - RES 14.3
1206 RES — RES(ACB intraNODAL activated) 71.2
1207 RES — RES (AR intraNODAL activated) 21.6
1208 RES (ACB network activated) — SS7 — RES 116.5*

—continued—
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Table 1-20
RES custom local area signaling services (CLASS) (continued)

RES simplified message desk interface (SMDI)

Call type Call description ms per C/A SN20
1209 RES (AR network activated) — SS7 — RES 32.7*
1210 RES — RES (SCRJ activated) 24.3*
1211 RES — RES (SCFWD activated) 35.1*
1212 RES — RES (SCA activated) 29.2*
1213 RES — RES (DR activated) 29.1*
1214 RES — RES (COT activated) 15.9
1215 RES (CNDB activated) — RES 17.9
1216 RES (CNDB activated, USB on) — RES 20.7*
1217 IFR line — RES (CNAMD activated) 37.2*
1218 IFR line — RES (CND activated) 27.0*
3032 IFR line — RES (SCWID activated) 64.8*
3030 SS7 EAS trunk — RES (BCLID activated) 11.4*
End

Table 1-21

RES simplified message desk interface (SMDI) types

SMDI call forward busy (CFB)

SMDI call forward don’t answer (CFD)

SMDI call forward always (CFA)
Table 1-22

Call type Call description ms per C/A SN20
1220 RES — SMDI (direct) 30.0
1221 POTS 1FR — RES SMDI (CFR) 37.0
1222 POTS 1FR — RES SMDI (CFD) 49.4
1223 POTS 1FR — SMDI (CFA) 36.8
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Table 1-23
Incoming trunk origination

Call type Call description ms per C/A SN20
997** MF tandem INCAMA trunk — tandem trunk 5.9
996** MF trunk — POTS 1FR line 7.1
998** MF IT trunk — trunk 7.7
453 MF IC trunk — POTS 1FR line 13.2*
999** MF trunk — busy 9.8*
031** MF trunk — INWATS line 14.4*
879 MF trunk — EBS without display 9.0
946 MF trunk — abandon (no start signal) 2.8
854 MF POTS trunk — MDC DTMF line 8.3
046 MF INCAMA trunk — POTS 1FR line 11.7*
048 MF INCAMA trunk — trunk 10.5*
456 IC carrier trunk — trunk 11.3*
991 IC trunk — MF PBX DID (PX) 10.8*
455 IT trunk — IC carrier trunk 7.7
919 FGC MF incoming trunk — IC trunk 15.5*
920 FGD MF incoming trunk — IC trunk 16.9*
921 MF incoming trunk — tandem MF IT trunk 17.1*
855 MDC MF trunk — MDC DTMF line 8.1
856 MDC DTMF FX trunk — MDC DTMF line (SCG) 10.7
868 MDC MF trunk — attendant 9.4
958 MF PX DOD trunk DIG (PX) — direct to IC trunk 17.5*
959 MF PX DOD trunk DIG —using AT to IC trunk 15.6*
961 MF PX DOD trunk DIG — MF EAS trunk 8.3
986 DTMF PBX DOD (FX) trunk — operator trunk 10.7
987 MF PBX DOD trunk — operator trunk 10.3
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Table 1-24

E911 trunking

Call type Call description ms per C/A SN20
1201 FX trunk — E911 tandem 31.4

1202 E911 trunk — E911 tandem PSAP QRY 30.7

1203 E911 trunk — PSAP line with ORIGHOLD 55.4*

1204 E911 trunk — PSAP line with SBT — LDTPSAP 121.5

Table 1-25

SS7 trunking

Call type Call description ms per C/A SN20
577* DTMF POTS line — SS7 trunk EAS 12.4

1226 DTMF POTS line — SS7 trunk toll 19.6*

578** DTMF MDC line — SS7 trunk EAS 13.7

1228 DTMF MDC line — SS7 trunk toll 21.4*

1219** DTMF MDC line (with SMDR) — SS7 trunk 16.9

579 DTMF POTS line — SS7 EAS 16.1*

580** SS7 trunk — DTMF POTS line 10.3

581 SS7 trunk — DTMF MDC line 10.3

1230 FGD MF trunk — SS7 trunk 11.7

1231 FGD SS7 trunk — MF trunk 10.3

1232** FGD SS7 trunk — SS7 trunk 12.5

1233 FGD E800 SS7 trunk — MF trunk (database query) 21.0

1234 FGD E800 SS7 trunk — trunk 23.1

1235 FGB SS7 trunk — MF trunk 8.1

Table 1-26

800 service

Call type Call description ms per C/A SN20
922 E800 DTMF 1FR — IC (DB query) 25.7*

924 E800 DTMF 1FR — IC (DB query) 25.1*

—continued—
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Table 1-26
800 service (continued)
Call type Call description ms per C/A SN20
928 E800 EAEO DTMF 1FR — AT (DB query) 26.4*
929** E800 AT — IT (DB query) 22.9*%
End
Table 1-27
Call timing adjustments
Call description ms per C/A SN20
Automatic message accounting 4.4D**
Originating MADN (1 primary; 4 secondary members) 6.2D
Terminating MADN (1 primary; 4 secondary members) 16.1D
Station message detail recording 3.2D**
MDC attendant console termination 0.7D
MDC attendant console origination 3.0D
UTR —1.3D**
Alternate routing 0.6
Virtual facility group 0.8
Hunt group 1.0
Permanent signal 10.9D
EBS (P-phone) 3.9D**
ACD termination (line-line intra-office) 16.8D**
ACD termination (trunk-line) 12.3D**
ACD termination queue 8.2**
ACD with MIS 0.4D**
UCD termination 6.3D**
UCD termination queue 3.2D**
MDC second dial tone access 1.0D**
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Table 1-28
POTS feature activation

Call description

ms per C/A SN20

Call waiting (Ref. # 1074)
Three-way calling (Ref. # 1066)
Call forward (Ref. # 1073)
Speed calling Ref. # 1067)

50.3D**
69.5D**

4.0D**
—0.3D**

Table 1-29
MDC feature activation

Call description

ms per C/A SN20

Call waiting (Ref. # 1101)

Three-way calling (Ref. # 1086)

Ring again (Ref. # 1107)

Call transfer (Ref. # 1104)

Call pickup (Ref. # 1108)

Call forward, no answer (Ref. # 1103)
Call forward, universal (Ref. # 1100)
Call forward, busy (Ref. # 1102)
Speed calling (Ref. #1087/1088)

Call hold (Ref. # 1089)

46.1D**
53.4D**
46.9D**
28.6D**
21.3D**
15.9D**
7.5D**
7.6D**
2.1D**
66.0D

Table 1-30
CLASS feature activation

Call description

ms per C/A SN20

ACB intra-NODAL (Ref. # 1206) Delay
ACB — SS7 network (Ref. # 1208) Delay
SI7 network — ACB (Ref. # 1208) Delay
AR intra-NODAL (Ref. # 1207) Immediate
AR — SS7 network (Ref # 1209) Immediate
SS7 network — AR (Ref # 1209) Immediate
CND (Ref. # 1218)

59.0D**

59.6D

29.8D**
7.3D**
5. 8D**
2.9D**
1.3D**

—continued—
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Table 1-30
CLASS feature activation (continued)
Call description ms per C/A SN20
CNAMD (Ref. # 1217) 11.5D**
CDNB 5.7D%*
cot 15.9D*
Selective call rejection (SCRJ) 7.0D**
Selective call forward (SCFWD) 8.1D**
Distinctive ring 2.1D**
Selective call acceptance 2.2D**
Usage sensitive billing 2.8D
End
Table 1-31
CLASS feature assignment
Call description ms per C/A SN20
CLASS w/Outgoing memory (ACB) 1.1D**
CLASS w/Incoming memory (AR,COT,SCRJ,SCFWD,DRCW) 4.2D**
Table 1-32
Stand-alone TOPS configuration
Call type Call description ms per C/A SN20
316** 0—; OH; non-coin; information only, no outpulsing 24.1
314 0—; OH; non-coin; inter exchange carrier 42.8
315 0—; OH; non-coin; person paid; end office 38.1
513 0—; OH; non-coin; OVS; transfer IC; inter-LATA 334
carrier
813 0—; OH; coin; person paid; end office; without rate 51.4
step
819 0—; OH; person paid; end office; TICS 53.2
1142 0—; OH; non-coin; person paid; AMA; answer 61.5
824** 0+; MCCS; SS7 database; successful 42.8
327 0+; MCCS; no query database 33.9
—continued—
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Table 1-32

Stand-alone TOPS configuration  (continued)

Call type Call description ms per C/A SN20
331 0+; OA; non-coin; station collect; end office 45.6
329 0+; OA; non-coin; station paid’ end office 40.0
332 0+; OA; non-coin; person collect; end office 42.6
330** 0+; OA; non-coin; person paid; end office 39.9
509 0+; non-coin; inter-LATA carrier 17.3
814** 0+; OH; coin: person paid; end office; without rate 49.7
step
818** 0+; OA; non-coin; person paid; end office; TICS 43.1
827 0+; OA; CCN; SS7 database; successful 57.0
828 0—; OA; BNS; SS7 database; verify collect 54.3
830 0+; OA; BNS; SS7 database; verify third number 79.8
326** 1+; ACTS; coin 36.6
321** 1+; CAMA; ONI; non-coin 25.5
322** 1+; ONI; successful validation 20.0
328** 1+; direct dialed; hotel; person paid 43.7
809 1+; OH; hotel; bill to room 41.9
815** 1+; direct dialed; coin; station paid; end office; 52.0
without rate step
518 Queue search for CMA calls 29.8
520 Verify and connect 56.6
526** Verify with scrambler 35.0
End
Table 1-33
HOST OC TOPS configuration
Call type Call description ms per SN20
335** 0—; OH; non-coin; information only, no outpulsing 154
333 0—; OH; non-coin; interconnect carrier 23.1
334 0—; OH; non-coin; person paid; end office 21.6

—continued—

PLN-5001-001 Standard 02.09 February 2000




System capacity and performance 1-35

Table 1-33
HOST OC TOPS configuration (continued)
Call type Call description ms per SN20
531 0—; OH; non-coin; OVS; transfer IC; inter-LATA 171
carrier
613 0—; OH; coin; person paid; end office without rate 23.4
step
619 0—; OH; coin person paid; end office; TICS 23.7
1140 0—; OH; non-coin; person paid; AMA answer 36.2
340 0+; MCCS; no query database 2.6
488 0+; non-coin; station collect; end office 23.2
486 0+; OA; non-coin; station paid; end office 21.3
489 0+; OA; non-coin; person collect; end office 23.0
487** 0+; OA; non-coin; person paid; end office 21.4
614** 0+; OH; coin; person paid; end office; without rate 22.7
step
618** 0+; OA; coin; person paid; end office; TCS 19.8
627 0+; OA; CCN; SS7 database; successful 25.3
628 0+; OA; BNS; SS7 database; verify collect 22.9
630 0+; OA; BNS; SS7 database; verify third number 394
341** 1+; CAMA; ONI; non-coin 12.7
342** 1+; ONI; successful validation 12.7
347** 1+; direct dial; hotel; person paid 23.4
609** 1+; OH; hotel; bill to room 20.3
615 1+; direct dial; coin; station paid; end office; without 24.6
step rate
536** Queue search for CAMA calls 14.6
538 Verify and connect 32.3
544** Verify with scrambler 21.9
End
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Table 1-34

Remote OC TOPS configuration

Call type Call description ms per C/A SN20
492** 0—; OH; non-coin; information only , no outpulsing 254
490 0—; OH; non-coin; interconnect carrier 455
491 0—; OH; non-coin; person paid; end office 41.0
549 0—; OH; non-coin; OVS,; transfer IC; inter-LATA 38.1
carrier
713 0—; OH: coin; person paid; end office without rate 53.8
step
719 0—; OH; coin; person paid; end office; TICS 56.2
1141 0—; OH; non-coin; person paid; AMA answer 69.0
724** 0+; MCCS; SS7 database; successful 42.3
497 0+; MCCS; no query database 36.1
507 0+; OA,; non-coin; station collect; end office 46.4
505 0+; OA; non-coin; station paid; end office 43.4
508 0+; OA; non-coin; person collect; end office 45.9
506** 0+; OA; non-coin; person paid; end office 43.4
545 0+; non-coin; inter-LATA carrier 18.1
714** 0+; non-coin; person paid; end office; without rate 53.6
step
718 0+; OA; non-coin; person paid; end office; TICS 47.2
727 0+; OA; CCN; SS7 database; successful 61.8
728 0—; OA; BNS; SS7 database; verify collect 58.6
730 0+; OA; BNS; SS7 database; verify third number 84.1
503** 1+; ACTS; coin 36.6
498** 1+; CAMA; ONI; non-coin 28.6
499** 1+; ONI; successful validation 21.3
504** 1+; direct dial; hotel: person paid 47.9
709** 1+; OH; hotel; bill to room 44.3
715 1+; direct dial; coin; station paid; end office; without ~ 55.2
step rate
554** Queue search for CAMA calls 30.7

—continued—
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Table 1-34

Remote OC TOPS configuration  (continued)

Call type Call description ms per C/A SN20

556 Verify and connect 62.5

562** Verify and scrambler 37.6
—continued—

Table 1-35

Stand-alone TOPS MP configuration

Call type Call description ms per C/A SN20

1130 0—; OH; non-coin; person paid; end office 38.3

1136 0—; OH; coin; person paid; end office 49.0

1133 0+; OA; non-coin; person paid; end office 40.0

1139 0+; OA; coin; person paid; end office 51.5

Table 1-36

HOST OC TOPS MP configuration

Call type Call description ms per SN20

1128 0—; OH; non-coin; person paid; end office 21.8

1134 0—: OH; coin; person paid; end office 23.7

1131 0+; OA; non-coin; person paid; end office 21.6

1137 0+; OA; coin; person paid; end office 23.1

Table 1-37

Remote OC TOPS MP configuration

Call type Call description ms per SN20

1129 0—; OH; non-coin; person paid; end office 40.7

1135 0—; OH; person paid; end office 52.4

1132 0+; OA; non-coin; person paid; end office 434

1138 0+; OA; coin; person paid; end office 53.8
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HOST OC AABS configuration

Table 1-38

Stand-alone AABS configuration

Call type Call description ms per SN20

1172** AABS; 0+; collect; non-coin; LIDB database; verify 53.6

1175** AABS; 0+; bill third party; non-coin; LIDB database 65.7
verify

1178** AABS; 0+; call card number; non-coin; LIDB verify 441

1254 Operator hand off through VSN billed collect 74.3

1257 Operator hand off through VSN billed third party 82.0

Table 1-39

Remote OC AABS configuration

Call type Call description ms per C/A SN20
1170 AABS; 0+; collect; non-coin; LIDB database; verify 0.0
1173 AABS; 0+; bill third party; non-coin; LIDB database 0.0
verify
1176 AABS; 0+; calling card number; non-coin; LIDB 0.0
verify
1252 Operator handout using VSN billed collect 34.2
1255 Operator handout using VSN billed third party 33.2
Table 1-40

Call type Call description ms per C/A SN20
1171** AABS; 0+; collect; non-coin; LIDB database; verify 53.6
1174** AABS; 0+; bill third party; non-coin; LIDB database;  65.7
verify
1177** AABS; 0+; calling card number; non-coin; LIDB 441
verify
1253 Operator hand out using VSN billed collect 74.0
1256 Operator hand out using VSN billed third party 79.6
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Table 1-41

Stand-alone TOPS MP configuration

Call type Call description ms per C/A SN20
1148 411; combined trunk and voice quote 33.9
1151 411; combined trunk and external ARU 37.2*%
1154 411; DA trunk; external ARU; no ANI 34.7
1163 Intercept; intercept trunk; external ARU 18.8
1166 Intercept; intercept trunk; number not in database; 26.6**
voice quote
1169 Intercept; intercept trunk; ONI; external ARU 35.5
1242 411; combined trunk; call completion; station paid 52.4**
1245 411; call completion; station paid AABS calling card 77.9
1248 411 call completion; station paid AABS collect 88.9
1251 411; call completion; station paid AABS bill third 99.9
party
Table 1-42

HOST OC TOPS MP configuration

Call type Call description ms per C/A SN20
1146 411; combined trunk and voice quote 18.0
1149 411; combined trunk and external ARU 15.9%*
1152 411; DA trunk; external ARU; no ANI 17.9
1161 Intercept; intercept trunk; external ARU 0.0
1164 Intercept; intercept trunk; number not in database; 13.9**
voice quote

1167 Intercept; intercept trunk; ONI; external ARU 14.9
1240 411; combined trunk; call completion; station paid 15.9**
1243 411; call completion; station paid AABS call card 17.2
1246 411; call completion; station paid AABS collect 19.3
1249 411; call completion; station paid AABS bill third 20.6

party

DMS SuperNode

Technical Specification BCS36 and up



1-40 System capacity and performance

Table 1-43
Remote OC TOPS MP configuration

Stand-alone EAOSS

Call type Call description ms per C/A SN20
1147 411; combined trunk and voice quote 34.7
1150 411; combined trunk and external ARU 37.4*
1153 411; DA trunk; external ARU; no ANI 34.7
1162 Intercept; intercept trunk; external ARU 18.8
1165 Intercept; intercept trunk; number not in database 29.1**
voice quote
1168 Intercept; intercept trunk; ONI; external ARU 36.4
1241 411; combined trunk; call completion; station paid 52.6**
1244 411; call completion; station paid AABS calling card  76.9
1247 411; call completion; station paid AABS collect 84.7
1250 411; call completion; station paid AABS bill third 95.0
party
Table 1-44

failure

Call type Call description ms per C/A SN20
1115 0—; inter-LATA, dial pulse; non-coin; person paid 37.1
1124 0—; inter-LATA; DTMF; pre-subscription; coin; 57.4
person paid
1112 0+; inter-LATA; DTMF; non-coin; person paid 39.9
1118 0+; inter-LATA; DTMF; pre-subscription; non-coin; 43.7
person paid
1121 0+; inter-LATA; DTMF; 10XXX; non-coin; person 42.5
paid
1127 1+; inter-LATA; dial pulse; 10XXX; CAMA; ANI 28.5
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Table 1-45

HOST OC EAOSS

Call type Call description ms per C/A SN20

1113 0—; inter-LATA,; dial pulse; non-coin; person paid 21.4

1122 0—; inter-LATA; DTMF; pre-subscription; coin 26.4
person paid

1110 0+; inter-LATA; DTMF; non-coin; person paid 20.9

1116 0+; inter-LATA; DTMF; pre-subscription; non-coin; 20.0
person paid

1119 0+; inter-LATA; DTMF; 10XXX; non-coin; person 20.0
paid

1125 1+; inter-LATA, dial pulse; 10XXX;; CAMA; ANI 12.7
failure

Table 1-46

Remote OC EAOSS

Call type Call description ms per C/A SN20

1114 0—; inter-LATA, dial pulse; non-coin; person paid 42.1

1123 0—; inter-LATA; DTMF; pre-subscription; coin; 62.4
person paid

1111 0+; inter-LATA; DTMF; non-coin; person paid 42.2

1117 0+; inter-LATA; DTMF; pre-subscription; non-coin 46.8
person paid

1120 0+; inter-LATA; DTMF; 10XXX; non-coin; person 47.8
paid

1126 1+; inter-LATA, dial pulse; 10XXX; CAMA; ANI 324
failure

Engineering and planning
The engineering of a DMS SuperNode switch comprises a number of steps
that must be accomplished in order to establish and manage the loading of
the processor. Responsibility for this engineering of a switch application
belongs to both the telephone operating company and Nortel Networks. The
telephone operating company forecasts the expected requirements for lines,
trunks, features and traffic rate. This information is entered into Nortel
Network’s planning and provisioning tools to size the engineerable items for
a specified level of performance. The combination of data from the
telephone company and Nortel Networks’ engineering rules produce an
engineering application.
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Engineered items, such as peripheral module (PM) capacity and software
features, that could limit the maximum carried traffic for a switch must be
identified. The office may be limited physically (lines, trunks, ports), by
traffic types, or by both. Office limitations are tracked against office growth
to ensure a well engineered switch at all times.

Engineering factors
Engineering factors must be considered when determining processor
loading, because these factors affect the switch’s overall call processing
capacity. The factors influence the percentage of real time allocated between
overhead and call processing. Some of the factors like the ACTIVITY tool
are optional, but when activated will add to the minimum overhead
requirements. Other factors like AWT and peaking are traffic characteristics
that can also increase the overhead requirements. As a result, these factors
can decrease maximum call processing occupancy.

Optional major features are those features that require additional CPU work
to be considered with the overhead requirements. This feature requirement is
in addition to the minimum overhead requirements. Therefore, with these
features present and active in a switch, maximum call processing occupancy
will be affected.

Some of the factors that impact upon maximum call processing:
activity tool
AWT
maintenance
EADAS (DC/NM)
service evaluation system (SEB)
DNC/9600 baud and DNC 19 200 baud
traffic peaking
CPUSTAT
SYNC
SMDI
engineerable background

Grade of service

There are traffic characteristics that affect the office grade of service at high
processor occupancies. These characteristics can be categorized as traffic
peaking and average work time per call. Traffic peaking and average CPU
work time do not affect maximum call processing occupancies. High traffic
peaking and large average CPU work times cause delays within the CPU
which become larger at higher levels of call processing. Thus, more delays
are experienced within the CPU as higher levels of call processing are
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reached. This extra amount of delay is not related to, and does not affect the
operation of the DMS switch.

To accommodate these delays, two grade-of-service compensation factors
are used for engineering the maximum call processing to meet the HDBH
grade of service of 20 percent DTD > 3 sec. There are two grade-of-service
compensation factors:

« Traffic peaking - the variation of offered traffic versus the average
traffic over a given time period. A 2 percent compensation factor is
considered conservative and applicable to all office types.

+ Average CPU work time— the average amount of CPU time that is
spent on processing each call during the office busy hour. Different
office types will have different average CPU work times. Increased
average CPU work times increase the amount of time the CPU spends
processing current call attempts before accepting new origination work.
Thus, at a fixed CPU occupancy, higher average CPU work times will
produce more delays compared to lower average CPU work times.

DMS SN grade of service analysis

The central office must be managed over a wide span of different levels of
traffic that will result in various grades of service levels. Nortel Networks
provides tables to engineer the switch at 1.5 percent, 8.0 percent and 20
percent grade of service.

These call timing models were measured at Nortel Networks’ facilities in a
laboratory environment. However, the call timings described here are
structured to emulate realistic switch parameters in a working telephone
office.

Overhead occupancy

The engineering of CPU real time used in the overhead classes of the CPU is
important, since the maximum call processing occupancy accounts for
non-deferrable priority processes such as task assignment, scheduling and
system integrity. Deferrable functions, such as operations, administration
and maintenance (OAM) and auditing routines are also included in the
overhead occupancy. Overhead factors can cause the minimum total CPU
allocation of 14 percent to be higher. Overhead has a complex interaction
with call processing because as call processing increases, many overhead
classes will collapse to their minimum levels. Therefore, effective capacity
engineering of overhead requirements includes overhead requirements that
are above the minimum values.

If the number of priority device requirements are below the basic minimum,
then the engineering factor is 0 percent of processor real time.
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Figure 1-1
Distribution of CPU occupancy (DMS SN)

Total CPU occupancy
100% ]

— Call processing occupancy 86%

Overhead occupancy
(non-call processing)
0 14%

Operating guidelines

The operating guidelines for establishing the loading levels for specific
applications, at both the end and the beginning of the engineering design
period, include a series of planning factors that the telephone operating
company should take into consideration in the engineering process. The
current maximum load recommendation for the DMS-100 Family is 86
percent of the total CPU time for local/toll/MDC offices and 86 percent of
the total CPU time for TOPS offices, including a minimum of 14 percent for
basic non-call processing overhead. Refer to Figure 1-1 for the distribution
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of total CPU occupancy. Once the office is placed in service, the office call
attempt busy hour can be monitored and the planned load can be increased
according to the operating plan.

Engineering considerations — load level

There are many considerations and decisions to be made when planning load
levels for a processor. Some of the decisions are based on clear cut rules, but
others are based on sound engineering judgements using guidelines.

The following are some of the key considerations that must be evaluated by
the engineer before decisions can be made:

1 Determine the point on the load service curve that the processor will fall
during both HDBH and ABS. Having the grade of service level during
ABS too close to the exponential part of the load service curve may
cause grade-of-service to be greatly reduced during HDBH. The higher
the ratio of HDBH to ABS, the larger the buffer needed from the
exponential part of the curve.

2 The high day call mix versus ABS call mix must be considered. Typical
offices serving large business applications usually see very little
variation in call mix from day to day, whereas the call mixes for POTS
offices tend to change with traffic levels.

3 The engineering factor by percents used in deriving a processor’s
loading are considered conservative values. This is because all the major
features will not be working concurrently or actively producing outputs
every minute of the busy hour. Also priority devices would rarely have
100 percent duty cycles during busy hour.

4 In an initial office the data used to define office characteristic are
predicted values, whereas in an in-service office data are measured
values. Good engineering judgement must be used in determining the
predicted values in order to ensure the switch meets the desired grade of
service level during cutover. Once an office is placed in service, the
office characteristics are measured and compared to predicted
characteristics. If any of the prediction numbers differ from the
measured, then the new verified numbers can be used for switch load
planning.

Capacity prediction and verification tools

Prediction with REAL::TIME

High day capacity can be reasonably predicted for a particular application by
using the expected feature and call mix in conjunction with the measured
CPU per call timings. With the number of features being introduced to the
DMS-100 Family, the assessment of CPU use, both now and in the future, is
of increasing importance.
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Nortel Networks’ PC progranieal::Time is used to predict CPU capacity.

It is a stand-alone program that is available on floppy disk and can be used
on an IBM or IBM-compatible personal computer. This program predicts
CPU capacity to a fair degree of accuracy. Based on the total milliseconds
required for an office configuration and the overheads desired, the capacity
prediction technique determines what the percentage overhead and call
processing occupancy (CPOCC) will be with the call mix overhead data that
has been entered.

Verification tools

Measurements within the DMS-100F and the SN switches can be used to
verify actual office traffic. These tools are OMs and the traffic separation
measurement system (TSMS). These measurements are used with the CPU
capacity tool, ACTIVITY, to validate CPU predictions for each office
configuration.

Operational measurements are used to determine system call mix,
feature activations, and trouble conditions. The OMs reference measured
call characteristics including overflows and blocked calls. This provides a
delineation of capacity and trouble concerns. OMs, when used in
conjunction with ACTIVITY, provide the capability to project system call
capacity.

The ACTIVITY software provides an on-line real time indicator tool that
monitors the system traffic count, CPU occupancy, and call the queuing
time. The ACTIVITY feature provides assistance in these two areas:

1 evaluation of the current system configuration to assist in capacity
planning

2 as a maintenance tool to determine if call processing is being efficiently
handled

The measurements of call processing occupancy and grade of service from
these tools verify the expected real time requirements. Since the ACTIVITY
software takes direct measurements from the CPU scheduled and interrupt
processes, it is the most comprehensive and accurate real time measurement.

MEMCALC — Calculates memory requirements

MEMCALC is an engineering tool that utilizes software, data base
information and actual switch parameters to calculate memory requirements.
MEMCALC requires as inputs all software packages that will reside in the
office’s in-service BCS load as well as data based on end of design (EOD)
quantities, or actual switch parameters. This tool is an integral part of
memory provisioning and is available to customers as well as Nortel
Networks. MEMCALC produces the memory required to satisfy the switch
application only. It includes required memory allocator rounding rules as
part of its output. An administrative spare, which includes a spare to account
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S/DMS SN —

ENET

for MEMCALC program accuracy, BCS dump and restore tools and normal
day-to-day service order activity, is also required. Administrative spare is
also added to the MEMCALC output and is included in the description of
provisioning policies.

enhanced network (ENET) — Fiberworld

The S/IDMS SN is a new family of fiber-optic switching and transmission
products that offers access to a full range of voice, data and video. The
ENET is an integral part of the signaling and connectivity layers of the
S/DMS SN layered architecture.

The enhanced network is a single-stage, non-blocking, constant delay,
junctorless time switch that supports narrow band services as well as
services requiring bandwidth greater than 64 kb/sec (kb/s). With the constant
delay and independence of the traffic load, ENET can support wideband
services (n by 64 kb/s switching), such as video conference, image transfer,
high speed FAX, and private-line backup. ENET simplifies the wire center
while positioning it for future wideband services and is the vehicle of choice
when simplifying a wire center by collapsing multiple switches into a single
DMS SN.

Modular growth

In the single-cabinet configuration, a fully duplicated ENET can expand
from 4000 channels to 64 000 channels in 2000 channel increments in the
peripheral-link paddle boards and 4000 channel increments for the first 32
000 channels and then 16 000 channel increments thereafter in the
crosspoint cards. With the addition of a second cabinet, ENET capacity can
be expanded to 128 000 channels in the said increments.

The new capabilities of the enhanced network, coupled with the HSI
peripherals, will make possible new revenue-generating telecommunication
services such as dialable wideband services (DS-1, fractional DS-1) that the
telephone operating companies can tailor to meet their customers’ needs.
Also, the Enhanced Network, HSI peripherals, and integrated digital
cross-connect features that support DS-, n x DS- and DS-1. These
connections allow the consolidation into the S/DMS SN system of
traditionally stand-alone network elements, such as multiplexers, digital
signal cross-connect (DSX) bays and digital cross-connect systems.

FiberWorld connections

The enhanced network and the S/IDMS SN DMS-Bus are interconnected by
the DS-512 fiber-optic links. The multiplexed connections between the
enhanced network and other peripherals can use either DS-30 copper links
or DS-512 fiber-optic links. However employed, the fiber-optic links are
identical to the links between the DMS-core and the DMS-bus, making the
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best use of the enhanced network’s extraordinary capacity. Each fiber link
carries 512 channels (511 for traffic and 1 for framing).

Simplified engineering

As a junctorless, non-blocking switching matrix, ENET does not require
complicated engineering. Unconstrained by traffic and load balancing, its
provisioning is based only on peripheral link terminations. ENET provides
the platform for circuit-switched, channel-switched or nailed-up digital
service.

Shared technology with DMS-core and DMS-bus

The enhanced network has its own internal 32-bit processor based on the
Motorola MC68020 microprocessor, which is similar to that used in the
S/DMS SN system. The common circuit packs used in both the S/DMS SN
and ENET are the RTIF NT9X26AB and power converters NT9X30AA and
NT9X31AA. Employing fiber-optic lines between the DMS-core and the
DMS-bus makes the best use of the ENET’s extraordinary capacity.

Reduced footprint

ENET significantly reduces the central office footprint by housing up to
64 000 one-way duplicated channels in a single cabinet configuration, or
128 000 channels in two cabinets.

Switching plane selection

Peripherals have access to both planes of the enhanced network, which
operate in parallel and independently. The active plane is selected on a
pre-connection basis.

Reliable high performance

Enhanced network processors establish connections on command from
DMS-core and maintain these connections until they receive a disconnect
command. The fault-tolerant architecture of the enhanced network
guarantees that all connections meet a rigorously low bit-error-rate standard
(10719, The enhanced network also monitors for link errors, performs
loop-back testing and generates and checks test codes to enable pro-active
treatment of conditions that might otherwise become service affecting. This
advanced design permits straightforward diagnostics should a fault be
detected on a connection path—the path between the input and output
channels is always the same

Peripheral module termination capacity
These are the peripheral modules (PMs) in the DMS-100 Family:
« Trunk Module (TM)
+ Digital Carrier Module (DCM)
« Digital Trunk Controller (DTC)
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« ISDN Digital Trunk Controller (DTCI)

+ Message Switch and Buffer (MSB)

« Maintenance Trunk Module (MTM)

+ Remote Line Module (RLM)

« Line Concentrating Module (LCM)

+ ISDN Line Concentrating Module (LCMI, LCME)

+ Remote Line Concentrating Module (RLCM)

+ Line Group Controller (LGC)

» ISDN Line Group Controller (LGCI)

« Line Trunk Controller (LTC)

« ISDN Line Trunk Controller (LTCI)

+ Outside Plant Module (OPM)

+ Remote Switching Center (RSC)

+ ISDN Remote Switching Center (RSCI)

+ Subscriber Carrier Module—SCM-100R (DMS-1 Rural)
+ Subscriber Carrier Module—SCM-100U (DMS-1 Urban)
+ Subscriber Carrier Module—SCM-100S (DMS-1 SLC-96).

™

The TM provides an interface between external analog trunk facilities and
the internal switching network. It converts incoming analog signals to digital
signals and multiplexes them into a 2.56 Mb/s bit stream for transmission to
the DMS-100 Family switching network. De-multiplexing and the digital to
analog conversion are also provided for outgoing signals.

The trunk module interfaces a maximum of 30 analog trunk circuits to one
32-channel (30 VF, plus 1 signaling and plus 1 unused) speech link to each
of the duplicate networks. The duplicate networks are referred to as plane-0
and plane-l. Many types of analog trunk circuit packs are available to
interface to analog trunks. See Chapter 5 of this document for the most
common types of analog trunks. No blocking exists in the TM.

DCM

The DCM provides an interface between the DMS-100 Family switching
network and digital trunk facilities. The DCM presents a standard interface
between the primary digital carrier signal referred to as DS-I, which consists
of 24 VF channels, time-multiplexed onto a 1.544-Mb/s bit stream, according
to the DS-l line signaling format. The DCM interfaces a maximum of five
DS-1 links (5 by 24 = 120 VF channels), equipped with four 32 channel (30
VF plus one signaling plus one unused) speech links to each of the duplicate
networks. No blocking exists in the DCM.
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DTC

The DTC interfaces between digital trunks carried over DS-1 links and the
DS-30 links used internally in DMS-100 between the PMs and each plane of
the duplicate network. The DTC interfaces a maximum of 20 DS-1 links

with 16 DS-30 links to each of the duplicate networks. No concentration
exists in the DTC.

DTCI

The ISDN digital trunk controller (DTCI) adds support for primary rate
interface (PRI) trunks to enhance the functionality of the DTC. An ISDN
signaling processor (ISP) card is used to terminate the D-Channel associated
with the PRI trunks.

MSB

The MSB provides the CCIS signaling interface between the CCIS links and
the DMS-100 Family switch. Two versions of the MSB are available: the
MSB6 for CCIS applications, and the MSB7 for SS7 applications.

MTM

The MTM provides facilities for housing and controlling receivers, test
circuits, transmission test lines, communication links, and jack-ended trunks.

RLM

The RLM provides the capability to remote the interface between analog
line facilities and the internal switching system. It converts analog signals to
digital and digital signals to analog and multiplexes the digital signals on
DS-1 facilities to DCMs at the DMS-100 host office. The RLM provides
concentration of 640 analog subscriber lines (20 terminal groups of 32 lines
per group) to up to four DS-1 links. Although 640 is used as the nominal
capacity of a remote line module, the first RLM at a particular site has a
capacity of 608 lines. Subscribers connected to an RLM have the same
features available to them as subscribers in the host office.

LCM

The LCM provides an interface between analog line facilities and the
internal switching system. It converts analog to digital and digital to analog
signals and multiplexes the digital signals into a 2.56 MB/s rate for
transmission to the LGC using DS-30A links. The LCM provides
concentration of 640 analog subscriber lines to between 60 and 180 speech
channels (2 to 6 DS—30A links) to the LGC. Six hundred thirty-nine (639)
lines are available for subscriber use. One line is used for testing.

LCME

A dual-unit peripheral module that terminates ISDN 2B1Q (two binary one
quaternary) U-type (single slot) lines, ISDN S/T-type lines, and POTS lines,
EBS lines, and datapath lines. The LCME also provides access to the ISDN
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B-, D-, and M-channels. The LCME supports 480 POTS or EBS lines or 240
Datapath lines.

RLCM

The RLCM is a remote LCM connected to a host LGC or RSC through a
minimum of two, and a maximum of six, DS-1 links. During normal
non-EAS operation, the RLCM will support all of the subscriber line
features that are possible to assigning to lines at a host LCM.

LGC

The LGC is designed to support the LCM and the family of remotes based
on the LCM equipment. The LGC interfaces up to 16 DS-30 C-side ports
spread over as many as 16 network modules. The 16 DS-30 C-side ports are
accessible by 20 DS-30A P-side ports. Since the DTC and LGC employ a
common architecture, it is possible to interface the 16 DS-30 C-side ports
with a combination of DS-30A and DS-1 P-side ports up to a combined total
of 20 P-side ports. When both DS-30A and DS-1 P-side ports are equipped,
the module is designated as an LTC.

LGCI

The ISDN line group controller (LGCI) adds support for the BRI lines to the
functionality of the LGC. To do so, two new cards were introduced: the

ISDN signaling processor (ISP) card and the D-channel handler (DCH) card.
The DCH card terminates the D-channels from multiple ISDN loops. It
provides the interface between the ISDN loops and both the packet andler
(PH) and the ISDN signaling processor.

LTC

The LTC is designed to support a subset of both LGC and DTC functions.
The LTC interfaces to the DMS network through a minimum of three to a
maximum of 16 DS-30 ports. These 16 DS-30 ports are accessible to a
maximum of 20 DS-30A ports or 20 DS-1 ports. The DS-30A ports support
LCMs. The DS-1 ports support digital carrier facilities, RLCMs, and RSCs.

LTCI

The ISDN line trunk controller (LTCI) adds support for the BRI lines to the
functionality of the LTC. It uses the same new hardware as the LGCI: the
ISP and DCH cards. In the future the LTCI will support primary rate
interface (PRI) trunks.

OPM

The OPM is an RLCM housed in an environmentally controlled cabinet.
Features and configurations of the OPM are the same as those for RLCM.
Additionally, the OPM provides commercial ac power inlet, rectifiers,
batteries, an environmental control system and equipment for the
termination, protection and powering of associated DS-1 pairs.
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RSC

The RSC is an LGC based peripheral that is remotely connected to an LGC
when supporting lines only and to an LTC when supporting lines and trunks.
These connections are two—16 DS-1 C-side host links. A variable set of
loopback channels are available for intra-calling. The RSC supports up to 20
links, which may be configured to provide various combinations of DS-30A
links (LCMs, RMMs) and/or DS-1 links (RLCMs, OPMs, CDO trunking

and PBX trunking). The RSC, when supporting lines only, has the ability to
interface up to 5760 lines in low traffic applications (2.8 CCS/line).

RSCI

The ISDN remote switching center (RSCI) adds support for BRI lines to the
functionality of the RSC. It uses the same new hardware as the LGCI: the
ISP and DCH cards. It supports ESA for both ISDN and non-ISDN lines. It
does not support PRI trunking.

Subscriber carrier module-100R (SCM-100R)

The subscriber carrier module-100R (SCM-100R) provides an integrated
interface for up to six DMS-1 remote concentrator terminals (RCTSs) to the
DMS-100. Each RCT can support up to 256 lines and will use two or three
DS-1 links depending upon protection switching provisioning.

Subscriber carrier module-100U (SCM-100U)

The subscriber carrier module-100U (SCM-100U) provides an integrated
interface between the DMS-100 Family host and DMS-1 Urban remote
concentrator terminals. Each RCT will support up to 560 lines and will use
from two to eight DS-1 links to the host DMS-100 Family.

Subscriber carrier module-100S (SCM-100S)

The subscriber carrier module-100S (SCM-100S) provides an integrated
digital interface between the DMS-100 Family host and AT&T SLC-96

digital loop carrier systems. SCM-100S supports mode |, mode Il, and mode
Il SLC-96 remote terminals (RTs) and their protection switching span lines.
Each SCM-100S has the capacity for 20 DS-1 links from RTs, thus it will
support up to four mode | SLC RTs of five spans (four primary, one
protection) each, or six mode Il or mode Il RTs of three spans (two primary,
one protection) each.

DMS SN memory
DMS SN has 10 card slots available for memory on its shelf. Unlike the
NT40, there is no hard-partitioned separation of program store and data
store. The memory is provisioned in a common pool. Also, there is no
separate spare for fault detection built into a memory controller card. There
are two different capacity memory cards available as follows:

+ 6 Mbyte NT9X14BB
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« 24 Mbyte NT9X14DB
« 96 Mbyte NTOX14EA

The shelf can be equipped with all 6 Mbyte cards, all 24 Mbyte cards or a
combination of the two. The physical capacity of the DMS SN memory shelf
is 240 Mbytes.

Note: The maximum addressable store using a full complement of 24
Mbyte or 96 Mbyte circuit cards is detailed per processor as follows:

Table 1-47

Name of table

SN CPU Maximum addressable memory

Series 20 NT9X13BC 200 Mbytes

Series 30 NT9X13GA 212 Mbytes

Series 40 NT9X13HB 212 Mbytes

Series 50 NT9X10AA 248 Mbytes (216-Mbyte shelf memory
plus 32 Mbytes on-board processor
memory)

Series 60 (NT9X10AA and NT9X14EA) | 400 Mbytes

SN office image sizing is required by a system load module (SLM) loading.

The office image for a DMS SN can be loaded from a pre-programmed
computer tape or SLM. The SLM is strongly recommended to load the large
office images associated with SN configurations. Determination of the office
image size and subsequent memory requirements on the SLM or magnetic
tape is relatively simple formula:

Office Image size = program store in Mbytes + 0.5 by data store in
Mbytes + .75 by 7 Mbytes.

(Where the 7 Mbytes is for the SN message
Switch Image size.)

The physical capacities of the SLM | unit are 140 Mbyte hard drive

(5 1/4-inch drive) and 60 Mbytes for the streaming cartridge tape, SLM II
has a 600 Mbyte hard drive (5 1/4-inch) and 150 Mbyte streaming cartridge
tape.
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System load module

The optional SLM is a mass storage system which is used to store office
images from which a new load or stored images can be booted into the
Computing Module (CM). The SLM is designed for the larger DMS-Core
loads that exceed the 30 Mbyte limit of the current MTD. It is also used
when a faster boot load and image dump rate is required.

The SLM is packaged into a single replaceable unit which consists of a
5 1/4-inch hard disk drive, a 1/4-inch streaming cartridge tape drive and a
controller CP.

Originally, two sizes of SLM units (called SLM | and SLM II) were
available for use with the DMS SN. SLM | has recently been discontinued,
leaving only the SLM Il unit for used with the DMS SN.

The SLM Il provides greatly increased non-volatile mass storage capacity
compared to the SLM I. This increased capacity is needed to support the
increased number and size of the system image files on the DMS SN.

The SLM II has the following architecture — a single replaceable package
consisting of a 5 1/4-in. hard disk drive, 1/4-in. streaming cartridge tape
drive, and a controller CP.

The SLM Il hard disk has a capacity of 600 Mbytes and the tape cartridge
has a capacity of 150 Mbytes. Although currently an optional offering, it is
recommended that all DMS SN offices provision a SLM II.

Memory sparing
NT40 and DMS SN sparing philosophies differ. NT40 uses program store as
well as data store and provides reliability spare of 256 k block of memory on
the NT4X79AA memory controller card. This reliability spare can take the
place of any 256 k block of memory from a 256 k word NT3X93AA or 1 M
word NT4X80AA card that encounters a single fault. However, the SN must
be provisioned for a reliability spare. The DMS SN memory is spread evenly
over all cards on the memory shelf. There is no physical spare as such.
Whenever a card is lost, the store allocator automatically reconfigures the
memory over the remaining cards without service interruption. Because
NT40 and SN have different control philosophies as well as sparing
techniques, separate memory provisioning guidelines are required. In
addition, an administrative spare is also required.
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Basic memory provisioning — NT40 and SN

The basic memory provisioning policy applies to both NT40 and SN in the
following procedures:

« To calculate memory requirements, use the wired capacities of all lines,
trunks and input/output (1/0O) ports. Note that cards equipped 1/O ports
should be considered as wired. This includes all read only and Keyboard
send receive printers and visual display units (VDUS).

« When processing extensions and/or authorized software updates, all
existing software packages from the previous office image must be
applied to the new load. Discrepancies between the previous office
image and the current job feature data base (JFDB) should be resolved
by the job engineer and the Nortel Networks marketing representative.
DO NOT remove any feature package(s) from the office image or JFDB
without prior written authorization from the marketing representative
and the customer. After all discrepancies have been resolved, all records
should be updated as required.

+ The DMS SN Major Group Software Package, NTX960AA/AB, must be
present in the job’s JFDB listing in order to access SN MEMCALC.
Conversely, NTX960AA/AB must be absent from the job’s JFDB listing
in order to access NT40 MEMCALC.

DMS SN policy

This policy covers the guidelines for an all 6 Mbyte, an all 24 Mbyte, or a
mixed memory card configuration. Note that 6 Mbyte only offices require at
least a BCS24 software load, 24 Mbyte only offices require at least a BCS26
software load, and mixed memory offices require at least a BCS25 software
load.

Note 1:BCS24 and BCS25 apply to the NT40 processor only.

Note 2:0nly 96-Mbyte offices require at least BCS36. The 96 Mbyte
memory cards cannot be mixed with any other memory card type
(6 Mbyte or 24 Mbyte).

This is important—when 24 Mbyte cards are first added to a switch
upgraded from BCS24, the BCS25 or later load must first be inserted before
the cards may be added. This restriction may require that parameters or the
feature set be down-sized to allow insertion of the BCS25 or later load with
6 Mbyte cards only.

A MEMCALC work-around is described in the EXCEPTION MEMORY
POLICY:

A baseline has been established with BCS26 for all SN offices to include the
Message Switch NT9X13DB and Computing Module NT9X13BC processor
cards. These cards support all SN memory configurations. Customers not at
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BCS26 level should contact their regional marketing representative for
scheduling information.

It is strongly recommended that 24 Mb cards be utilized for all initial and
extension offices for BCS26 and later loads. A current exception is the
signaling transfer point (STP) office in which computing module (CM)
memory will remain fairly constant, and may be served by all 6 Mb cards.

DMS SN exception memory policy

Subsequent extensions or with a large initial load, a point may be reached
whereby greater than a full complement of 6 Mb cards is required for an
office (54 Mb total active and administrative spare memory, 6 Mbytes
reliability spare memory). 24 Mb cards will be provided. Offices with

greater than 54 Mb active (includes administrative spare) memory will
increase from 54 to 60 Mb, as the sparing requirements detailed above
require a separate 6 Mb and 24 Mb card for reliability spare. With 8
remaining slots for active memory, the Job Engineer and telephone operating
company can determine the optimum amount of each type of card required.

Because of critical overhead and 8 Mb rounding, some blocks of memory on
6 Mb cards may not be utilized for allocated memory. Therefore, several
possible mixed SN memory configurations are provided with the maximum,
which is a full 24 Mb card complement. A full complement is 212 Mb

active, 24 Mb spare, 4 Mb addressable overhead.

Monitoring and administration

Telephone company engineers project usage, lines, trunks and features that
are required in an office through an engineering period. This period is

usually two to three years following an in-service date. These projections are
based upon customer growth forecasts that the telephone company develops.

Operating company and Nortel Networks engineers provision memory for
DMS-100F switches based upon the telephone company’s projections. Using
the Nortel Networks memory provisioning tool, MEMCALC, future BCS
requirements are based upon Nortel Networks’ forecast of the SN memory
needed for these BCSs. The memory is provisioned in a DMS-100F switch
based upon these two forecasts: Customer End of Design (EOD) parameters
and the Nortel Networks memory program MEMCALC.

After the cutover of a new switch or a major addition to an existing switch,
MEMCALC should be run using the actual switch parameters. The
MEMCALC questionnaire references the necessary switch data to run the
tool and the switch’s outputs to MEMCALC input requirements. Some of
this information may also be accessed using the MAP utility, using the
BCSMON command-BCSMON DUMP COUNT
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Performance standards

Performance standards establish the criteria used to engineer a DMS-100
Family switching system, including the determination of the quantity of
various circuits required. The DMS-100 Family parameters involved are
documented, and sensitivities are discussed in the following subsections.

Basis for provisioning of engineered facilities

The DMS-100 Family traffic sensitive components are provisioned based on
service criteria, traffic load level, and/or real time. The capacity tables and
mathematical functions that form the basis for equipment provisioning give

the traffic capacity (usage) or real time capacity (call attempts) that can be
handled by the overall system as well as the traffic sensitive system
component, while attaining a fixed service criterion during a given period of
time. These are based on average busy season service objectives and 10 high
day service objectives. In the two following examples, “hour” refers to any
period of 60 contiguous minutes, and “month” refers to a service observing
month which typically ends on the 20th to 22nd day of the calendar month:

+ Average Busy Season method traffic data, typically expressed for local
switching systems as CCS per main station, is collected and processed to
determine the busiest hour for each of the switching system components
that is to be engineered. The hour which has the highest average traffic
for the three highest traffic months is designated the “busy hour.” The
three months, not necessarily consecutive, that have the highest average
traffic in the busy hour are termed the “busy season.” The busy hour
traffic level averaged across the busy season is termed the “Average
Busy Season Busy Hour (ABSBH) load.”

+ Inthe Ten High Day (THD) method of engineering, the traffic data is
processed to identify the ten highest traffic days of the year. The hour of
the day that has the highest average traffic on these ten days is
designated the “busy hour.” The ten day average traffic level for this
busy hour (the same hour for all ten days) is termed the “ten high day
busy hour load.” The one day among the same ten days that has the
highest traffic during the busy hour is designated the “high day.” The
traffic level in the busy hour of the high day is termed the “High Day
Busy Hour (HDBH) load.” (There may be some other hour of the high
day or another day of the year with a higher traffic level, but it would not
be used as an engineering basis.) In the ten high day method, data is not
included for extremely high traffic days which can be attributed to
unusually severe weather or catastrophic events which are not expected
to recur from year to year.

The busy hour ratios of 10 HDBH to ABSBH and HDBH to ABSBH for
calls or traffic usage are specified by the operating company during the
provisioning of engineering facilities.
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Provisioning methodology

DMS-100 Family overall and system component provisioning is based on
three factors:

1 Termination—Iines and trunks
2 Traffic criteria—usage and call attempts
3 Real time—call attempts and call processing time

Termination

By this method the provisioning is done on a termination appearance basis;
the number of components to be provisioned depends on the number of
terminations to be connected to these components and on the number of
terminations that these components can allocate per module.

Traffic criteria

By this criteria the provisioning is done on a traffic capacity basis (usage and
call attempts); the number of system components to be provisioned depends
on the traffic offered by the terminations to be connected to these system
components and on the traffic capacity that these system components can
carry per module. This is a function of the method of operation based on
blocking or delay criteria and the service standard required.

Real time

This provisioning criteria is accomplished on a total ms/hr capacity basis
(call attempts and timings); the number of system components to be
provisioned depends on the mix of traffic originating from or terminating to
these system components and the ms capacity/hr that these system
components can provide.

Service standards

Grade of service (GOS)

The office GOS is defined as being a component of the office service
quality, qualifying the normal office reaction to traffic variations in the ideal
situation in which the office is completely trouble free. Therefore, to
establish a standard basis of equipment provisioning, it is necessary to
devise a measure of service to quantify the inconvenience suffered by the
subscribers as a result of blocking or delay. The DMS-100 Family System
applies a mixture of blocking (matching loss) and delay criteria.

Blocking criteria (matching loss)

Blocking occurs when a call arrives for service and all servers (peripheral
and network paths or service circuits) are busy. The call attempt may be
delayed until a server is idle or aborted, depending on the service discipline.
Blocking delay greater than O (zero) is measured as the fraction of all calls
attempted that are either lost or enter a queue.
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There are four types of blocking or matching losses that occur in DMS-100
Family systems:

1

Tandem Matching Loss (TML) is defined as the failure to find a path
through the network from a given incoming trunk to an outgoing trunk
group, assuming that idle trunks exist within the group. In DMS-100
Family systems, TML occurs if no connection can be made with two
trials. Only the unavailability of a path through the network contributes
to the tandem matching loss.

Intra-Office Matching Loss (IAML) is defined as the failure to find a
path through the network from a given originating speech link (30 voice
channels) to a given idle terminating line. The terminating line is
assumed to be accessible by more than one speech link. The IAML
depends on the channel availability of the terminating line peripheral,
and on the availability of a path through the network.

Incoming Matching Loss (IML) is defined as the failure to find a path
through the network from a given incoming trunk to a given line,
assuming that the line is idle. Access to the line through more than one
speech link is implicitly assumed. The IML depends on the channel
availability of the terminating line peripheral, and on the availability of a
path through the network.

Outgoing Matching Loss (OML) is defined as the failure to find a path
through the network from a given originating speech link (30 VF
channels), or equivalent, to a given idle outgoing trunk.

Matching loss grade of service

Only the availability of a path through the network contributes to the
outgoing matching loss. The overall DMS-100 Family grades of service
based on matching loss criteria are shown in Table 1-48:

Table 1-48
Matching loss grade of service

Matching loss criteria

ABSBH HDBH

Intra-office matching loss (IAML) 2% 20%
Incoming matching loss (IML) 2% 20%
Outgoing matching loss (OML) 1% 20%

DMS-100 (local)

—continued—
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Table 1-48
Matching loss grade of service  (continued)

Matching loss criteria ABSBH HDBH

DMS-200 (toll)
10 HDBH HDBH
Tandem matching loss (TML) 0.5% 2%

End

Delay criteria

Delay occurs when a call finds all servers (typically service circuits) busy
and the call is queued until it deflects or a server becomes idle. Delay is
usually measured as the fraction of call attempts that are delayed more than
the criteria indicates (delay >3 sec.). The two types of delay are dial tone
delay and incoming start dial delay:

1 Incoming Start-to-Dial Delay (ISDD) — defined as the elapsed time from
a “request-to-dial” from an incoming trunk to the return of a
“start-to-dial.” The requirements are stated in terms of the probability
that an incoming trunk requiring connection to an MF receiver
experiences a delay of more than three seconds.

2 Dial Tone Delay (DTD) — defined as the elapsed time from a “request for
service” (off-hook) to the return of a “start-to-dial.” The requirements
are stated in terms of the probability that a customer line requiring
connection to a Dial-Pulse (DP) or Dual Tone Multi-frequency (DTMF)
receiver experiences a delay of more than three sec.

The overall DMS-100 Family grade of service based on delay criteria are
shown in Table 1-49.

Table 1-49
Delay grades of service

DMS-100 (local) (DMS-200 (toll)
Delay criteria ABSBH HDBH 10 HDBH HDBH
Dial tone delay >3sec  1.5% 20% * *
Incoming start-to-dial >3 1.5% 20% 8% 20%
sec (IR attachment
delay)

Note: * Not applicable
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Service circuits

In all cases, occupancy on individual groups of service circuits, such as
receivers, tone circuits, conference circuits, or announcement circuits, is
limited to 75 percent on an HDBH load level basis. The requirements are
expected to be controlling requirements for large groups of service circuits.
For smaller groups of service circuits, the following definitions provide the
basis for service circuit delay and blocking requirements.

In general, the quantities of these system components are engineered to
cause very little blocking or delay to customers and to cause minimal
gueuing (even under peak loads). Central processor usage per call does not
increase substantially during peak load conditions. The service circuits grade
of service based on blocking and delay criteria are shown in Table 1-50:

Table 1-50

Service circuits blocking and delay criteria grade of service

Service circuit Criteria ABSBH HDBH

DTMF receiver DTD >0 sec 1% 5%
DTD > 3 sec 0.1% 1%

MF receiver DTD > 0 sec 1% 5%
DTD > 3 sec 0.1% 51%

Announcement circuits Blocking 1% 5%

Tone circuits Blocking 1% 5%

Conference circuits Blocking 0.1% 1%

Note: UTR receiver uses similar GOS as DTMF or MF receivers.

Receivers

Service circuits in the DMS-100 Family system are common equipment
units which include DTMF, MF Receivers, and Universal Tone Receivers
(UTRs). The DTMF receiver is used to convert dual tone multi-frequency
address signals from the customer to machine readable codes. The DTMF
receiver connection is from a customer line (through an LCM/LGC) through
the network, to a DTMF receiver on a TM or MTM.

The MF receiver is used to convert multi-frequency signaling over a trunk to
a machine-readable code. The MF receiver connection is from an incoming
trunk (through a digroup or a TM) through the network, to an MF receiver
onaTM or MTM.

The UTR is used to collect and decode both DTMF and MF address signals
and to report the decoded address digits to the central control by means of
the peripheral signaling processor, and it eliminates the need to establish a
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network path to a DTMF/MF receiver in an MTM. The UTR is located in
the LGC, LTC, DTC, or RSC peripherals.

Two connection attempts will be made on randomly chosen DTMF/MF
receivers (MTM mounted) if blocking occurs. The length of time taken to
establish a connection to a receiver determines its delay criteria. To
minimize blocking probability, the receivers are spread over the available
TMs and MTMs.

Recorded announcement circuits

The DMS-100 Family uses the Digital Recorded Announcement (DRA)
system (refer to Chapter 4), which with the DMS-100 Family control
capability can be engineered, on a per office basis, to provide the required
number of announcements. The DMS-100 Family system uses a time switch
broadcasting (TSB) process to distribute tones and recorded messages
through the incoming time switch on the receive side (A) of the network
module simultaneously to many users from a single source.

The incoming network speech channel can be connected (in a broadcast
mode from each source) to all outgoing speech channels, within the same
network incoming time switch (refer to Chapter 2 for definition). Hence,
information from one originating source can be broadcast to any DMS
network output, subject to the simultaneous connections discussed below.

The number of simultaneous connections in the DRA system is limited in
order to reduce the possibility of time switch blocking. This maximum is
normally specified in translations and should not exceed 30 percent of the
number of call processes calculated per office application. From a traffic
standpoint, each TSB source can be viewed as a trunk group in which the
number of servers equals the above specified maximum number of
connections.

The DRA uses standard announcements, available in English and French,
which are pre-recorded (written) into programmable read only memory
(PROM) by the manufacturing process. Random access memory (RAM) is
used to store announcements recorded on location.

The DRA, like the existing analog system, uses time switch broadcasting to
distribute announcements to multiple users. However, unlike the analog
system, all announcements from the same DRA are confined to the same
time switch (the one to which the MTM is connected).

In a given DRA system, all announcements will share a group of “trunk”
circuits (channels) as determined by the DRA controller switch setting (8,
16, 24, or 30). The number of circuits required can be established as a
function of the number of announcements, their traffic characteristics and
announcement grade of service (GOS) objectives. The DRA provides
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Special Information Tones (SIT) as defined by the AT&T Compatibility
Bulletin No. 154.

Overload and abnormal conditions

A DMS-100 Family switch is designed and configured with specific
characteristics to handle a defined amount of traffic. If the designed load is
exceeded, some of the traffic must be delayed. The exact effect depends on
the nature of the overload. The design intent is that any part of the
equipment that is offered more than its rated load should continue to operate
at or near its rated capacity. The excess load should be delayed or blocked in
an orderly manner and should not cause throughput degradation or outage.

Types of overload
Overload may be in any of four main areas:

1 shortage of tone receivers

2 shortage of speech paths

3 shortage of processing capacity in one or more peripherals
4

limits on global system capacity. The CPU as the focus of all switching
activity in the DMS-100F and the processor in the SN effectively
determines the ultimate system capacity and hence requires overload
protection in order that the system does not experience throughput
degradation or outage in the presence of excess load.

These four algorithms are used to achieve overload protection:
1 message throttling

2 progress message favoring

3 resource reservation

4 ineffective attempt elimination

Overload controls

Message throttling is a technique employed in the DMS-100 Family to

limit the number of incoming messages that the CPU or processor will
accept in a clock tick, (that is, 6.25 ms). Basically, message throttling is
realized by weighting incoming messages according to category (call
processing, non-call processing) and ensuring that, during any clock tick, the
weighted sum of incoming messages does not exceed a pre-defined
threshold. Once the threshold is reached, I/O interrupts are disabled until the
start of the next clock tick, at which time the process is repeated.

Progress message favoring ensures that calls in progress are given
preferential treatment over new originations. It is realized by splitting call
processing into two queues: origination and progress, and always serving the
progress queue first.
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Under high load, progress message favoring delays the number of
originations accepted by the processor and this, in turn, limits the possibility
of destructive processor overload. A side effect of this technique is that it
practically guarantees that accepted calls will be successfully completed.

Resource reservation A variety of software resources are required in
order to process call events. These resources are office engineered and
hence, under overload, certain of these resources will exhaust. By design,
resources exhaust on originations and not progress events and also by
impacting originations. Shortage effectively serves as an overload control.

Typical examples of critical resources are Call Condense Blocks (CCBs) and
call processing letters. One of the CCBs is obtained at the initiation of every
call and released on call takedown but if no CCBs are available then no new
call originations can be accepted. The call processing letters are used for
both origination and progress messages but if these are unavailability call
events can not be processed. To force shortages to affect only originations, a
sufficient number of these letters are reserved solely for progress events.
When the number of free letters is reduced to the reserved amount,
origination events are no longer accepted.

Ineffective attempt elimination  The primary goal of the processor under
extreme load conditions is the successful termination of the maximum
number of calls. As overload conditions persist, delays tend to develop in
processing new call originations and this leads to an increase in pre-dial
abandons. Handling abandoned calls lowers the overall capacity of the
switch and hence, in order to achieve the highest successful termination rate,
the processor discards an origination message without further processing if a
second message has arrived for that specific call. This action is restricted to
origination events which have been queued in the processor for greater than
0.5 sec, since delays of this order only occur during heavy overload
conditions. With load shedding, origination calls in the processor for longer
than three seconds are discarded, requiring the peripheral to regenerate the
origination.

Originations queuing in peripherals  During periods of overload,
originations may be submitted to a DMS-100 Family peripheral at a rate
greater than they are accepted by the processor. Treatment of the excess
originations in the trunk peripheral depends on the trunk type. Trunks are put
into a lockout state in the peripheral if originations are delayed for more than
five seconds. The trunk will return to the idle state upon receipt of a clear
forward signal. In the case of immediate dial trunks, dial pulses are collected
by the peripheral before an attempt is made to submit any origination to the
processor.

Line originations are queued within the line peripheral and, until the
origination message has been sent to the central control and a suitable
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response (namely, associate channel and provide dial tone order) has been
received, further state changes on the line are ignored. Hence a subscriber
remaining off-hook will eventually receive dial tone. If the subscriber has
gone on-hook when the central control response is received, then the line
peripheral dispatches a disconnect message to the central control which
responds by returning the line to the idle state.

When the origination queue in the line peripheral overflows, the line
originations are deferred. Subsequent line scans will cause originations to be
placed in the queue as space becomes available. In the case of new
peripherals, the originations are handled in the last in-first out (LIFO)

manner rather than first in-first out (FIFO), and calls are handled in a
pre-determined order:

« in progress
« terminations
+ new originations

Multi-frequency (MF) tone receivers

If no MF tone receivers (MTM mounted) are available, incoming calls may
be delayed in a queue for up to five seconds. Calls overflowing the queue
are placed in a “high and wet” list (lockout) until clear forward is received.
Larger queue capacity is pointless, since sender time-out would occur before
the call was served. Proper receiver provisioning will normally avoid this
type of overload. Dial pulse calls do not require a common receiver but are
handled entirely within the originating peripheral.

Dual tone multi-frequency (DTMF) receivers

If no DTMF receivers are available, originating calls are delayed in a queue
indefinitely. Calls overflowing the queue are re-originated (that is, processor
primes the peripheral to wait for one second, returns the line to the idle scan
list and subsequently produces an origination message if still off-hook). If an
originating call in the queue goes on-hook it is removed from the queue. The
length of the queue is equal to the number of DTMF receivers (MTM
mounted) in the office.

Speech paths

The DMS-100 Family digital switching network has a very low blocking
factor and also allows the use of generous provisioning rules. Network
overload is therefore unusual unless abnormal traffic patterns occur. If no
speech path can be found after two path trials, the call is routed to tones.
Digital tone generators are located in peripheral modules and tones are
transmitted to trunks without using network paths.

Speed of service

This subsection of the technical specification defines the time intervals
allowed for performing certain call processing operations within the
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DMS-100 Family switching system. The speed of these operations is
considered critical to customer service and for effective interaction with
other switching systems.

Definitions of supervisory signals

The following is a definition of the Per Trunk Signaling (PTS) supervisory
signals used in the DMS-100 Family to interact with other switching
systems.

For each operation time, the definition is given in terms of the starting and
ending points followed by the requirements. The value given for the mean is
interpreted as the maximum allowable mean from the starting point to the
ending point for that operation time. The operation time may not exceed the
95 percent level more than 5 percent of the time for two conditions:

1 Receipt of a PTS supervisory signal is said to occur when the state
transition, which begins the signal, occurs at the E lead. The E and M
lead trunks make use of separate leads for signaling. Ground and open
states are used for off-hook and on-hook, respectively, on the E lead for
signaling from the trunk facility to a trunk circuit. Battery and ground or
battery and open states are used for off-hook and on-hook, respectively,
on the M lead for signaling from a trunk circuit to the trunk facility.

2 Transmittal of a PTS supervisory signal is said to occur when the state
transition, which begins the signal, occurs at the M lead.

Operation times applicable to PTS — SN/access tandem
Operation times will be met at all engineered traffic loads.

Address time (cross-office time)

+ starting point: end of address digit reception
« ending point: transmittal of connect signal

« mean: 200 ms

« 95 percent level: 360 ms

Network path closure time

+ starting point: completion of outpulsing

« ending point: establishment of communication path through office
+ mean: 100 ms

« 95 percent level: 180 ms

+ maximum: 250 ms

Answer time
+ starting point: receipt of answer signal
« ending point: transmittal of answer signal
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mean: 22 ms *
50 ms * *

95 percent level: 38 ms *
95 ms * *

maximum: 50 ms *
not specified * *

* trunk to trunk connection

** trunk to line connection

Re-answer time

starting point: receipt of re-answer signal
ending point: transmittal of re-answer signal
mean: 100 ms

95 percent level: 180 ms

maximum: 250 ms

Clear-forward time

L]

starting point: receipt of clear-forward (disconnect) signal

ending point: transmittal of clear-forward (disconnect) signal
mean: 100 ms (plus incoming trunk disconnect timing)

95 percent level: 180 ms (plus incoming trunk disconnect timing)
maximum: 250 ms (plus incoming trunk disconnect timing)

Clear-back time

L]

starting point: receipt of clear-back (hang-up) signal
ending point: transmittal of clear-back (hang-up) signal
mean: 100 ms

95 percent level: 180 ms

maximum: 250 ms

Release-guard time

L]

starting point: timeout of guard timing
ending point:ildling of outgoing trunk
mean: 100 ms

95 percent level: 180 ms

maximum: 250 ms
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Forward-transfer time

receipt of forward-transfer (ring-forward) signal

ending point: transmittal of forward-transfer (ring-forward) signal
mean: 100 ms (plus incoming trunk ring-forward timing)

95 percent level: 200 ms (plus incoming trunk ring-forward timing)

Seizure time

starting point: receipt of connect signal
ending point: transmittal of start dial or end of wink-start signal

minimum: 280 290
mean: 375 315
95 percent level: 560 420

Immediate start time

starting point: receipt of connect signal

ending point: capability of storing pulses for immediate dial operation
minimum: 25 ms

mean: 50 ms (plus seizure recognition time)

maximum: 120 ms (plus seizure recognition time)

Response time

starting point: receipt of start-dial or end of wink-start signal.
(transmittal of connect signal in immediate dialing case)

ending point: beginning of outpulsing

mean: 100 ms (plus required delay)

95 percent level: 180 ms (plus required delay)
maximum: 250 ms (plus required delay)

Receiver release time

L]

starting point: end of address digit reception
ending point: idling of address signal receiver
mean: 100 ms

95 percent level: 180 ms

maximum: 250 ms

Transmitter release time

starting point: completion of outpulsing
ending point: idling of address signal transmitter
mean: 100 ms
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+ 95 percent level: 180 ms
+  maximum: 250 ms

Operation times for automatic message accounting (AMA),
centralized AMA (CAMA) and local AMA (LAMA)
Charge answer time

« starting time: receipt of answer signal

« ending time: beginning of charging period
+ mean: 60 ms

+ 95 percent level: 110 ms

+  maximum: 150 ms

Charge disconnect time

« starting point: receipt of clear forward

« ending point: end of charging period

+ mean: 60 ms plus incoming trunk disconnect timing

+ 95 percent level: 110 ms plus incoming trunk disconnect timing
« maximum: 150 ms plus incoming trunk disconnect timing

Automatic number identification (ANI) request time
« starting point: end of address digit reception

« ending point: transmittal of ANI-request signal
+ mean: 170 ms

+ 95 percent level: 390 ms

Operator number identification (ONI) request time

+ starting point: end of address digit reception

« ending point: transmittal of CAMA-position-request signal
« mean: 100 ms

+ 95 percent level: 180 ms

+  maximum: 250 ms

ONI connect time

+ starting time: receipt of seizure-acknowledgement signal from CAMA
position

+ ending time: establishment of communication path between CAMA
position and calling customer

« mean: 100 ms
« 95 percent level: 180 ms
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« maximum: 250 ms

ONI disconnect time

« starting point: receipt of either the calling number or the
position-disconnect signal

« ending point: Idling of CAMA position
« mean: 100 ms

« 95 percent level: 180 ms

+ maximum: 250 ms

Mishandled calls

Reliability

The call completion rate for a DMS-100 Family system is equal to or greater
than 99.99 percent (no more than one call in 10 000 mishandled). A
mishandled call is a call attempt that arrives at an incoming port of the
switching system but was mishandled due to a hardware and/or software
error. Three results are expected:

1 mis-routing
2 premature release by the switching system

3 switching system transmission failure as detected by a continuous parity
check

Calls that cannot be completed due to the unavailability of engineered
equipment are not included in this definition unless the congestion is caused
by a system or subsystem fault or error.

To ensure high reliability, all critical subsystems are duplicate. When faults
are detected, the system software re-configures the hardware to minimize the
effect on service.

The coverage of a duplicate subsystem is the proportion of the occurrence of
simplex faults from which the subsystem can recover through the detection
of the fault and the subsequent re-configuration to the standby module. The
long-term attainable coverage for the DMS-100 Family and the DMS SN
duplicate modules is 99.9 percent for the core equipment and 99 percent for
peripherals.

Hardware failure modes

Table J lists the predicted DMS-100 Family and the DMS SN printed circuit
pack (PCP) failure rates. Table 1-52 lists the predictions for hardware
reliability performance.
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System failure

A system failure is defined as any failure that results in a complete loss of
call processing. Double faults and uncovered faults in the central control
may result in a system failure.

Subsystem failure

Table J lists the predicted DMS-100 Family and the DMS SN PCP failure
rates. Table 1-52 lists the predictions for hardware and reliability
performance.

System downtime
The following estimated times for restarts and reloads assume a fault-free
DMS-100 Family System, both hardware and software. In addition, it is

assumed that the peripheral subsystem has not experienced a power outage
prior to the restart.

Unscheduled system downtime — SN

The total DMS-100 Family system unscheduled downtime, due to hardware,
software and procedural failure modes, is expected to be no more than two
hours in 40 years.

For BCS30, the following timings have been recorded for a typical DMS SN
equipped with a SR40 processor:

Warm restart The amount of time required for A1 Flashing is 102 sec, first
login is 111 sec, and First Host Dialtone is approximately 102 sec.

Cold restart The amount of time required for A1 Flashing is 113 sec, first
Login is 108 sec, and First Host Dialtone is approximately 116 sec.

Reload restart (auto reload) The amount of time required for Al
Flashing is 177 sec, First Host Dialtone is approximately 183 sec.

Boot timings: Device BCS30 RTM

DDU (8 in., 203 mm) 14:48 min
DDU (14 in., 356 mm) 21:35 min
SLM Disk 2:33 min

SLM Tape 12:29 min

Note: Timings for the SN categories were obtained from RTP FAST
(First Application Systems Test) Laboratory.

Unscheduled system downtime — NT40

For BCS30, the following timings have been recorded for a typical DMS
100 with an NT40 processor:
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Note: Timings for NT40 were obtained from RTP FAST (First
Application Systems Test) Laboratory.

As of BCS29, the RTP FAST NT40 is a DMS-200 Access Tandem load.
Therefore, the first and 100 percent dial tone are no longer applicable. Most
of the recovery timings will be faster due to the amount of NTX packages
and engineerable datafill.

Warm restart Event BCS30 RTM
SOS 31
Logs Start 1.01
Al Flashing 2:33
Perminct 2:14
1st Login 3:04
1st DDU Insv 2:14
AMA Active 2:17
Cold restart Event BCS30 RTM
SOS 27
Logs Start 57
Al Flashing 2:56
Perminct 2:40
1st Login 3:03
1st DDU Insv 2:31
AMA Active 2:37
Reload restart Event BCS30 RTM
SOS 34
Logs Start 1:13
Al Flashing 4:08
Perminct 3:46
1st Login 4:15
1st DDU Insv 3:13
AMA Active 4:15
Boot timings Device BCS30 RTM

DDU (8 in., 203 mm)  4:36
DDU (14 in., 356 mm) 6:33
MTD 15:09

Scheduled system downtime
Reloads from the system magnetic tape through the BCS process are used to
update the DMS-100 Family software. The new software is loaded in the
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inactive CPU, while the active CPU is still processing calls. The manual
activity switch and the restart procedure are initiated. In a typical DMS-100
Family System, the system downtime (the period of time from the
commencement of the activity switch until dial tone is returned on all line
peripherals) is estimated to be less than 10 min.

DMS SN processing elements

The DMS-Bus establishes a peer relationship among the processors of the
DMS SN system and enables messaging between processors without the
processor’s intervention. This messaging capability becomes significant
when network responsibilities are consolidated within a single network
node.

The modular growth of the DMS allows economic provisioning of
processing resources for all deployment size ranges. Initial systems can
consolidate processing responsibilities to the resources of the DMS-Core.
For larger systems in which the resources of the DMS-Core are reserved for
essential call processing, any combination of the following new processing
elements for the DMS SN system can be provisioned: The Application
Processor, the File Processor and the Data Communications Processor.

The hardware architecture of both the Application and File Processor is the
same as for the DMS-Core. The Application Processor can assume
DMS-Core responsibilities not essential to call processing or can perform
new tasks that are assigned to the node as a result of reduced overhead
through integration, such as Enhanced Service Provider Access and Billing
or Centrex Billing management.

The File Processor supports integrated database applications executed by the
DMS-Core, the Application Processor, or an external system interfacing

with the DMS SN system, such as an Operations Support System or a
Node/Network Workstation. The Data Communications Processor (DCP)
provides integrated access to the DMS SN system for CCS7 signaling links,
maintenance and administration positions, external computing systems and
Operations Support Systems.

The software that serves these new processing modules is of two types: one
for basic maintenance and control of the modules, and one to service unique
applications and database management systems that run on the modules. The
applications software is in development. Descriptions of the maintenance

and control software follow.

Multi-processing

This package enables multiple processors to exist, be maintained and
communicate within the DMS SN system by providing individual processor
maintenance, link maintenance (processor to DMS-Bus), and overall node
maintenance in a multi-processing environment.
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File processor

This package provides the maintenance and control software resident in the
File Processor. The File Processor may be provisioned with up to 96 Mbytes
of memory, used in most applications as a cache. A memory cache allows
faster access than other storage, such as disk or tape.

The File Processor implements a hierarchical and relational database and
adheres to Network File System (NFS) for remote file access by other
processors within the system or external systems. File Processor can be
equipped with up to six devices on a Small Computer Systems Interface
(SCSI) bus. These storage devices can be 600 Mb disks or 300 Mb cartridge
tape drives.

Data communication processor

This package provides the maintenance and control software resident in the
Data Communication Processor (DCP). The DCP, in conjunction with

support circuitry, manages the first three protocol levels of the interfaced

link; the signaling message’s access to the rest of the node is managed by the
LPP’s Local Message Switch (LMS), which uses the same architecture as

the DMS-Bus.

The Data Communications Processors are located in the LPP frame and
support specific applications, such as CCS7 signaling link access through
the Link Interface Unit (LIU7), an Ethernet LAN for communication
(synchronous and asynchronous), servers that manage terminal, workstation
and modem access and a BX.25 access.

Application processor base

This package provides the maintenance and control software resident in the
Application Processor. The Application Processor can assume DMS-Core
non-essential call processing activities (such as terminal drivers, AMA
formatting) or new responsibilities assigned to the node.

The Application Processor can support two different operating systems: the
SOS proprietary operating system and an industry standard version of
UNIX. The SOS operating system allows the Application Processor to run
DMS-Core software without translation. The UNIX operating system allows
designers to take advantage of commercially available tools and assists in
the unique requirements of custom programming applications.

Link peripheral processor (LPP)

The DMS SN-based Link Peripheral Processor (LPP) has been providing
economical and reliable messaging for Nortel Networks’ signaling transfer
point—the MDS-STP—since late 1988. In support of the increasingly high
volumes of Common Channel Signaling No. 7 (CCS7) services being
deployed in today’s network, Nortel Networks announces the availability of
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the LIU7, a Data Communications Processor (DCP), for high-capacity DMS
SN Service Switching Point (SSP) applications.

Key applications include providing enhanced message-handling capacity for
the following:

« large CCS7 access tandems and

« very large end offices that support multiple CCS7 services and/or large
volumes of CCS7 trunking

As the data communications processor for FiberWorld and the S/IDMS SN
program, the LPP is also scheduled to serve as a multipurpose cabinet to
support a range of DCP interfaces to external data systems.

LPP on DMS SN service switching point

This base package provides the platform for Link Peripheral Processor
(LPP) applications on the DMS SN Service Switching Point (SSP) and
includes the following feature packages:

+ Local Message Switch on LPP
+ SN Enhanced Messaging
+ FBus — Link Interface Unit (LIU7) Base.

Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location  Description hours
NTOX10AA MTM Miscellaneous Scan Card 4.06
NTOX36AA SUPRV PNL Power Control & Alarm 1.29
NTOX36AB SUPRV PNL Power Control & Alarm 1.34
NTOX51AA PDC Fuse Alarm 0.08
NTOX51AB PDC Fuse Alarm 0.05
NTOX67AA I0C I/O Control Term 0.44
NTOX70AA ™ Trunk Module Processor 1.91
NTOX89AA ALARM Data Link Control 0.07
NTOX89AB ALARM Data Link Control 0.05
NTOX91AA FSP Alarm & Converter Drive 0.48
NTOX91AB FSP Converter Drive 0.13
NTOX91AD FSP Converter Drive & Protection 0.52
—continued—
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NTOX91AE FSP Converter Drive & Protection 0.52
NTOX93AA FAN 48V to 24V Fan Inverter 1.70
NT1X00AA MTM 102 Test Trunk 2.15
NT1X00AB MTM 102 Test Trunk 1.42
NT1X00AC MTM/OAU Receiver Off-hook Tone 1.56
NT1X31AA MTM Conference Circuit 4.00
NT1X33AA CMC CMC Processor Interface 3.51
NT1X33BA CMC CMC Processor Interface 1.81
NT1X34AA CMC CMC Outgoing Controller 4.64
NT1X34BA CMC CMC Outgoing Controller 4.59
NT1X35AA CMC CMC Incoming Controller 4.66
NT1X35BA CMC CMC Incoming Controller 4.60
NT1X36AA CMC CMC Peripheral Interface 5.62
NT1X36AB CMC CMC Peripheral Interface Timing 5.64
NT1X36BB CMC CMC Peripheral Interface 5.64
NT1X37AA CMC CMC Common Control 2.23
NT1X37BA CMC CMC Common Control 3.20
NT1X42AA CPU E2A Telemetry Service Interface 0.66
NT1X43AA CPU Processor Program Store Port 341
NT1X43AC CPU Processor Program Store Port 341
NT1X43BC CPU Processor Program Store Port 341
NT1X43BD CPU Processor Program Store Port 3.70
NT1X43CA CPU Processor Program Store Port 4.62
NT1X43DA CPU Processor 8MW Program Store Port 2.46
NT1X44AA CPU Processor Stack 6.86
NT1X44BA CPU Processor Stack 6.90
NT1X44BB CPU Processor Stack 6.63

—continued—
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location Description hours
NT1X44DA CPU Processor Stack (4KW) 2.70
NT1X45AA CPU Processor A.L.F. 3.28
NT1X45BA CPU Processor A.L.F. 3.34
NT1X45BB CPU Processor A.L.F. 6.63
NT1X45DA CPU Processor A.L.F. 1.99
NT1X46AA CPU Processor ROM 8.16
NT1X46BA CPU Processor ROM 7.68
NT1X46BB CPU Processor ROM 9.04
NT1X46CA CPU Processor 8K ROM 6.36
NT1X46CB CPU Processor 8KW ROM 6.61
NT1X46CC CPU Processor 8KW ROM 6.37
NT1X46CD CPU Processor 8KW ROM 2.57
NT1X46DA CPU Processor 8KW ROM 2.54
NT1X47AA CPU Processor Timing & Control 3.33
NT1X47BA CPU Processor Timing & Control 3.58
NT1X47BB CPU Processor Timing & Control 3.17
NT1X47DA CPU Processor Timing & Control 2.77
NT1X48AA CPU Processor Maintenance 3.28
NT1X48BA CPU Processor Maintenance 3.58
NT1X48CA CPU Remote Control Processor Maintenance 6.05
NT1X48DA CPU Processor Maintenance 2.07
NT1X49BA CPU Unbalanced Data Port Extender 0.58
NT1X49DA CPU Unbalanced Data Port Extender 0.60
NT1X50AB CPU Balanced Data Port Extender 2.29
NT1X50BB CPU Balanced Data Port Extender 2.29
NT1X50DA CPU Balanced Data Port Extender 2.06
NT1X51AA CPU CMC Interface 211
—continued—
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Table 1-51

DMS SN and DMS-100 family PCP failure rates

(continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT1X51BA CPU CMC Interface 1.21
NT1X51DA CPU CMC Interface 1.51
NT1X52AA CPU Processor Termination 4.45
NT1X53AA cC 4K ROM Extender 211
NT1X53BA CPU 4K ROM Extender 1.99
NT1X53BB cC 4K ROM Extender 7.75
NT1X54AA MTM Jack End Trunk 1.32
NT1X55AA I0C Disk Drive Controller 7.14
NT1X55AB I0C Disk Drive Controller 8.00
NT1X55DA I0C 8-in. Disk Drive Controller 3.56
NT1X62AA CMC I/0 Message Controller 6.43
NT1X62AB CMC I/0O Message Controller 5.65
NT1X62BB CMC I/O Message Controller 6.27
NT1X62CA CMC I/O Message Controller 5.65
NT1X67AA I0C I/O Terminal Controller 6.06
NT1X67AB I0C I/O Terminal Controller 6.84
NT1X67BB I0C I/O Terminal Controller 6.84
NT1X67BC I0C I/O Terminal Controller 6.89
NT1X67BD I0C I/O Terminal Controller 4.07
NT1X67DB CcC BIT Synchronous Data Link Controller 3.79
NT1X68AA 10C Magnetic Tape Interface 4.93
NT1X68AB I0C Nine-Track Tape Controller 5.08
NT1X68AC I0C Nine-Track Tape Controller 5.17
NT1X68BB I0C Nine-Track Tape Controller 5.08
NT1X68BC I0C Cook Nine-Track Controller 5.08
NT1X68BD I0C 9-Track Tape Contr. (HP & Cook) 5.08
NT1X75AA MTM Digital Recorded Ann. Controller 2.49
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location Description hours
NT1X75BA MTM Enhanced Digital Recorded 2.76
Announcement Controller
NT1X76AA MTM DRA Standard Ann. (English) 15.24
NT1X76AB MTM DRA Standard Ann. (English) 12.06
NT1X76AE MTM DRA Standard Ann. (English) 4.18
NT1X76BA MTM DRA Standard Ann. (French) 14.08
NT1X76CA MTM Mech Credit Card Service From Memory  22.34
NTLX77AA MTM DRA Recorded Memory 3.82
NT1X78AA I0C Power Converter 3.84
NTLIX79AA MTM DRA (Electrical Erasable Prom) 6.03
NT1X89AA I0C Multiprotocol Controller 7.09
NT1X90AA MTM Test Signal Generator 7.82
NT2X01AA MTM Automatic Identification of Outward 6.73
Dialing Data Rec C25
NT2X02AA RLM Line Drawer I/F Card 1.57
NT2X03AA RLM Power Converter 1.01
NT2X05AA RLM Power Converter 4.43
NT2X05AB RLM Power Converter 5.20
NT2X05AC RLM Power Converter 4.57
NT2X06AB NM, DCM Power Converter 2.65
NT2X06BB NM, DCM Power Converter 2.05
NT2X07AB NM, DCM Power Converter 3.14
NT2X09AA ™ Multi-Output Power Converter 3.33
NT2X10AA MTM Line Test Unit Analog Card 3.16
NT2X10AB MTM Line Test Unit Analog Card 3.49
NT2X11AA MTM Line Test Unit Digital Card 2.09
NT2X11AC MTM/RMM Line Test Unit Digital Card 2.05
NT2X15AA FAN Inverter Unit 1.11
—continued—

DMS SuperNode Technical Specification BCS36 and up



1-80 System capacity and performance

Table 1-51

DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT2X16AB RLM I/O Bus Interface 1.59
NT2X17AB RLM Type A With Cutover Line Card (20 dB) 0.77
NT2X17AC RLM Type A With Cutover Line Card (20 dB) 0.80
NT2X17AD RLM Type A With Cutover Line Card (20 dB) 0.80
NT2X18AC RLM Type B Line Card 2.42
NT2X18AD RLM Type B Line Card 1.97
NT2X18AE RLM Type B Line Card 1.80
NT2X20AB RLM Ringing Bus Multiplexer 0.83
NT2X21AA RLM Terminal Addressing Interface 3.14
NT2X21AC RLM Terminal Address I/F 3.83
NT2X22AA RLM Conn Mem/Trans Mux 3.32
NT2X22AB RLM Conn Mem/Trans Mux 4.74
NT2X23AA RLM Receive Mux 2.74
NT2X24AB RLM Signaling Processor 5.72
NT2X25AB RLM Signaling Processor I/F 3.84
NT2X26AA RLM Main Processor 8.25
NT2X26AB RLM Master Processor 11.26
NT2X27AA RLM Ringing Generator Interface 3.33
NT2X27AB RLM 20Hz Ringing Generator 2.08
NT2X27AC RLM Ringing Generator Harmonic MF 3.55
NT2X27AD RLM Ringing Generator Synchromonic MF 3.55
NT2X27AE RLM Ringing Generator Synchromonic MF 3.55
NT2X32AA DCM DCM Processor 2.26
NT2X33AA DCM DCM Processor 4.25
NT2X33AB DCM, RLM DCM Processor 2.50
NT2X34AA DCM, RLM Peripheral Message Processor 1.80
NT2X35AA DCM DCM Line 3.55

—continued—
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location Description hours
NT2X35AB DCM DCM Interface 1.17
NT2X36AA DCM/RLM Network Interface 6.57
NT2X36AB DCM Network Interface w/ XPCM Suppress Cap  7.67
NT2X37AA DCM DCM Tone Supply 3.91
NT2X37AB DCM DCM Tone 2.18
NT2X38AA DCM DCM Signaling 4.55
NT2X38AB DCM DCM Signaling 431
NT2X38AC DCM DCM Signaling 4.46
NT2X38AD DCM DCM Signaling 4.31
NT2X41AA MTM Office Alarm Circuit #1 0.30
NT2X42AA MTM Office Alarm Circuit #2 0.53
NT2X43AB MTM Office Alarm 2.00
NT2X45AA ™ Trunk Module Network Interface 4.83
NT2X45AB ™ Trunk Module Network Interface 4.79
NT2X47AA ™ Trans TST Modular Controller 7.22
NT2X47AB ™ Trans Test Unit 8.17
NT2X47AC ™ Trans Test Unit Controller 3.96
NT2X47AD ™ Trans Test Unit Controller 4.42
NT2X47BA ™ TTU Controller (A-Law) 8.23
NT2X48AA ™ Digital 4 Channel MF Receiver 2.59
NT2X48AB ™ Digital 4 Channel Receiver 2.79
NT2X50AB ™ Minibar Driver 241
NT2X53AA ™ TM/Control 1.61
NT2X55AA MTM SD Card Il 0.77
NT2X56AA MTM TTM Digital Filter 4.52
NT2X56AB MTM TTM Digital Filter 1.69
NT2X56BA MTM Digital Filter (A-Law TTU) 4.89
—continued—
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Table 1-51

DMS SN and DMS-100 family PCP failure rates

(continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT2X57AA MTM SD Card | 2.56
NT2X57AB MTM Signal Distribution Card 251
NT2X59AA ™ Group CODEC DMS-200 2.90
NT2X59AB ™ Group CODEC DMS-300 5.00
NT2X63AA MTM M/F Receiver 2.12
NT2X65AA ™ CAMA Position Signal Trunk 5.54
NT2X66AA ™ CAMA Suspension & Calls Waiting 1.23
NT2X70AA CPU, CMC Power Converter 2.87
NT2X70AB CPU, CMC Power Converter 2.82
NT2X70AC CPU, CMC Power Converter 3.19
NT2X70AD CPU, CMC Power Converter 3.22
NT2X70BA CPU, CMC Power Converter 2.89
NT2X71AA MTM Transmission Termination Trunk 3.00
NT2X72AA ™ 4-Wire E&M, Type | Interface 5.85
NT2X72AB ™ 4-Wire E&M 600 Ohm Echo Sup.Control 5.94
NT2X72AC ™ 4-Wire E&M, Echo Control, low gain 5.93
NT2X75AA MTM Loop Around Test Line 1.92
NT2X77AA ™ Compromise Bal. Network 900 Ohm 0.10
NT2X77AB ™ Compromise Bal. Network 600 Ohm 0.11
NT2X77AC ™ Compromise Bal. Network 900 Ohm Fix 0.55
NT2X77AD ™ Compromise Bal. Network 600 Ohm Fix 0.06
NT2X78AA ™ Trunk 4 Wire SF Signal 7.95
NT2X80AA ™ Precision Bal. Network 0.10
NT2X81AA ™ Trunk 2-Wire E&M 900 Ohm 2.15
NT2X81AB ™ Trunk 2-Wire E&M 600 Ohm 5.53
NT2X82AA ™ Trunk 2-Wire Incoming MF/DP 5.88
NT2X83AA ™ Trunk 2-Wire Outgoing DP 6.56
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location Description hours
NT2X85AA ™ Recording Comp. Trk Hi-Lo Coin 3.96
NT2X86AA ™ Toll Switch Trunk 3.64
NT2X88AA ™ Trunk 4-Wire E&M 600 Ohms 2.52
NT2X90AA MTM Trunk LTD NE-14 or CALRS 4.27
NT2X90AB MTM Incoming/Outgoing Test Trunk 4.83
NT2X90AC MTM Incoming/Outgoing Test Trunk 4.90
NT2X90AD MTM Incoming/Outgoing Test Trunk 4.06
NT2X92AA ™ 2-Wire Outgoing, MF, RB 5.79
NT2X95AA ™ 2-Way PBX Trunk DID/DOD 2.45
NT2X96AA ™ PCM Level Meter 4.29
NT2X98AA ™ 2-Wire Incoming MF/DP RB 4.78
NT3X02AA ™ TOPS Controller 2.72
NT3X03AA ™ TOPS Digital Signal Processor 1.54
NT3X04AA ™ TOPS Digital Signal Processor 5.34
NT3X06AA ™ 2 W OTG TRK CCT AE/3CL 3.95
NT3X07AA ™ 2W INC TRK CCT 6.39
NT3X08AA MTM ACTS - Digitone Service 5.48
NT3X09AA ™ Remote Metallic Test Access 1.82
NT3X09BA ™ Remote Metallic Test Access 4.07
NT3X13AA CMC Master Clock Generator 3.48
NT3X13BA CMC Master Clock Generator 3.43
NT3X14AA CMC Synchronizable Master Clock Counter 3.27
NT3X14BA CMC Synchronizable Master Clock Counter 3.27
NT3X14BB CMC Synchronizable Master Clock Counter 3.63
NT3X14BC CMC Synchronizable Clock Controller 2.09
NT3X15AA CMC Synchronizable Master Clock Counter 3.35
NT3X15AB CMC Synchronizable Master Clock Counter 3.65
—continued—
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Table 1-51

DMS SN and DMS-100 family PCP failure rates

(continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT3X15BA CMC Synchronizable Master Clock Counter 3.57
NT3X15BB CMC Synchronizable Master Clock Oscillator 2.73
NT3X15CA CMC Stratum 3 Synchronizable Master Clock 3.00
NT3X15DA CMC Stratum 2 Synchronizable Master Clock 3.01
NT3X16AA CMC Stratum 2 Oscillator 2.02
NT3X17AA NM Network Incoming Crosspoint 4.40
NT3X18AA NM Network Outgoing Crosspoint 4.46
NT3X19AA NM Network Speech Interface 4.81
NT3X20AA NM Network Test Access 2.72
NT3X21AA NM Network Bus Interface 1.11
NT3X22AA NM Network I/OfInterface 3.74
NT3X22AB NM Network I/O/Interface 5.61
NT3X23AA NM Network X-Point Controller 5.98
NT3X23AB NM Network Signaling Controller 5.10
NT3X24AA NM Network Clock 2.39
NT3X34AA PS Single Ended Memory Bus Terminator 0.66
NT3X35AB PS Differential Memory Bus Terminator 0.68
NT3X36AB PS Differential Bus Interface 1.94
NT3X36AC PS Differential Bus Interface 2.21
NT3X36BB PS Differential Memory Bus Interface 1.94
NT3X36BC PS Differential Memory Bus Interface and 2.21
Terminator
NT3X37AA PS Single Ended Memory Bus Terminator 0.95
NT3X37AC PS Single Ended Memory Bus Interface 1.24
NT3X37BA PS Single Ended Memory Bus Interface 0.54
NT3X37BC PS Single Ended Memory Bus Interface and 0.81
Terminator
NT3X38AA PS Memory Controller 4.36

—continued—
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location Description hours
NT3X39AA PS 16K MOS Memory 14.26
NT3X40AA CPU 64K MOS Memory 13.79
NT3X40BA CPU 64K MOS Memory 13.80
NT3X42AA CPU LM Word Memory Control 3.48
NT3X42BA CPU LM Word Memory Control 3.39
NT3X4302 CPU (IMW) Memory Back Panel Terminator 1.97
NT3X4303 CPU Processor Back Panel Terminator 0.38
NT3X4304 CMC CMC/IOC Back Panel Terminator 0.40
NT3X4307 PS PS Controller Back Panel Terminator 0.49
NT3X4309 CCC 16 MW Memory BP Termination 0.63
NT3X47AA RLM RLM Message Controller 6.83
NT3X48AA RLM RLM T1 Line I/F 4.95
NT3X49AA RLM RLM Extension MEM 8.15
NT3X51AA RLM RLM Service Shelf Interface 2.99
NT3X65AA DCM Echo Suppressor 571
NT3X67AA ™ 6 Party Conference Circuit 1.78
NT3X68AA ™ Perm Sig & Conf Tone Generator 0.85
NT3X68AB ™ MF Dual Tone Generator 0.85
NT3X68AC MTM Call Waiting Tone Generator 0.85
NT3X70AA NM Network Crosspoint 2.66
NT3X71AA NM Network Test Code 1.28
NT3X72AA NM Network Serial Port Interface 3.91
NT3X72AB NM Network Serial Port Interface 3.61
NT3X73AA NM Network Serial to Parallel Formatter 3.66
NT3X74AA NM Network Control Processor (E-Core) 2.77
NT3X74AB NM Network Control Processor (E-Core) 2.46
NT3X74BA NM Network Control Processor (CP) 4.91
—continued—
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Table 1-51

DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT3X74BB NM Network Control Processor 5.56
NT3X75AA NM Network P-Side Message Processor 2.09
NT3X75BA NM Network P-Side Message Processor 2.97
NT3X76AA NM Network Clock 2.63
NT3X76AC NM Network Clock 5.25
NT3X82AA MTM OAU Dead System with Unique Audible 2.75
NT3X82AB MTM OAU Dead System with Common Aud. 2.25
NT3X83AA MTM OAU Alarm Transfer 3.05
NT3X84AA MTM OAU Alarm Sending 2.50
NT3X85AA MTM OAU Alarm Grouping 2.65
NT3X86AA NM Network Parallel to Serial Formatter 5.03
NT3X91AA ™ Remote Office Test Line 2.71
NT3X93AA PS 256K Memory 6.00
NT3X94AA PS 4 MW Memory Controller 3.70
NT4X01BA TOPS TOPS B01 Control Board 7.67
NT4X01BB TOPS Blind Operator Interface 2.67
NT4X08AA TOPS Attendant Console Main Circuit Pack 5.70
NT4X21AA TOPS Main Set Circuit Pack (Basic) 3.35
NT4X21AB TOPS Main Set (Display) 4.68
NT4X21AC TOPS Button Add-On 4.02
NT4X21AD TOPS Handsfree Auto Answer 251
NT4X23AA TOPSDTU Digital Test Unit 11.93
NT4X25AA TOPS Data Unit Sync/Asyn LS, Variable 6.27
NT4X25AB TOPS Data Unit Sync/Asyn LS 1.14
NT4X25AD TOPS Data Unit Rack Mount LS 6.98
NT4X25AM TOPS COAX Eliminator CUI/F 7.72
NT4X25BA TOPS Dial/Key 5.60
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Table 1-51

DMS SN and DMS-100 family PCP failure rates

(continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT4X25BB TOPS Switch Interface 0.92
NT4X25BC TOPS Low Speed Main PCB Assy. 4.44
NT4X25BE TOPS High Speed Main PCB Assy. 4.84
NT4X25BR TOPS Data Unit COAX PCB Assy. 5.51
NT4X25CH TOPS Low Speed Rack Mount Autoloop Back 4.79
NT4X26AA TOPS Subscriber Access Multiplexer (SAM) 4.45
NT4X26AB TOPS SAM-1A (TF) 7.67
NT4X30AA TOPS P1 Business Set (W78) 4.61
NT4X60AA TOPS TOPS Power Supply 2.16
NT4X60AB TOPS TOPS Power Supply 2.18
NT4X61AA AOSS Audio Control 2.79
NT4X62AA AOSS Data Control 3.81
NT4X63AB AOSS Keyboard Assembly 0.10
NT4X63AC AOSS Module Controller 3.08
NT4X63AD AOSS Display Unit 4.02
NT4X63AE AOSS Row and Column Control 1.39
NT4X63BD AOSS Display Controller 1.80
NT4X79AA CccCC 16 MW Memory Control 4.93
NT4X80AA CCC IMW Memory 8.46
NT5X25AA ™ 1 WY TRK OUTG GRD ST DP/DTMFOR 6.94
INCM LP OR GRD ST 20Hz RG
NT5X29AB MTM Service Observing Circuit 4.80
NT5X29AC MTM Audio Answer Detect MF CKT 1.96
NT5X30AA MTM [0l Communication Test Line CKT 2.77
NT5X48AA TOPS 480Hz & 620Hz Tone Generator (TOPS) 0.20
NT5X48AB TOPS Tone Amplifier (TOPS) 0.49
NT5X48AC TOPS Tone Monitor 0.38
NT5X49AA TOPS Converter CPNTA (TOPS) 1.07

—continued—
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Table 1-51

DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT5X5201 ™ Component Assembly 0.05
NT5X5202 ™ Component Assembly 0.09
NT5X67AA DCM DCM Cutover CKT 212
NT5X6901 MIS Inactive System Timing 0.03
NTE6X17AA LCM Standard Line CCT Type A with Cutover 1.20
NT6X17AB LCM Standard Line CCT Type A with Cutover 1.15
(20 dB)
NT6X17AC LCM Standard Line CCT Type A with Cutover 0.57
NT6X18AA LCM Line Card Type B 0.78
NT6X18AB LCM Line Card Type B with +48V 0.87
NT6X19AA LCM Message Waiting Line Card 0.93
NT6X20AA LCM Message Waiting Converter Card 0.62
NTE6X21AA LCM P-Phone Line Card 15 KFT 1.13
NT6X21AB LCM P-Phone Line Card 15 KFT 0.97
NT6X21AC LCM P-Phone Line Card 15 KFT 1.08
NT6X23AA LCM Converter 1.02
NT6X30AA LCM Ringing Generator 9.86
NT6X30AB LCM Ringing Generator CP 10.95
NT6X36AA LCM FSP Alarm 0.90
NT6X38AA RLM Ringing Control 10.21
NT6X40AA LGC/DTC DS-30 Network Interface 6.26
NT6X40AB LGC/DTC DS-30 Network Interface 5.94
NT6X40AC LGC/DTC DS-30 Network Interface 5.48
NT6X40BA LGC/DTC SCM DS-30 Interface CP 2.46
NT6X41AA LGC/DTC Speech Bus Formatter 5.12
NT6X42AA LGC/DTC Channel Supervision MSG 4.43
NT6X43AA LGC/DTC MSG Interface 3.59
NT6X44AA LGC/DTC Time Switch 3.42
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)
Predicted failure
rate per million
Pack name Pack location Description hours
NT6X44AB LGC/DTC Time Switch 3.72
NT6X44CA LGC/DTC Time Switch A/MU 4.17
NT6X45AA LGC/DTC LGC/DTC Processor 8.12
NT6X45AC LGC/DTC LGC/DTC Processor 4.39
NT6X45AE LGC/DTC LGC/DTC Processor 4.29
NT6X45AF LGC/DTC LGC/DTC Processor CP 5.02
NT6X45CA LGC/DTC SMS Processor CP 5.20
NTE6X46AA LGC/DTC SP Memory Plus 12.58
NT6X46AB LGC/DTC SP Memory Plus 453
NT6X46AC LGC/DTC SP Memory Plus 3.15
NT6X46BA LGC/DTC SP Memory Plus 3.97
NT6X47AA LGC/DTC MP Memory 16.73
NT6X47AB LGC/DTC MP Memory Plus 8.74
NT6X48AA LGC/DTC DS-30 LCM Interface 4.18
NT6X49AA LGC/DTC DS-1 MUX Multiplexer 2.22
NT6X50AA LCM DS-1 Interface 3.84
NT6X51AA LCM LCM Processor 3.95
NT6X51AB LCM LCM Processor 8.21
NT6X52AA LCM Digroup Controller Card 7.07
NT6X53AA LCM Power Converter 5V/15V 3.99
NT6X54AA LCM Bus Interface 2.20
NT6X60AA RLCM Ringing Generator 9.98
NT6X65AA MSB CCIS Signaling Terminal 9.24
NT6X66AA MSB CCST Signaling Terminal 3.64
NT6X67AA MSB Signaling Terminal Buffer 0.62
NT6X68AA MSB Signaling Terminal Interface 1.09
NT6X68AB MSB Signaling Terminal Interface 1.94
—continued—
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Table 1-51

DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT6X68AC MSB Signaling Terminal Interface 1.45
NT6X68AD MSB Signaling Terminal Interface 1.47
NT6X69AA MSB CPP Message Protocol and Tone 4.25
NT6X69AB MSB CPP Message Protocol and Tone 4.88
NT6X70AA MSB CCIS Continuity Card 1.93
NT6X71AA LCM Data Line Card 1.14
NT6X71AB LCM Data Line Card 1.96
NT6X72AA RCE Host Link Formatter 4.03
NT6X73AA RLCM Link Control Card 4.98
NT6X74AA RLCM RMM Control Card 9.23
NT6X74AB RLCM RMM Control Card 3.72
NT6X75AA RLCM ESA Tone and Clock Card 1.90
NT6X76AA LCM Asynch Intrfc Ln Crd (AILC) (2 Slots) 0.68
NTE6X79AA CPC Tone Generator 1.80
NT6X80AA SCM SCM Pad/Ring Card 2.05
NT6X80BA SMR/SMS SCM Pad/Ring Card 251
NT6X81AA SCM SCM A Bit/B Word 6.22
NT6X85AA SCM DS-1 I/F (SLC-96) 4.67
NT6X85AB SCM DSI I/F for SLC-96 4.65
NT6X86AA SCM A-Bit Message Card 3.64
NT6X92AA ™ UTR 12.08
NT6X92BA LGC/DTC UTR 6.26
NT6X92BB LGC/DTC UTR 7.59
NT6X99AA LCM Tester Line Card 1.87
NT8X02AA OPM Battery Charger Controller 2.36
NT8X12AA DSN Network Port CP 5.79
NT8X13AA DSN Crosspoint CP 2.89
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Table 1-51

DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million
Pack name Pack location Description hours
NT8X14AA DSN Test Code CP 1.59
NTOX12AA CM CPU Port 12.67
NT9X12AB CM CPU Port 12.73
NT9X13BA CCC CPU CP 18.49
NT9X13BB CCC CPU (Static RAM) CP 18.48
NT9X13BC CccC CPU (Static RAM) CP 18.48
NT9X13CA CccC CPU Plus 4 Mb CP 12.10
NT9X13DA CCC CPU 16 CP 6.14
NT9X13DB MS CPU (16MH2z) 16.02
NTOX14AA CCC Memory 4M CP 0.95
NT9X14BB CCC Memory 6M CP 8.00
NTOX15AA CCC Mapper CP 6.09
NTOX17AA CCC MS-4 Port CP 14.09
NT9X20AA CcccC DS5 Paddle board CP 5.21
NTIX21AA CccC CM Bus Terminator Paddle board 1.39
NTIOX23AA CCC DS30-4 Port Paddle board 4.13 2.67
NT9X23BA MS DS30 4 Port Paddle Brd (STP) CP 3.83
NTIX26AA CccC Remote Terminal Interface CP 2.54
NTOX27AA CCC CM Bus Extender 2.30
NTOX27BA CCC CM Bus Extender 0.79
NTO9X30AA CCC +5 Volt Power Converter 1.84
NTOX31AA CCC -5 Volt Power Converter 2.27
NTIOX32AA MS MS Load CP 1.10
—continued—
NTOX44AA CCC System Load Unit 26.01
NTOX46AA CCC Parallel Port Interface Paddle board 0.69
NTOX47AA CCC +12 Volt Power Converter 1.84
End
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Table 1-51
DMS SN and DMS-100 family PCP failure rates (continued)

Predicted failure
rate per million

Pack name Pack location Description hours
NT9X49CA CCC MS P-Bus Terminator 76 2.27
NTO9X52AA CCC T-Bus Access CP 1.54
NTOX53AA CccC MS Clock CP 8.13
NTOX54AA CCC MS External Clock Interface 2.30
NT9X54AB MS Ext. Clock Interface (Stratum 212.5) 2.33
NTOX73AA STP LMS-FBUS Rate Adapter 10.34
NTOX74AA STP FBUS Repeater-Terminator 3.18
NTOX75AA STP CPU-FBUS Interface CP 10.80
NTOX76AA STP STP Signaling Terminal CP 9.58
NTOX78AA STP STP DS-0A Interface Paddle board 4.45
NTOX79AA STP FBUS Extension Paddle board 0.53
NT9X79BA STP FBUS Extension CP-Terminations 0.81
End

Table 1-52

DMS SN reliability performance (hardware failures only)

DMS-100 parameter Predictions

System downtime 0.35 minutes per year

24 digital trunk downtime due to 5.50 minutes per year

hardware failures.

Single line downtime due to hardware  4.20 minutes per year
failures.
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Table 1-52
DMS SN reliability performance (hardware failures only)
DMS-100 parameter Predictions
Probability of cutoff call 0.03 x 107> line to line (LCM)

0.03 x 1075 line to trunk
0.03 x 1075 trunk to trunk

Probability of Reliability Related 0.20x 104 (LtoL)

Ineffective Machine Attempts 0.20x 104 (LtoT)

P(RRIMA) 020x10% (TtoT)

Table 1-53

Assumptions

1 The MTTR is three hours.

2 The duplicated equipment coverage is 99.9% for peripheral
equipment.

3 3-minute call-holding time is used for all cutoff call calculations.

4 P(RRIMA) and “Probability of Cut-off Calls” have been calculated

according to the equations in Appendices A and B.
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Chapter 2: Engineering description

DMS-100 family and DMS SuperNode

The DMS-100 switching system is based on a family concept to provide a
wide range of digital switching and networking functions. DMS switches are
characterized by their ability to meet new applications and reliability
requirements by incorporating the newest Nortel Networks technology in
their design. New technology in turn translates into greatly increased
capability and reliability at reduced cost for the telephone operating
companies.

The evolution of the DMS-100 Family is the result of modular design
techniques currently used in the development of both software and

hardware. Modularity may be thought of as the implementation of a complex
system through a set of functional units (modules) connected by

well-defined interfaces. As a result of precise module and interface design,
the various related components can be connected, disconnected, modified, or
improved without affecting the operation of other modules in the system or
the system as a whole.

The evolution from the DMS-100 F based NT40 processor to the DMS SN
makes possible these important technological improvements:

« increased processing and call-handling capacity
« reduced size of cabinets requires less housing space
« greatly improved reliability through technological improvements

DMS-100 family hardware architecture
Both the NT40 and the DMS SN have the same functional elements: the
control component, the messaging component, the Switching Network, the
PMs and the 1/0O Controller. Figure 2—1 shows this evolutionary process in
block diagram form.
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Figure 2-1
From DMS-100F to DMS SN — architecture evolutionary description

Functionality
NT40

Front end processor

Evolution
DMS SuperNode

Central control (CPM)

Front end processor

Central control (CM)

Messaging component

Messaging component

(CMC) (CMS)
Switching network > Switching network
XPM/PM XPM/PM

Peripheral module Peripheral module

I0C I0C
Input/output controller Input/output controller

Note: The CPM and the CM hereafter will be referred to as Central
Control, and the CMC and MS hereafter referred to as the Messaging
Component.

The control component coordinates call processing, diagnostics,
maintenance, user interface and including the actions of the Switching
Network and the PMs.

The DMS SN control component is called DMS-core. The DMS-core
consists of a duplicated Computing Module and a SLM.

Most of the control component software is portable, this means that software
developed for the Central Control CPU NT40 can also be used on the
DMS-core.

The messaging component routes messages within the DMS-100.
There are also two generations of the messaging component:

1 Inthe NT40, it is the Central Message Controller (CMC).
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2 Inthe DMS SN, it is called DMS-Bus. DMS-Bus consists of high
throughput duplicated Message Switches (MS). The Message Switch is
based on the DMS SN CPU; thus, it uses some of the same software as
the CM and the Central Control Unit.

The switching network is a digital-switching matrix that interconnects

the PMs, using time-division multiplexing. The Switching Network has
duplicate network planes for reliability. The Switching Network components
are microprocessor-controlled, digital-switching Network Modules (NM).
The Switching Network can be connected either to the Central Message
Controller or to the DMS-Bus.

There are two generations of the switching network. The first is the
junctored network (J-Net) and the second is the enhanced network (E-Net).
The NT40 can use only the J-Net while the DMS SN can use both the J-Net
and the E-Net.

The peripheral modules (PM) provide an interface between the
Switching Network and the outside plant, such as lines and trunks.

The input/out controller  (I0OC) provides an interface between the
messaging component and input/output devices such as magnetic-tape
drives, disk drives, data links, video display units and printers.

The maintenance administrative position (MAP) is a video display
unit connected to the IOC which provides a man-machine interface for the
DMS-100 and the DMS SN.

For reliability, both the NT40 and the DMS SN have duplicated control
components that operate in synchronism and duplicated messaging
component elements that operate in a load-sharing mode. Duplication offers
hardware fault protection, as well as the ability to carry out office extensions
and software updates without disrupting service.

Functional modularity

A digital connection can be established among PMs under the direction of
the control component. Once connected, the PMs can pass voice/data and
Pulse Code Modulation (PCM) signals among themselves.

Hardware and functional modularity are most evident at the PM level of the
system. The PMs connect both analog and digital voice and signaling
transmission systems. Each PM also provides signal processing to convert
data to a common digital format for transmission to another PM connected
by the way of the Switching Network. The destination PM reconverts the
common format to the one required by the facility with which it connects.
The conversions involved are:
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Hardware and functional modularity are most evident at the PM level of the
system. The PMs connect both analog and digital voice and signaling
transmission systems. Each PM also provides signal processing to convert
data to a common digital format for transmission to another PM connected
by the way of the Switching Network. The destination PM reconverts the
common format to the one required by the facility with which it connects.
The conversions involved are:

« analog-to-digital (A/D) — for conversion of voice-frequency analog
signals to internal digital signals

+ digital-to-analog (D/A) — for conversion of internal digital signals to
analog voice frequency signals

- digital-to-digital (D/D), — conversion from internal to external formats
on digital facilities (for example, DS-1 format used on a T1 digital
carrier

Functional modularity is graphically illustrated in Figure 2-2.

In addition to signal processing, the PMs also perform many of the common
and real time consuming functions associated with a particular facility or
terminal, such as terminal supervision and control. The term “terminal” as
used here refers to both the interface circuit on a circuit card mounted in a
PM unit and the device to which it is connected. Telephone sets, trunk
circuits, video display units and data links are examples of devices
mentioned here.
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Figure 2-2
DMS SN functional view
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For example, Line Modules perform line supervision, digit reception and
ringing functions. As a result, the control component needs only to
determine call destination when all digits are received and to establish a call
connection through the Switching Network. In other words, the control
component coordinates the actions of the PMs; the PMs themselves provide
the terminal-specific functions. Modularity and distribution of functions

have resulted in a distributed processing system architecture.

Distributed processing architecture

The DMS-100 Family of switches employ a distributed processing
architecture that uses several different processors. Function and
Technological evolution determine the choice of a particular processor.

« The DMS SN CM and Message Switch are programmed in PROTEL, a
high-level language developed by Nortel Networks.

+ The NT40 Central Control CPU uses a microprogrammable processor
that is programmed in PROTEL.

+ The PMs use a processor that is programmed in an 8085 assembly-level
language.

+  The XPMs use a processor that is programmed in PASCAL. XPM is a
term applied to the PMs based on the Extended Multiprocessor System
(XMS) also developed by Nortel Networks.

Although each has a different programming environment, these units
communicate by means of a simple interface. Messages are sent over serial
data links designated as DS-30, DS-512, and DS-1.

Under normal circumstances, the two CPUs operate in synchronism (that is,
both are simultaneously executing the same instruction with the same data).
Each has access to certain state information in the mate CPU; therefore, fault
detection (for example, matching for loss of synchronism) can be carried

out. In addition, this access provides inter-processor communication for
system maintenance software.

The Input/Output Controller (I0OC) connects a variety of input/output
devices with the CPU using the Messaging Component links. These devices
include VDU, printers, magnetic-tape drives, disk drives, and data links.

DMS SN cabinet

High density component packaging resides within a six foot high cabinet
that is thermal efficient, earthquake protected (Zone 4-NEBS), and
Electromagnetic Interference (EMI) and EMI and Electro-Static Discharge
(ESD) compliant. The various hardware utilities are packaged in the basic
DMS SN cabinet as shown in Figure 2-3. All critical elements of DMS SN:
the CM, SLM, and MS are duplicated for reliability and are shelf mounted.
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Figure 2-3
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Hardware architecture

The DMS SN hardware structure is based on a distributed processing
architecture organized into four functional elements:

+ DMS-Core and DMS-Bus (DMS SN)
+ 10C

«  Switching Network, made up of microprocessor-controlled,
digital-switching NM that interconnect the PMs, using time-division
multiplexing

+ Microprocessor-controlled PM

The DMS SN, is made up of two distinct entities: the CM and MS. Each of
these components is duplicated for reliability. This configuration is
illustrated in Figure 2-4. Duplication offers hardware fault protection, as
well as the ability to carry out office extensions and software updates
without disrupting service. However, duplication of these entities differ in
this manner:

+ CM CPUs operate in SyncMatch Mode. This allows uninterrupted
control in the event of a fault.
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+ MS operate in a load-sharing mode. This means that both MSs are
sharing the message flow and if one MS fails, the other assumes the full

load capacity in the event of a failure.

This technique not only results in true redundancy of these two entities but
also makes possible in the sharing of connections between themselves. Each
CPU has a serial fiber optic connection to each MS. This direct connection
between the two CMs is the Mate Exchange Bus which in turn makes
possible a secondary connection between MCs using the port crossover bus.
This ensures complete redundancy for the CM connections. Additional serial
digital data links interconnect the messaging component (DMS-Bus) with

the switching network and the PMs.

Figure 2-4

Block diagram DMS SN front end

DMS-core computing module

Mate exchange bus
|

Port crossover
bus

MSO

MS1

Serial digital data links interconnect the control component, the messaging
component, the Switching Network, and the PMs. In addition, there are data

links between the messaging component and the 10C.

DMS SN

DMS SN consists of the DMS-core and the DMS-Bus.

PLN-5001-001 Standard 02.09 February 2000




Engineering description 2-9

These hardware components are interconnected by DS-512 links referred to
as CMIC Links. DMS-Bus is connected to the Switching Network by way of
DS-30 links.

The Reset Terminal, connected to the CM and MS are used to perform basic
initialization and maintenance functions for the DMS-core and the

DMS-Bus. The Reset Terminal is connected to the Reset Terminal Interface
(RTIF) paddle board in the Computing Module and the Message Switch. The
RTIF paddle board is connected to a USART (Universal Synchronous
Asynchronous Receiver Transmitter) on the DMS SN CPU circuit pack.

DMS SN hardware components

The DMS SN hardware components consist of circuit packs and paddle
boards, interconnected by a two-sided back-panel; these components reside
on shelves within a cabinet. A circuit pack is a multilayered, printed circuit
board that plugs into the front of the backpanel. A paddle board is shorter
than a circuit pack, but it employs similar technology. Paddle boards plug
into the backpanel and typically provide auxiliary and interface functions.

DMS SN central processing unit

The DMS SN Central Processing is a 32-bit microprocessor with a built-in
instruction pre-fetcher and built-in instruction cache. The instruction cache

is a fast on-chip memory that stores the most recently-executed instructions.
The microprocessor is register oriented and uses an instruction set especially
defined for it. The CPU also includes a Memory Access Unit (MAU) that
provides the following functions:

» high-speed data cache to reduce processor-memory interaction

+ memory access protection for up to 256 Mbytes of memory, in units of
64 kbytes (one page of memory)

+ interface between CPU and memory
« parity checking

The instruction cache and data cache allow the CPU to operate with a
greater throughput than is possible with only random memory access.

The CM and the MS use different versions of the CM. They differ only in

the amount and type of memory provided. Both the CM and the MS use the
Support Operating System (SOS). Each has its own CPU and which also
uses additional software. Some software is used by the CM and the MS and
is common to both, while some software is unique and is used only by one
or the other. However, each maintains its own copy of the SOS plus all other
common software and its own unigue software. Each has its own clock for
program-instruction sequencing and timing functions.
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DMS SN memory
DMS SN Memory consists of memory circuit packs. Identical memory
circuit packs are used in both the CM and in the MS.

The memory consists of integrated Program Store and Data Store on the
same bus. There are separate data and address buses, each 32 bits wide.
Memory is byte addressable; thus, the logical address range is 4 Gbytes.

Memory access protocol

Memory is partitioned into 64 kbyte pages. The function of each page of
memory is defined by memory protection attributes in the MAU. Four types
of memory protection attributes are provided in the DMS SN:

1 Write Protection
2 Program Only
3 Data Only

4 Supervisor Mod

Combinations of these attributes determine the characteristics of each page
of memory as follows:

Program store has the Program Only attribute. Write protection in
Program Store is implemented by means of a counter. Only the program
loader and some debugging tools modify Program Store.

Protected data store has the Data Only and Write Protection attributes.
Write protection can be disabled temporarily for all of DSPROT.

Data store or program store reserved  for use by the Support
Operating System (SOS) has the Supervisor Mode attribute, in addition to its
other attributes.

Data store All other types of Data Store have the Data Only attribute.

Unallocated memory has the combination of Data Only, Program Only
and Write Protection attributes.

Physically, memory is provided on memory circuit packs. There are three
types of Memory circuit packs:

1 6 Mbytes of dynamic random-access memory (DRAM), is divided into
three 2 Mbyte memory modules (NT9X14BB).

2 24 Mbytes of dynamic random-access memory (DRAM) is divided into
three 8 Mbyte memory modules (NT9X14DB).
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3 96 Mbytes of dynamic random-access memory (DRAM) is divided into
three 32 Mbyte memory modules (NT9X14EA).

Each memory module, illustrated in Figure 2-5, has its own memory
controller.

Memory is organized into 40 bit words: 32 data bits, seven error-correcting
code bits and one parity bit. The error-correcting code bits provided the
capability to correct single-bit errors and to detect multiple-bit errors. The
error-detecting and error-correcting capabilities are implemented in the
memory controller hardware.
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Figure 2-5
Memory modules, pages and segments
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DMS-core

DMS-core, the control component of DMS SN, performs call processing and
maintenance functions. DMS-Core consists of a CM and a System Load
Module (SLM). The basis components of the CM are the Computing

Module CPU, memory and the Message Controller. The CM is designed to
provide increased processing and call-handling capacity as compared to the
Central Control CPU of the NT40. The CM is fully duplicated operates in
synchronism. Both Units resided on a single shelf, called the CM Shelf. One
side of the CM Shelf contains CPU-0 and the other side contains CPU-1.
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Computing module operating modes

When the duplicated CPUs in the Computing Module are operating in
synchronism, the controlling CPU is called “active,” and the mate is called
“‘inactive.” When operating in the SyncMatch mode, both CPUs will be
operating from one of the CPU’s clock.

Table 2-1

Name of table

Operating modes Clock status

When the operation goes into Sync: The clock on the active CPU is used by

both CPUs (unless the active CPU’s
clock is faulty).

Scheduled SWACT are preformed Clock does not move.
during low traffic periods to ensure that
both units are functioning (operating in
Sync):

Operation in DPSync: Each CPU uses it's own clock.

Computing module memory

When the dual CPUs in the CM are operating in synchronism, the memory is
synchronized with the CPU and the error-correcting capability is
software-disabled for faster operation. When the dual CPUs in the CM are
not operating in synchronism, the memory is not synchronized with the other
processor and the error-correcting capability is enabled.

Each CM can be equipped with up to ten memory circuit packs for a total of
240/400 Mbytes depending on the processor and memory used.

Message controller

The Message Controller (MC) provides serial message links between the
DMS-core and the DMS-Bus. Each MC consists of two CM Port circuit
packs, each with an associated DS-512 Interface paddle board. Each CM
Port circuit pack in conjunction with its associated DS-512 Interface paddle
board provides the following functions:

+ access to the CPU bus

« access to the mate CPU bus through the port cross-over bus

« generation of incoming message interrupts

« message buffering

« protocol handling - supports DS-30, DMSX and DMSY protocols
+ parallel-to-serial and serial-to-parallel conversion
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One of the two CM Port circuit packs in each MC is located on the CPU-0
side of the CM Shelf; the other one is located on the CPU-1 side. Port
cross-over buses between the CM Port circuit packs allow the active CPU to
have read/write access to all four ports. The inactive CPU has read-only
access to all four ports when the dual CPUs in the CM are operated in
synchronism. Each MC is connected to both Message Switches by the way
of two DS-512 message links to each Message Switch.

The two DS-512 links associated with the active CPU are called primary
links. the two DS-512 links associated with the inactive CPU are called
secondary Links. If a primary link failure occurs, the MCs re—route
messages over a secondary link by way of the port cross-over buses.

When the duplicated CPUs are operating in synchronism, the MCs route
incoming messages to both CPUs by the way of the port cross-over buses.
The MCs also synchronize the two incoming message interrupts to the CPs.

Message controller synchronization

The CM Subsystem Clock paddle board generates the Transmit Frame Pulse
required for CM Port circuit pack synchronization. One CM Subsystem

Clock paddle board is located on the CPU-0 side; the other is located on the
CPU-1 side of the CM Shelf. Each CM subsystem Clock paddle board
provides the master clock and Transmit Frame Pulse to the two CM Port
circuit packs located on the same side of the CM Shelf.

Error detection capability

1 CM Memory — when the CMs are operating in synchronism, the memory
is synchronized with the processors and the error-correcting capability is
software-disabled for faster operation.

When the CM are not operating in synchronism, the memory is not
synchronized with the other processor and the error-correcting capability
IS enabled.

2 DMS SN Memory — the DMS SN Memory has four kinds of memory
protection. These are: 1) Write protection, 2) Program protection, 3)
Data only, 4) Computing Module Memory

3 Message Switch and CPU — he CPU and Memory Subsystem configures
and maintains the other subsystems. The Series 20 version of the DMS
SN processor circuit pack is used in the MS CPU and contains four
Mbytes of memory; All the software used by the MS resides on 6
Mbytes. Memory circuit pack and on the processor circuit pack. The MS
error detection and error correction are always enabled.
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Figure 2-6
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Each DS-512 Interface paddle board provides a Receive Frame Pulse (RFP)
derived from its DS-512 link to one of the two MSs. The CM software

selects one of the two DS-512 Interface paddle boards on each side of the
CM shelf: the CM Subsystem Clock paddle board uses the RFP from the
selected DS-512 Interface paddle board as the reference for Clock
synchronization. The relationships between the CM Subsystem Clock paddle
boards and the CM Port circuit packs are shown in Figure 2-6.
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Time of day clock

Each CM Port circuit pack contains a 48 bit timer that is used as a
Time-of-Day (TOD) clock for the CM. Each CM Subsystem Clock paddle
board provides the clocking signal for the two TOD clocks located on the
same side of the CM shelf. The two TOD clocks in each pair always agree
within a small tolerance. The CM maintenance software monitors the TOD
clocks and keeps them in close agreement. The four TOD clocks provide an
accurate and reliable TOD reference for the CM.

System load module

The System Load Module (SLM) consists of a disk drive (150/600 Mbytes)
and a tape cartridge (75/150/250 Mbytes and it is used to download office
images. The tape cartridge is operated in streaming mode. The SLM allows
rapid installation of software loads, compared to a magnetic tape drive or a
disk drive connected through the I0C. There are two SLMs, one connected
to each of the duplicated CPUs in the Computing Module. A software load
can be installed in either CPU from either SLM through the port cross-over
buses.

DMS-bus

The DMS-bus is the messaging component of the DMS SN and consists of
duplicated MS that operate in a load sharing mode. The MS concentrates
and distributes messages in the DMS-100. The MS is designed to provide a
greater message traffic capacity and longer message length compared to the
Central Message Controller (CMC). The MS provides the central clock
source for the DMS-100 office. Each MS resides on a separate MS shelf.

On the peripheral side, the MS can be connected to both the DS-30 and
DS-512 links, and can support DS-30, DMSX and DMSY protocols. When
connected to DS-30 Links, the MS converts between DS-30 and
encapsulated DS-30 message formats.

The MS can route messages using either a logical address or a physical
address. Logical addresses are converted to physical addresses by
component of the MS called the Mapper Subsystem.

The MS is built around two major internal buses:

The processor bus (P-bus) The Message Switch CPU uses the P-Bus to
communicate with all other components of the MS. The P-Bus used
primarily for control and maintenance.
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The transaction bus (T-bus) Messages are transmitted from port to port
over the T-Bus. It is a synchronous bus operating at 4096 Mb/s. The T-bus is
composed of these four ar buses:

1 The address/data bus is a 32 bit-wide two-way bus carrying multiplexed
address and data information. The addresses are the logical land physical
destination addresses; the data consists of the messages to be rerouted.
The net data rate is approximately 130 Mbytes/bits per second (32 by
4096 Mb/s). A 4 bit parity bus is associated with the address/data bus
(one parity bit per address/data byte).

2 The control/status bus identifies the state of the address bus (for
example, address cycle, data cycle, end-of-message cycle).

3 The access control bus implements a distributed arbitration algorithm to
resolve T-bus access contention quickly and fairly.

4 The timing bus carries all the clock signals necessary for the operation of
the T-bus and the Port Interface Subsystem.

The MS consists of the following subsystems:
+ Processor and Memory subsystem
« Port Interface subsystem

« Mapper subsystem
+ Clock subsystem

A functional view of the MS is illustrated in Figure 2-7.
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Figure 2-7
A functional view of the message switch
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The processor and Memory Subsystem configures and maintains the other
subsystems. One 6 MByte Memory circuit pack is required in the Message
Switch; all the software used by the Message Switch resides in this Memory
circuit pack and on the processor circuit pack. Error detection and error
correction are always enabled for the Message Switch memory.

Port interface system

The Port Interface Subsystem provides interfaces to DS-30 and DS-512
links, including protocol handling for DS-30, DMSX and DMSY protocols.
The Port Interface Subsystem includes universal port cards called MS 4 Port
circuit packs with associated paddle boards for DS-30 and DS-512 links.
Each MS 4 Port circuit pack serves one to four ports and provides the
following functions:

An interface to the T-bus allows the port to transmit and receive messages
over the T-bus.

Protocol handlers for the DS-30 and DS-512 links; Port is programmed for
one of three protocols: DS-30, DMSX or DMSY.
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Buffers to temporarily store messages in transit between a DS-30 or DS-512
link and the T-bus. These buffers are required because of the different speeds
of the T-bus (130 Mb/s) and the DS-30 and DS-512 links (2.56 to 32 Mb/s).

Each DS-30 link is associated with one MS port since all 32 channels on the
link are associated with one Network Module (NM) or with one Input/Out
Controller (I0C). Each DS-512 link connected to a CM is associated with
one MS port since the link consists of one 32 Mb/s message channel.

The Port interface Subsystem provides the interface between the P-bus and
the T-bus by means of the T-Bus Access circuit pack.

Mapper subsystem

The Mapper Subsystem converts logical addresses to physical addresses and
provides route status information.

Message switching is the MS operates in one of two modes:
1 Mapper Assist Mode

Logical addresses are converted to physical addresses by the Mapper
Subsystem. Mapper assist mode is used when the physical address is set
to a default value (all ones).

2 Mapper Bypass Mode

Physical addresses are used to route messages. The Mapper Subsystem is
not used.

A logical address is a 16-bit destination node identifier; a physical address
consists of a 7-bit MS 4-Port Circuit address and an an 8-bit port number
that identifies the port on the MS 4-Port circuit pack.

The Mapper Subsystem consists of a block of memory that contains mapper
tables. For each logical address, the mapper tables provide a Primary
Physical Address (PPA) and a Secondary Physical Address (SPA). The SPA
is used if the PPA is not available. The mapper tables also indicate which
MS 4 Port circuit packs and ports are not available due to hardware faults or
maintenance actions.

The information in the mapper tables is supplied by DMS core after system
initialization and after the I/O System routes have stabilized. The mapper
tables are updated during operation to reflecting changes in route availability
and additions and deletions of routes.

Clock subsystem

The Clock subsystem provides the system clock source for the DMS-100
office and the MS subsystem clock source for the MS.
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The system clock is provided by the System clock circuit pack

(NT9X53AB). One Message Switch provides the master clock source for the
DMS-100 office; the other Message Switch clock is synchronized to this
master clock source. The System clock circuit pack may be synchronized to
one of three sources:

1
2
3

the mate Message Switch clock
an external clock source within the DMS-100 office

any of the DS-1 links connected to a Digital Trunk Controller (DTC),
Line Trunk Controller (LTC), or Digital Carrier Module (DCM) when
the DMS-100 is operating in a digital network environment

The System clock circuit pack also provides the MS subsystem clock needed
for Port Interface Subsystem and T-bus operation.

Input/output controller
The Input/Output Controller (IOC) connects a variety of input/output

devices with the Central Control CPU by way of the message links to the
messaging component. These devices include video display units (VDU),
printers, magnetic-tape drives, disk drives and data links.

The 10C, together with the I/O Device Controller that connects with the
particular device, perform the necessary conversion to DS-30 format for
communication with the control component by way of the message links.
Two DS-30 links connect to the IOC, one from each message component.
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Figure 2-8
Simplified diagram of input/output controller
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The PMs and the control component communicate with one another by
means of messages sent over DS-30, DS-1 and DS-512 links. The messages
can be PCM signals, or they can be control and information messages
exchanged by the control component, the Switching Network and the PMs.

Nodes - NMs, PMs, IOC
Any unit that can accept messages or originate them, or both, is termed a
“node.” Therefore, the control and messaging components, the NMs, the
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PMs and the I0C are all nodes. In the DMS-100, the side of a node (or link)
“facing” toward the Central Control processor is referred to as the “C side;”
the side of a node (or link) facing toward the PMs is referred to as the “P
side.” In DMS SN, the side of a node (or link) facing toward the DMS-Bus

is referred to as the C Side: the side of a node (or link) facing away from the
DMS-Bus is referred to as the P side. In both switching systems, messages
going from the C side to the P side are called outgoing messages. Those
coming from the P side to the C side are called incoming messages.

When installed, each NM, 10C and PM is assigned a unique node number
by the system. Each terminal controlled by the node is assigned a unique
number on the node. Therefore, every terminal (for example, line and trunk)
on the system is identified internally by a unique “terminal identifier” made
up of the node number and the terminal number on the node. This identifier
may be thought of as the address of a terminal. The Central Control
Processor software controls terminals by sending messages to the nodes on
which they are located. These messages include the terminal identifier, as
well as the data necessary for the particular action being performed.

Message link control is handled by the 1/0 System. This function is
distributed among the nodes since each node must receive and send
messages over its C side and P side message links. The I/O System uses
routing land error control information is a message to ensure successful
message transmission in the presence of link noise or in the event of
transient or permanent hardware faults.

DS-30 interface

The common interface between components of DMS-100 system is a serial
data link with a bit-stream format. This format is termed “DS-30” and is
composed of thirty two 10 bit channels within a 125 ms frame. The channels
are numbered 0 to 31; channel O comes first in time.

Note: Framing is required so that both sending and receiving equipment
can agree on channel and bit number.

DS-1 interface

Certain PMs, such as the Remote Line Module, are located at a distance
from the Switching Network, and make use of DS-1 transmission facilities
to connect to it. Within the North American network, the standard for digital
transmission is DS-1. The T1 digital carrier is an example of a digital
transmission system that uses DS-1. DS-1 carries PCM signals in 193 bit
frame (twenty four 8 bit channels plus a framing bit.)

DS-512

The DS-512 format is the standard for internal optical fiber links on DMS
SN. A DS-512 link is equivalent to 16 DS-30 links, multiplexed onto a
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single optical fiber. One channel is used for link synchronization. DS-512
provides more bandwidth than DS-30, and allows greater packaging density.

DS-512 format is used on the link between DMS-core and DMS-bus. This
link is a 32 Mb/s message channel. The distance specification of a DS-512
link is 250 meters. The DS-512 link is based on short-wavelength optical
technology, using LEDs and multi-mode fiber.

Switching network

The Switching Network can be connected either to the messaging
component by way of the DS-30 links. The Switching network is illustrated
in Figure 2-9.

The Switching network switches Pulse Code Modulation (PCM) signals
using time-division multiplexing. It performs the following tasks:

« Establishes a DS-30 channel between incoming and outgoing ports under
command of the Central Control Processor (CCP) (that is, connects two
PMs by way of switched DS-30 link).

« Provides signal processing (digital attenuation and gain) for PCM
signals.

+ Inserts outgoing control messages from the CCP into the DS-30 message
channels to the PMs.

« Extracts incoming messages from the PM message links and forwards
them to the control component.

The Switching Network consists of up to 32 NM. Each NM has up to 64
DS-30 incoming ports and 64 DS-30 outgoing ports. The incoming side is
termed the “peripheral side,” because this side connects to the PM links
(termed “speech links”). The outgoing side is termed the “junctor side,”
since this side is used to interconnect the NMs by way of speech links called
“‘junctors.” Thus, any NM peripheral-side port or channel may be connected
to any other NM peripheral-side port or channel, thus establishing a DS-30
channel connection.

A NM consists of a time-division-multiplexed switching matrix controlled

by a Network Module Controller (NMC). The NMC connects with the
messaging component by way of DS-30 links. The NM determines which
messages coming from the control component are Switching Network

control messages, and which are messages destined for the connected PMs.
It takes action on Switching Network control messages and forwards the PM
control messages to the PMs. Messages from PMs to the CCP are forwarded
by way of the messaging component.
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Figure 2-9
Switching network configuration
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Network module controllers

NMCs are duplicated and the mates are termed “Plane 0” and “Plane 1.”
Refer to Figure 2-10. The NMCs operate in “duplex” mode. Each CMC and
each Messaged Switch has two ports assigned to each NM: one for messages
assigned to Plane 0 and one for messages assigned to Plane 1. Switching
Network control messages are sent duplex from the control component to an
NM. Thus both planes receive a connection message and both establish a
connection. Therefore, PMs connected through the Switching Network have

a duplicated path over which to communicate with the CCP. Figure 2-10
shows the Duplicated NMCs.

PLN-5001-001 Standard 02.09 February 2000



Engineering description 2-25

Figure 2-10
Duplicated network module controller
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Messages sent to PMs are sent simplex; each message traverses the
messaging component-to-NM links and the NM-to-PM message link, as
specified in the routing information carried in the message. If a message link
fails, the following action occur:

« The link is taken out of service for maintenance.
« All messages are routed through the remaining good link.

Since a NM path is uni-directional, two paths are required to establish a
bi-directional channel. Thus, there are two “sides” to a plane designated as
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Side A and B. Side A switches PCM signals from the peripheral side to the
junctor side, while Side B switches PCM signals from the junctor side to the
peripheral side.

The junctors are DS-30 links providing NM interconnection and
intra-connection. Junctors carry 31 channels of speech, with one channel
(channel 0) used for Switching Network DS-30 synchronization.

The designated grade-of-service (probability of blocking) of the Switching
Network is achieved with traffic offered by 30 channels of DS-30 at the
speech links. Thus, two channels of a speech link (channels 0 and 16) are
available for other purposes. Channel 0 is made available for messaging and
channel 16 for maintenance features. Channel 16 is also used by
Inter-Peripheral Message Links (IPML).
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Figure 2-11
Intra-network connection
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Intra-network connection

Two PMs on the same NM are intra-connected by a single junctor. The PMs
have one (duplicated) link connected to both planes of the NM. In this case,
the link carries both speech and messaging. As shown in Figure 2-11, the
two PMs are connected by way of the Switching Network. Note that the
illustrated connection represents both space and time since a link/channel on
one PM is connected to a different link/channel on the other. In this case,
only one Physical junctor is necessary since it can carry up to 31 channels.
PCM signals from each PM are carried on the single junctor, but in different
time-slots (channels).

Inter-network connection
The PM terminals to be connected are located on different NM’s (refer to
Figure 2-12).
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Figure 2-12
Inter-network connection
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Peripheral modules

A system overview
Peripheral Modules (PM) perform the following tasks:

+ PMs connect analog and digital facilities for conversion of data and
signaling to and from internal DS-30 format.

+ PMs transmit DS-30 Pulse Code Modulation (PCM) signals and data to
other PMs connected through the Switching Network.

« Additional signal processing is provided by PMs through the use of
service circuits (for example, Multi-frequency and Dual-Tone
Multi—-frequency receivers).

« PMs provide circuits for frequency and level measurements that are
associated with the maintenance of switch hardware and facility
transmission performance.

« PMs provide for subscriber or terminal signaling.

« Subscriber terminal signaling, such as busy tone and dial tone,
multi—frequency digit outpulsing tones, and ringing current to telephone
sets to subscriber loops is made possible by PMs.

PMs are microprocessor based; are produced in a variety of types to handle
specific functions. All PM software is down-loadable from the control
component, with the exception of a small amount that resides in read-only
memory (ROM) and is necessary to control software down-loading. Each
PM is connected to the Switching Network by DS-30 links that carry these
transmissions:

« data for PCM signals
+ messages to and from the CCP
+ messages to and from PMs connected through the Switching Network

The connections through the Switching Network are duplicated. At least one
(duplicated) DS-30 link is provided.

Note: A duplicated link means that there are two links, one to each
Switching Network plane. Speech and signaling information is sent over
both links, but only one link is active. If a fault occurs on the active link,
the other link takes over.

How peripheral modules function in the network

Most PM types can be connected to the Switching Network with more than
one (duplicated) link—up to a maximum of 16. The number of links
depends on the volume of traffic to the Switching Network; the volume of
traffic the unit offers depends on the number of terminals that the unit
controls and on the traffic offered by each terminal.
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For PMs that control subscriber line circuits, concentration occurs between
terminals and links to the Switching Network. This is the case because line
traffic is low (typically 400 call seconds or 4 CCS), whereas a DS-30 link
channel can carry 36 CCS. Concentration at LCM/LGC makes efficient use
of link traffic capacities. The concentration is implemented by a
time-division-multiplexed switching matrix. Trunk PMs (for example, Trunk
Modules and DTCs) have no concentration since trunks operate at a high
traffic level (up to 36 CCS).

Prior to sending a Switching Network connection control messaged, the
central control processor informs each PM of the integrity value to be sent to
the other PM to be received from the other PM. These values can be
different. The control component selects integrity values on a per-connection
basis. Therefore, each connection gets a different integrity value (by cycling
through the existing 256 values, some of which are not allowed). Since there
are delays in the completion of the various functions on call connection, the
integrity byte allows each PM to verify that a connection has been
established before proceeding with its call processing function.

The integrity digit is checked to ensure that a connection continues to exist
for the duration of the call. Since a large amount of PM hardware and
software is involved in the transmission of the integrity byte, the functioning
of the PM is verified with integrity value continuity. In addition, since each
call connection is assigned a different integrity value, software error
occurring in the Switching Network path selection, which overwrites an
existing connection, will be detected through a change in integrity value.

Since the Switching Network connection provides a duplicate path (plane O
and plane 1), the Central Controller processor also tells the PMs which plane
is the “preferred plane.” PMs transmit over both planes. However, they
accept only PCM signals from the preferred plane, but this is different for
each call (that is for each connection).

Since the Switching Network operates in “duplex” mode, that PMs have
access to a duplicated link and a duplicated Switching Network plane. Upon
loss of integrity or parity, a PM switches activity to the mate link and
attempts to reestablish integrity with the other PM. A link or Switching
Network hardware fault is recoverable since a duplicated path is available;
therefore, there is no loss of connection. Loss of connection can be caused
by logic errors or by PM hardware failures.

Control messages are carried over channel 0 on one (duplicated) speech link
only. This link is commonly termed the message link. If a PM has more than
one duplicated speech link to the Switching Network, this channel is unused
on the remaining speech links. The control component sends and receives
PM messages by the way of the message channel. The 8 bit speech/data
portion provides a 64 kb/s channel. Bit 1 is not used since the messaged
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protocol detects messaged errors by checksum or Cyclic Redundancy Check
(CRC) coded comparison. Bit 0 is used for DS-30 frame synchronization.

Successive outgoing messages from the control component to the PMs use
alternate routes, therefore, outgoing messaging are distributed over the
routes. This mode of operation ensures equitable distribution of the message
traffic load over all elements of the I/O System.

Incoming messages from the PMs are sent over the “preferred route”
message link. The control component ensures that each PM has a preferred
route in order to guarantee that the incoming message load is distributed
over the I/O System.

List of peripheral modules

The hardware and software configuration of the PMs depends on their
function and geographical location. Some examples of PM types are:

+ Line Module (LM)
« Trunk Module (TM)
« Maintenance Trunk Module (MTM)
« Office Alarm Unit (OAU)
« Digital Carrier Module (DCM)
+ Remote Line Module (RLM)
+ Remote Service Module (RSM)
« Line Concentrating Module (LCM)
+ Line Group Controller (LGC)
« Digital Trunk Controller (DTC)
+ Line Trunk Controller (LTC)
+ Remote Line Concentrating Module (RLCM)
+ Remote Cluster Controller (RCC)
« Signaling Terminal (ST) and Message Switch and Buffer (MSB)
« Subscriber Carrier Modules (SCM) of the following types
— SCM-100R or Rural for the DMS-1
— SCM-100S for the SLC-96
— SCM-100U for the DMS-1U

Description of peripheral modules

Line module
A line module (LM) is connected to as many as 640 subscriber line and
performs the following tasks:

+ signal processing
+ line supervision
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+ line ringing
+ tone generation

A Time Division Multiplexer (TDM) provides for the concentration of lines

(up to 640)—from one to six duplicated DS-30 speech links to

LGC/Switching module. Speech signal processing converts analog speech
signal processing converts analog speech signals into PCM speech signals in
the internal DS-30 format.

LMs are paired so that a common control failure in one does not leave all
640 subscriber lines without serviced. If an LM fails, the mate LM Takes
over all 640 lines.

A LM accommodates both Dial Pulse (DP) and Dual-Tone Multi-frequency
(DTMF) signaling, this can be accomplished only with LGC/LMs back to
MTMs.

« Dial Pulse signaling is processed by the LM as an extension of the line
supervision function.

« DTMF signaling requires connecting the line to a service circuit known
as a DTMF receiver. DTMF receivers are mounted in MTMs and
accessed by means of each PM’s Switching Network links and a
Switching Network connection.

Trunk modules

A trunk module (TM) connects as many as 30 analog trunks to Switching
Network ports by means of a single duplicated speech/messaging link.
Thirty channels accommodate PCM signals; channel O is used for
messaging; channel 16 is not used. There is no Trunk-to-Switching Network
port concentration.

Maintenance trunk module

A maintenance trunk module (MTM) is a trunk module specifically designed
to accommodate a variety of test and service circuits for signal processing.
For example, DTMF receivers are located in MTMs, along with several
kinds of transmission test circuits. These circuits perform frequency and
level measurements associated with office and facility maintenance.

Office alarm unit
An Office Alarm Unit (OAU) is also a TM with circuitry that allows it to
connect with the office alarm system.

Digital carrier module

A Digital Carrier Module (DCM) is connected to as many as five DS-1
spans, with up to four duplicated DS-30 links to the Switching Network
(which is 5 by 24 = 4 by 30 = 120 channels). There is no concentration.
Internally, an 8 bit DS-1 channel is carried in the data bits of the DS-30
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channel; normally, A/B bit signaling is extracted and carried in the Channel
Supervision Message (CSM). To control “slip,” elastic buffering is used to
take care of bit-rate variations between the external DS-1 and internal
DS-30. Usually, both derive their clock from a common source in a
master-slave configuration.

Slip explanation

Slip occurs when there is a change in the relative bit rates between two
connected digital facilities (in this case, DS-30 and DS-1). Buffers are used
to handle short term variations. However, if the changes are great enough,
the buffer either overflows, or is empty when the next frame is to be
transmitted. If overflow occurs, a buffered frame must be thrown away to
make room for the next frame. If the buffer is employ, the last frame
transmitted must be repeated to allow time for a new frame to arrive in the
buffer. In either case, the results is impulse noise on voice connections, or
errors in data transmission.

The CSM can be equipped to connect with a common external clock when
the DMS-100 is operating in a digital network environment. The DCM uses
an incoming reference DS-1 link to compare the external clock rate against
that on the internal DS-30 speech links. Discrepancy messages are sent to
the CCP, which adjusts the clocks in the Message Controller (from which the
DS-30 clock signal is derived).

The DCM can be configured to connect with a RLM by way of DS-1 links.
For these DS-1 links, normal DS-1 A/B bit signaling is disabled: signaling is
done by a High-Level Data Link Control (HDLC) protocol on channel 1 of a
DS-1 link. A second DS-1 link channel 1 is reserved as backup. The DCM
handles the conversion top and from the HDLC for the CSM and PM control
messages.

Each RLM has up to four DS-1 links that can terminate on a DCM. The
DS-1 ports on a DCM that are not assigned to RLM service can terminate
standard DS-1 links.

Remote line module

A Remote Line Module (RLM) is a LM that can be located at a distanced
from the Switching Network. Each RLM is connected to a DCM by up to
four DS-1 links. For reliability, each RLM is connected to a different DCM,
and each DCM is connected to only one RLM. As with the Line Module,
two RLMs are paired; if one RLM fails, the mate RLM takes over the lines.

The RLM pair may be equipped with an intra-calling capability because
there may be a large community of interest. That is, an RLM serving a small
community carries a significant number of calls that originate and terminate
within that community. As a result, calls originating and terminating with in
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the RLM pair can be connected locally, rather than being switched under the
direction of the control component.

Remote line concentrating module

The Remote Line Concentrating Module (RLCM) is a LCM that can be
located at a distance from the Switching Network The RLCM is connected
to a “host” PM by means of a DS-1 link using the DMSX protocol. The host
PM can be a LTC or to a Remote Application. The RLCM can service up to
640 lines and can be up to 150 miles from the host PM. RLCMs may be
equipped with Emergency Stand-Alone (ESA) capability. As with the LCM,
the RLCM components are duplicated for reliability.

Like the RLM, the RLCM may be equipped with an intra-calling capability
because a large community of interest may exist (that is, an RLCM serving
small community carries a significant number of calls that originate and
terminate within the community). As a result, call originating and
terminating within the RLCM can be connected locally, rather than being
switched under the direction of the control component.

Remote service module

A Remote Service Module (RSM) is located at a RLM and houses DTMF
receivers to replace those normally located at the Control Component site.

Line concentrating module

The Line Concentrating Module (LCM), like the LM, supports analog lines
and provides low-level functions (for example, line scanning and ringing). In
addition, it supports advanced subscriber terminal equipment, such as the
Business Set and Data Unit. Using advanced technology, the LCM is
physically half the size of the LM and supersedes it.

A maximum of 640 lines can be connected to each LCM. Each LCM
consists of two shelves, known as Line Concentrating Arrays (LCA). Each
LCA consists of a Power Converter, Control Complex, and a maximum of
five LCM drawers per shelf. Each LCM drawer contains up to 64 Line
Circuit (LC) cards. There can be up to 320 lines connected to each LCA.
The LCM layout is illustrated in Figure 2-13.

Unlike LMs, which connect directly to the Switching Network by way of
DS-30 speech links, a group of LCMs connects to a LGC, a LTC, or a RCC,
which in turn connects to the Switching Network. There are a maximum of
three DS-30A links per LCA and a maximum of six DS-30A links per LCM.

For reliability, each LCA can take over the lines of the mate LCA.
Duplication within the LCM is illustrated in Figure 2-14. The LCAs are
connected by a serial data link that allows one LCA to check its data with
the mate LCA. The data for each call in progress is sent to the mate LCA
over this link. If a fault occurs in one LCA, the mate LCA can take over the
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calls in progress. Each LCM drawer has duplicated links connecting it to
both Control Complexes and each DS-30A link is connected to both Control
Complexes as well. Therefore, if a Control Complex fails, the hardware
signals the mate Control Complex, which then takes over the remaining 320
lines. There is no reduction in the number of links between Group Controller
and the LCM, because the Control Complex as access to the failed Control
Complex’s LCM Drawers and DS-30A links.

Between the two LCAs, there can be one or more speech links (DS-30A). If
all DS-30A channels on an LCA are busy, but the mate LCA has free
DS-30A Channels, a call originating on the Busy LCA can be routed over
one of the inter-LCA speech links to a free DS-30A channel on the mate
LCA. This capability provides access for all lines to all six DS-30A links for
traffic engineering purposes.

Figure 2-13
Layout of a line concentrating module

Up to 3 DS-30A links Up to 3 DS-30A links
LCAO LCA1
Power Power
converter O converter 1
Control Control
complex 0 complex 1
Upto5LCM Upto5LCM
drawers drawers
Up to 320 lines Up to 320 lines

Each LCA has its own Ringing Voltage Generator. In the event of a failure,
the mate LCA supplies the ringing voltage for both LCAs.
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Figure 2-14
Duplication within the line concentration module
Upto 3
DS-30A
links
Control Upto5LCM Up to 320
complex 0 drawers lines
Serial lor2
data speech links
link (DS-30A)
Control Upto5LCM Up to 320
complex 1 drawers lines
Upto3
DS-30A
links

Line group controller

The Line Group Controller (LGC) is designed to support the LCM, as shown
in Figure 2-15.

The LGC performs high-level functions, such as:
+ call coordination
« provision of the different tones required

A LGC may be equipped with UTR. UTRs provide the same functions as the
DTMP and Multi-frequency (MF) receivers located in MTMs.

From one to ten Concentrating Modules can be connected to each LGC; the
number depends on the volume of traffic. Each LCM can have two to six
connections (links) to the LGC. The LGC can have a maximum of 20 ports
and 3 to 16 links to the Switching Network.

Between a LCM and its LGC is a DS-30A link, and the link control protocol
is DMSX. The Link between each LGC and the Switching Network is a
DS-30 Link.
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As Figure 2-14 illustrates, there is usually some concentration of lines,
depending on the engineering of the office. The concentration can occur in
two places: in the LCM or in the LGC.

Note: 1Each LGC has a maximum of ten LCNsand, therefore, a
maximum of 6400 (10 by 640) lines. The LGC has a maximum of 20
ports available for DS-30A links from the LCNs and, therefore, also has
a maximum of 600 (20 by 30) speech links from the LCNSs.

Note: 2There are up to 480 (16 by 30) speech links between the
Switching Network and the LGC.

Line concentration can be lessened either by reducing the number of LCNs
or the number of lines per LCM.

The LGC is divided into two units: each unit occupies one shelf and contains
a control section, a power converter, DS-30 Interface Cards, and DS-30A
Interface Cards. The LGC shelf layout is illustrated in Figure 2-16. The
control section consists of two microprocessors: A Master Processor (MP)
and a Signaling Processor (SP).

Figure 2-15
Line group controller and line concentrating module

Switching
network
—_———————— 3 to 16 DS-30 links
—_d Up to 10 ports on LGC
Lee for DS-30A links

2 to 6 DS-30A links
per LCM

LCM LCM Up to 10 LCMs per
LGC

Lines ... | Lines

Up to 640 Up to 640
lines per LCM lines per LCM
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The MP provides the medium-level call processing functions associated with
the LGC applications, such as:

« digit collection

« channel assignment

« function key interpretation

« interpretation of messages from the control component.

Figure 2-16
Line group controller and its shelves
Up to 8 DS-30 links Up to 8 DS-30 links
LGC To NM
Shelf 0 Shelf 1
Power Power
converter O converter 1
DS-30 DS-30
interface cards interface cards
Control Control
section 0 section 1
DS-30A DS-30A
interface cards interface cards
To LCMs
Up to 6 DS-30A Up to 6 DS-30A
links/LCM links/LCM
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The SP provides the processing required to support the real-time critical
functions of the LGC such as:

+ message transmission and reception from the Switching Network and the
PMs

« time switch control
« Channel Supervision Message reception and transmission

The SP and the MP each have their own memory cards as well. The control
sections of the LGC are illustrated in Figure 2-17.

For reliability, one control section is active, and the other is in a standby
mode. There is a 19.2 kb/s link between the two units. This link is used to
transfer information from the active unit to the standby unit. The transfer is
carried out so that the standby unit has enough data to continue operation if
the active unit fails. The active unit checkpoints data from each call to the
standby unit. A fault (hardware or software) causes the active unit to become
inactive; the standby unit then assumes control of the LGC. Duplication
within the LGC is illustrated in Figure 2-18.

The LGC is the basic peripheral group controller of the XPMs (the second
generation of PMs). The derivatives of the LGC are:

+ The DTC supersedes the DCM.

« The LTC combines the functions of the LGC and the DTC for smaller
offices.

« The Remote Cluster Controller is a large remote PM.
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Figure 2-17
Line group controller — sections
Shelf 0 Shelf 1
control section 0 Control shelf 1
MP O MP 1
MP memory MP memory
SP memory SP memory
SPO SP1
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Figure 2-18
Duplication within the line group controller
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Digital trunk controller

The DTC uses the same hardware as the LGC, with one exception: it has
DS-1 Interface Cards instead of DS-30A Interface Cards. The DS-1
Interface Cards supports digital trunks used for inter-office trunking. There
are 20 ports available on the DTC for digital trunks. The DTC provides A/B
bit scanning capability.

The DTC can be equipped to connect with a common external clock when

the DMS-100 is operating in a digital network environment. The DTC uses

an incoming reference DS-1 link to compare the external clock rate against
that on the internal DS-30 speech links. Discrepancy messages are sent to
the control component, which adjusts the clocks in the Message Controller
(from which the DS-30 clock signal is derived).

Line trunk controller

The LTC combines the functions of the LGC and the DTC. The LTC is a
LGC with a mixture of DS-30A Interface Cards (for links to LCMs) and

DS-1 Interface Cards (for trunks). The LTC is designed to support the family
of remotes based on the LCM (for example, the RLCM). Like the LGC, the
LTC has 20 ports available. For example, there may be eight ports assigned
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for trunks (DS-1 protocol) and 12 ports for lines (DS-30A protocol). The
LTC provides A/B bit scanning capability.

LTC can be equipped to connect with a common external clock when the
DSM-100 is operating in a digital network environment. The LTC uses an
incoming reference DS-1 link to compare the external clock rate against that
on the internal DS-30 speech links. Discrepancy messages are sent to the
control component, which adjusts the clocks in the Central Message
Controller (from which the DS-30 clock signal is derived).

Remote cluster controller

The Remote Cluster Controller (RCC) is a remote LTC. It can support Line
Concentrating Modules, digital trunks, and RLCMs (that is, remotes off a
remote). RCCs are connected to a LTC or to a DTC by means of DS-1 links.
RCCs may be equipped with Emergency Stand-Alone (ESA).

Examples of remote PMs are illustrated in Figure 2-19 which show:
1 Remote Site 1 illustrates a site with two RLCMs.
2 Remote Site 2 illustrates a site with one RLCM.

3 Remote Site 3 illustrates a site with one RLCM that is equipped with
ESA.

4 Remote Site 4 illustrates a site with one Remote Cluster Controller. This
RCC supports an LCM, trunks, and a DS-1 link to Remote Site 6. This
site is a Remote Switching Center (RSC).

5 Remote Site 5 is a remote off Remote Site 4, and contains one RLCM.

6 Remote Site 6 illustrates a site with one Remote Cluster Controller
supporting an LCM and a DS-1 link to Remote Site 4. Remote site 6 is a
Remote Switching Center (RSC).

Remote Sites 4 and 6 also illustrate how inter-RCC switching can occur
between remote sites over DS-1 links.
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Figure 2-19
Examples of remote peripheral modules
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Signaling terminal and message switch and buffer

Common channel signaling (CCS)

Common Channel Signaling (CCS) is a signaling method in which signaling
information for a number of trunks is transmitted on a separate trunk. The
trunk that carries signaling information is called a CCS signaling link; the
trunks carrying voice and data are called CCS trunks. To provide an
interface with a Common Channel Signaling environment and to operate
within that environment, DMS-100 uses Signaling Terminal (ST) and a
Message Switch and Buffer (MSB). The ST and the MSB provide a means
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of associating the signaling information carried on the CCS signaling link
with the voice and data carried on the CCS trunks.

The ST provides an interface to a serial data link. This serial data link is
used to send and receive signals over the CCS signaling links.

The MSB is a packet switch that supports the ST. All CCS messages,
incoming and outgoing, are routed through the MSB. The MSB sends or
routes the signals (messages) received by the ST through the Switching
Network to the DTC connected to the CCS trunk. Messages containing
signaling information are sent from the component to the DTC connected to
the CCS trunk; the messages are routed to the CCS signaling link through
the MSB and the ST.

Common channel signaling — CCITT No. 6 and CCS7

Two different protocols are used to implement Common Channel Signaling:
CCITT No. 6 and CCS7. Different MSB and ST configurations are used to
implement these two protocols:

1 The DMS-100 hardware configuration for CCITT No. 6 is illustrated in
Figure 2-20. The CCITT No. 6 protocol involves the following steps:

a. CCS trunks carrying voice and data are connected to a DTC. The
CCS signaling link carrying analog signals may be connected to a
Trunk Module in the case of an analog trunk, or to a DCM or a DTC
in the case of a digital trunk.

b. When the CCS signal (on the CCS signaling link) arrives at the TM,
DCM or DTC, it is converted by the PM to a DS-30 signal and
routed by way of a nailed-up (permanently assigned) connection in
the Switching Network to a TM connected to an ST. The TM
converts the DS-30 signal to an analog signal that is used as input to
the ST.

c. The Signaling Terminal contains a modem that is used to extract the
signal. The ST then passes the signal to the Message Switch and
Buffer.

d. The MSB routes the signal through the Switching Network to the
DTC on which the CCS trunk is located. The connection between the
MSB and the DTC is called on Inter-Peripheral Message Link
(IPML). An IPML is a nailed-up connection that is duplicated for
reliability.

e. The DTC associates the signal with the appropriate CCS trunk and
handles the call as if it had arrived on a trunk with Per Trunk
Signaling.

When the control component sends a message over the CCS signaling

link, the message flow is in the opposite direction. Messages travel over

all the links in both directions.
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Figure 2-20
Hardware configuration for CCITT No. 6
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2 The DMS-100 hardware configuration for CCS7 is illustrated in
Figure 2-21. This hardware configuration differs from CCITT No. 6 in
two respects: the CCS7 signal is digital rather than analog and is routed
directly to an MSB. The CCS7 protocol involves the following steps:

a. The digital CCS signal (on the CCS signaling link) arrives at a DTC
or a DCM and is routed by way of a nailed-up connection in the
Switching Network to an MSB.

b. The MSB passes the CCS signal to an ST, where the signals are
extracted. The ST then passes the signals back to the MSB.

c. The MSB routes the signal by way of an IPML to a DTC.

d. The DTC associates the signal with the appropriate CCS trunk and
handles the call as if it had arrived on a trunk with Per Trunk
Signaling.
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Figure 2-21
Hardware configuration for CCS7
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Subscriber carrier module
Traditional connections versus subscriber module connections

The traditional method of connection is illustrated in Figure 2-22. The line
cost in this case is the cost of one line card, plus the cost of the Subscriber
loop to the Subscriber telephone set.
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Figure 2-22
Traditional connections
Line to telephone set
(subscriber loop)
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LC Line
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The traditional Subscriber Carrier (SC) places a multiplexer at the switch
and another near the subscriber. The multiplexer located near the subscriber
is called a Subscriber Loop Concentrator (SLC). The configuration of the
traditional SC is illustrated in Figure 2-23. The multiplexers at the switch

has line cards that are connected directly to the line cards of the switch. The
multiplexers are connected by DS-1 carriers (possibly more than one). The
multiplexer near the Subscriber contains line cards connected to the
Subscriber lines. The line cost for the traditional Subscriber Carrier is: the
cost of three line cards and the subscriber loop, plus a share of the DS-1
carrier cost, plus a share of the cost of the two multiplexers. Since the
Subscriber loop is shorter than the Subscriber loop for the traditional method
of connection, the total cost per line is lower.

The Subscriber Carrier Module (SCM) is an XPM designed to allow a
digital interface between the DMS-100 and a SLC.
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Figure 2-23
Traditional subscriber carrier
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There are three types of SCM, each of which connects with a different SLC:
1 the SCM-100R connects with the DSM-1

2 the SCM-100S connects with the SLC-96

3 the ISCM-100U connects with the DMS-1U
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Figure 2-24
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An SCM is divided into two units. One unit is active and provides the
necessary processing and control functions; the other unit is in standby mode
and is able to take over call processing if a fault occurs in the active unit.

The SCM reduces the cost of the traditional SC: it replaces two of the three
line cards and one multiplexer. The configuration of the SCM is illustrated
in Figure 2-24. The line cost is the cost of one line card and the Subscriber
loop, plus a share of the DS1 carrier cost, plus a share of the SCM cost.

Meridian business set (MBS) module

The basic Meridian Business Set provides voice and “above voice band”
signaling transmission over a two-wire line. Voice and signaling are
frequency division multiplexed, with binary data transmitted by absence of
an 8 kHz carrier. All feature activation is by this transmission.

The Meridian proprietary business set (NTX106AA)

Key short circular hunt

This feature provides circular hunting across directory number appearances
on MBSs and Electronic Business Sets (EBSs), ensuring that incoming calls
to a short hunt group canvass the entire group before receiving an overflow
treatment if an idle appearance is not found. This feature enhances the
existing Short Hunt feature.

Meridian enhanced business set services (NTX878AC)

Group intercom all call
This feature allows an MDC user to page up to 30 members in his/her
designated Group Intercom (GIC) group. This functionality is extremely
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useful in situations where common announcements need to be broadcast to
several individuals (who are equipped with Meridian Business Sets) within
the same GIC Group.

MADN cut-off on disconnect (COD)

The optionally available Multiple Appearance Directory Number (MADN)
Cut-Off on disconnect (COD) feature disallows the placing of a DN
appearance on Hold unless other formerly bridged members have either
pressed their release keys or gone on-hook. The new feature closely
simulates a true key system operation.

The standard current MADN arrangement with bridging options permits a
member to place his or her DN appearance on hold while additional MADN
members are still actively bridged into the call.

Meridian enhanced business set (NTX878AD)

MADN bridging—three-way call

This feature enables a MADN Single Call Arrangement (SCA) with bridging
options to establish a three-way call during a bridged state. Currently, a
MADN SCA with bridging options cannot activate three-way calling during
a bridged state.

Repeated alert for meridian business set (MBS)

When a Meridian Business Set (MBS) is in an off-hook condition, this
feature provides multiple alert tones to the user when another call arrives on
a Directory Number or Intercom key.

Currently, when the MBS is in a busy condition, only a single alert tone is
provided when another call is presented. MBS users who work in a noisy
environment may miss the single tone and leave the call unanswered. This
feature helps to ensure that all incoming calls are answered.

Meridian enhanced business set services (NTX878AD)

Ring transfer key (MADN ring forward enhancement)

This feature enhances the existing MADN Ring Forward (MRF) feature by
providing the ability to used the Ring Transfer Key to turn off and on the
audible ringing for numbers in the MADN group.

Ring transfer is a subset feature that controls all listed DNs and MADNs
either to ring or not to ring, depending on current feature key status.

Meridian business set inspect key (NTXE40AB)

Automatic inspection mode

Currently, the MDC end user who has a display set must first depress a key
(for example, Inspect Key) in order to update the display with information
concerning calls that have been call-waited, group intercom calls, and calls
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that are arriving to secondary directory numbers. The Automatic Inspect
Mode feature changes the display status and provides pertinent call
information upon call arrival at both idle and non-idle sets.

Meridian display communication (NTXE47AA)

Multiple executive message waiting keys per DN

This feature enhances the basic Executive Message Waiting (EMW) feature
to allow the assignment of more than one EMW key on a Meridian Business
Set. One application of this enhancement is to designate voice mail to one
key and a CENTREX message desk to another key on a business set,
allowing the set user to distinguish messages from one or the other more
easily.

MBS call forward universal per key (NTXE62AA)

Meridian business set call forwarding on a per key basis

This feature allows each DN on a MBS to be forwarded to a different DN.
Call Forward Per Key (CFK) is a variation of Call Forwarding Universal and
Intragroup.

MBS interactive displays

MBS power feature—name programming

With this feature, users of MBSs with display can program their own sets so
that their names are directly associated with their individual directory
numbers. This capability was previously administrable only through the
SERVORD system.

To implement Name Programming, the user enters the characters (including
alpha) by means of the regular twelve-key keypad, the power feature key,
and designated softkeys. To guide and simplify the procedure, the display
indicates prompts and other necessary information. Access to this feature is
controlled through password recognition, and switch security is assured.

This feature also allows a technician to program names remotely, using any
MBS at the customer’s premises.
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Error handling

Errors in a call process

Call process procedural messages are indicated in bold face type. The
procedurecall_error handles errors that originate in the call pro@essthat

are detectable by call processing support or application software. The
procedurecall_error produces SWERR log entry and additional log

entries that display the contents of the Call Condense Block (CCB), the Call
Data Block (CDB) and any extension blocks involved in the call. The call
process is terminated and re-started at its entry point, which is procedure
call_process The call process cleans up the call in which the error occurred
by performing the following steps:

1 Incrementsiumber_callps_in_recovery this is the number of running
call processes involved in error recovery.

2 Invokes the idler procedure for each agent involved in the call.

3 Discards any Support Operating System (SOS) letters queued on the
cdb.cpmb.mailbox and setedb.cpmb.statecpmbidle; if a CCB is
linked to the CDB's, it setsch.cptlgb.stateto unavailable.

4 Re-initializes and releases:
— the CCB ¢cb.cptlb.stateis set toonfreeq)

— the Extended Call Condense Block (ECCB) if one is involved in the
call

— any extension blocks associated with the call
5 Clears any outstanding wake-up requests associated with the call.
6 Decrementaumber_callps_in_recovery

The call process then proceeds to process the next call processing
transaction.

Note: The CCB is a data structure that contains information about a call
in progress. The CDB is a data structure that is used during active call
processing. Each call process has a permanently associated CDB.

Traps

Traps occur when errors are detected by firmware or by SOS (for example,
division by zero, stack overflow, stack underflow). The call process is killed,
and a death message is sent to its daddy process. The Call Daddy Process
then recreates the call process. When the call process begins to execute, it
cleans up the call in which the trap occurred, as previously described.
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Note: The Call Daddy Process has two responsibilities: 1) It creates
other processes known as “child” processes. The child process is usually
“owned.” 2) It receives death messages and decides whether or not to
recreate the child process. For example, if a child process traps or fails
because of an error (software or hardware), the daddy process is
informed by means of a Support Operating System (SOS) message,
called a “death message;” then the daddy process uses SOS utilities to
clean up any resources that were associated with the child process. The
concept of the daddy process represents a basic programming technique
for the support OS. This technique automatically provides an appropriate
action when the death of a process occurs.

There are two types of trap that occur in the SP and MP. Traps due to
software-detected errors and traps due to hardware-detected errors.

Software traps include:

1 divide by zero

2 range checks

3 task errors (running out of space is an example).

Hardware traps include:

1 parity errors

2 bus errors

3 Memory Management Unit (MMU) errors

These traps are classified as recoverable or unrecoverable.

The designation of traps as recoverable and unrecoverable is a design
decision. A task running out of task space is an example of a recoverable
error. A parity error is an example of an unrecoverable error.

Task recovery
See additional information in this section under, “Tasks.”

If a task identifies itself as recoverable to (Run Time Support System) RTSS
and a recoverable error occurs, the task is restarted. If the task does not
identify itself as recoverable, even a recoverable error will cause an XPM
restart.

Associated with each trap is a trap handler. The trap handler is invoked by
RTSS or by a hardware interrupt, depending on which one detects the trap.
The trap handler is invoked by RTSS or by a hardware interrupt, depending
on which one detects the trap. The trap handler looks at the fault data stored
in the system stack to determine what caused the trap and which task it was

PLN-5001-001 Standard 02.09 February 2000



Engineering description 2-55

executing. The trap handler places the fault datadd_com_areafor
debugging purposes.

If the task is identified as recoverable and the trap was recoverable, control

is returned to the main procedure within the task; adjusting the stack pointer
then clears the stack for the task. The STEAP is left as it was; therefore, all

variables allocated by procedure new remain allocated.

Activity timer

The activity timer is set by hardware to 1.5 sec and has a specific location on
the address bus. The TIMER task resets the activity timer within 1.5 sec by
reading this address. If the activity time-out occurs in an inactive unit,
nothing happens.

Sanity timer

The sanity timer is set by software and is currently set to 30 sec. The TIMER
task must read a specific memory location within 30 sec; if it does not do so,
the hardware causes a rest. On a reset, the unit returns to a WAI state and the
complete load is sent to the unit again; if the sanity time-out occurs on the
active unit, the reset also triggers an activity switch.

Error processors

Error processors are invoked when call processing application software
detects an error that does not originate in the call process itself (for example,
an error originating in the PM). These errors do not cause the call process to
be killed and recreated. Error processor are bound to the specific agents
involved in the call, and their usual function is to take down the call and idle
the agents involved.

Call processing applications software

Structural description
Call Processing Applications Software handles the functions that are specific
to each type of call processing agent or to each type of call processing agent
or to each type of call.

Most call processing applications are implemented in standard call
processing applications architecture. Custom calling features that cannot be
implemented easily in standard architecture are implemented in the Feature
Processing Environment.

The standard call processing applications software has a hierarchical,
layered structure. The elements of the structure are classes of procedures.
Within a class, all of the procedures are functionally similar. Each procedure
within a class is tailored to the logical and physical characteristics of a
particular agent or type of call. All the procedures required to support call
processing functions for a type of agent or type of call can be considered as
aspect.
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The general nature of the structure is the same for all calls, but the details of
the structure depend on the agents involved and the type of call. At the top
level of the hierarchy, the starter procedure controls the flow of the call,

based on the message being processed, the call state and the type of agent or
type of call.

The second level of the hierarchy consists of a set of processor procedures.
Each processor controls an individual transaction or a set of closely related
transactions. Processors are described later in this chapter in “Processors.”

The remaining levels of the hierarchy are composed of function and
supervisors. These procedures perform a variety of call processing tasks
under the control of processors.

The procedures at each level of the hierarchy communicate results to the
procedures at higher levels by means of return codes. procedures at all levels
have read/write access o the contents of the CCB, the CDB, the Extended
Call Condense Block (ECCB), and extension blocks.

Call processing applications software is table-driven, invoking the required
procedures from procedure tables that are indexed by type of agent or by
type of call.

Call processing procedure tables may be indexed by call processing call
processing (CP) selector, by thread, or by cross thread:

CP selectors group agents by broad physical and logical characteristics
(for example, lines, trunks, receivers). CP selectors are used to access
procedures that involve only one agent. The CP selector is part of the Call
Processing Identifier (CPID), which is derived from the Terminal Identifier
(TID) of a terminal.

Threads of call processing agents distinguish their physical and logical
characteristics more finely than CP selectors (for example, Dial Pulse [DP]
line, DTMF) line, coin line, DP trunk, Multi-frequency [MF] trunk). The

thread is part of the data stored for each agent in the call processing
database.Threads are used to access procedures that involve only one agent.

Crossthreads are used to categorize connections (for example,

line-to-line, line-to-trunk). The crossthread for each call is determined after
the terminating agent is selected, based on the threads of the originating and
terminating agents. Crossthreads are used to access procedures that involve
both agents. Some thread and crossthread values are assigned to custom
calling features and other special functions.
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Starters

Starter procedures from the first level of the call processing applications
software hierarchy. Starters control the flow of the call from origination
through to disconnect.

Starters are invoked by proceduagd| _process The starter associated with a
particular agent is selected from a table of starter procedures indexed by the
agent’'s CP selector.

The table of starter procedures is a table of gate procedures, defined in
moduleCPTABUI . The selector for the starter gate is the agent’s CP

selector. A target procedure starter gate is the agent’s CP selector. A target
procedure is bound into the table of gate procedures for each value of the CP
selector. CP selectors which are not in use have a nil procedure bound into
the table.

The starter procedure selected for the agent invokes the appropriate
processor, based on the message being processed, the call state and the
thread or crossthread. The starter continues to execute until the call is
completed or condensed and the returns control to proceallirprocess

Processors

Processors control individual transactions or sets of closely related
transactions. Processor procedures are gated through a table of gate
procedures defined in moduBPTABUI . The selectors for the processor

gate are the class of processor and the thread or crossthread. Processors
reside at the second level of the call processing applications software
hierarchy, except for cross processors, which reside at the third level. There
are several classes of processor procedures:

Setup processors coordinate the setup phase of the call. The setup phase
of the call includes all the transactions from origination through to signaling
the terminating agent. In most cases, the setup processor calculates the
cross-thread of the call from the matrix-to-crossthread table.

When the originating agent is a trunk, part of the usual function of the setup
processor is performed by the originating allocator. The trunk originating
allocator coordinates origination, digit collection and translation: the trunk
setup processor coordinates the selection and signaling of the terminating
agent. Setup processors are selected by the thread of the originating agent
and are invoked by starters.
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Cross processors establish the connection between the originating and
terminating agents. If a receiver is involved in the call, the cross processor
releases it. If a DTMF sender is required for outpulsing, the cross processor
obtains a DTMF sender and sends messages to the Network Modules (NM)
and Peripheral Modules (PM), directing them to connect a speech path
between the originator and the DTMF sender through the NMs. Cross
processors are selected by cross thread and are invoked by setup processors.
Cross processors control only a portion of a transaction.

Recall processors process answer and flash messages. They record
information for billing and route flash messages to custom calling features
(for example, three-way calling, call waiting, and so forth). Recall
processors are invoked by starters. They are selected by thread if only one
agent is involved in the call, or by crossthread if two agents are involved.

Disconnect processors take down connections and complete the
recording of billing information disconnect processors are invoked by
starters. They are selected by thread if only one agent is involved in the call,
or by crossthread if two agents are involved.

Error processors take down calls and idle the agents involved when

errors occur. Error processors are invoked by starters. They are selected by
thread if only one agent is involved in the call, or by cross thread if two
agents are involved.

Processors continue to execute until control is transferred to another
processor, or until the call is completed or condensed. Processor invoke
functions and supervisors to perform their call processing tasks.

Functions

Functions usually reside at the third or lower levels of the call processing
applications software hierarchy. Functions are invoked by processors to
perform a variety of call processing tasks. Functions are gated through tables
of procedure variables defined in mod@BTABUI and are selected by

thread or CP selector. There are several classes of function procedures:
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Allocators assign an agent to a call as the originator or terminator. The
agent’s data is copied from the database into the Call Condenser Block
(CCB) for use by subsequent call processing procedures. When the
originating agent is a trunk, the originating allocator resides at the second
level of the hierarchy. The trunk originating allocator performs part of the
function usually performed by a setup processor; it coordinates origination,
digit collection and translation.Originating allocators are invoked by setup
processors when the originator is a line, or by a starters when the originator
is a trunk. Terminating allocators are invoked by cross processors.
Originating allocators are selected by the thread of the originating agent and
terminating allocators are selected by the thread of the terminating agent.

Loaders transfer the collected digits from the incoming message to the
translation area of the CCB. Some loaders do simple pre-processing of digits
messages. Loaders are invoked by setup processors when the originator is a
line, and by the originating allocators when the originator is a trunk. Loaders
are selected by the thread of the originating agent.

Translators analyze the translation database to determine the call’'s
destination, based on the digits collected and the originator’s attributes.
Translators are invoked by setup processors when the originator is a line and
by originating allocators when the originator is a trunk. Translators are
selected by the thread of the originating agent.

Identifiers initiate recording of billing information. Identifiers are invoked

by setup processors when the originator is a line. Identifiers are not used by
standard trunks since billing is done at another office. Identifiers are selected
by the thread of the originating agent.

Routers test the availability of agents and route calls, based on the results
of translation. Routers are invoked by setup processors. Routing procedures
are selected by a routing selector contained in the translation result.

Terminators select a terminating agent from a group of possible

terminators (for example, trunk group, line hunt group, call forwarding) and
put the thread of the terminating agent iotb.port2perm.thread.

Terminators are invoked by routers and are selected by the CP selector of the
terminating agent.

Outpulsers compose and send messages to perform outpulsing on trunks.
Outpulsers perform the function of signaling the terminating agent when the
terminator is a trunk. Outpulsers are invoked by terminating allocators and
are selected by the thread of the terminating agent.
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Idlers idle agents when errors occur. Idlers are invoked by error processors,
by the procedureall_error, and when a trap occurs. Idlers are selected by
the CP selector of the terminating agent.

De-allocators de-allocate agents from calls. De-allocators are invoked by
disconnect processors and are selected by the thread of the agent being
de-allocated.

Spillers compose and send messages to outpulse the calling number so that
billing information can be recorded in the destination office. Spillers are
invoked by recall processors and are selected by the thread of the
terminating agent.

Billers perform special billing functions for message rate lines, coin lines,
INWATS lines and PBX trunks. Billers are invoked by recall or disconnect
processors, and are selected by the thread of the originating or terminating
agent.

Note: Functions continue to execute until they return control to the
invoking processor.

Supervisors

Supervisors are invoked by cross processors to perform some of the
functions associated with establishing the telephony connection and
signaling the terminating agent. Supervisors compose and send messages,
directing PMs to perform the following operations:

1 give audible ringback tone to the originator

2 if the terminator is a line, apply physical ringing to the terminator
3 transmit and detect integrity for the duration of a call
4

report on-hook or flash signals from the agents involved in a call; report
answer signals also, if required

Supervisors are gated through a table of procedure variables defined in
moduleCPTABUI and are selected by crossthread. Supervisors continue to
execute until they return control to the invoking processor.

Firmware/software — DMS-100 family and DMS SN

This section discusses the modularity of central control software, and
describes the key features of the programming language as well as the major
subsystems of the DMS-100 Family software. For this discussion, the
DMS-100 Family firmware/software is broadly classified into two main
categories.
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Central control firmware/software

This consists of programs that perform a number of functions necessary for
switch operation, plus tools for the implementation of these programs. The
majority of these programs are written in a high-level language (PROTEL)
and, after compilation and linking, are loaded into the program store of the
switch. The data associated with the programs is stored in the switch data
store. The code for three functions is implemented in firmware (ROM in
CPU):

1 bootstrap loader

2 micro-code for the execution of machine instructions

3 applications not suitable for PROTEL (for example, some of the
processor maintenance code)

Peripheral firmware/software

The DMS-100 Family system is a distributed processing system where the
central control exercises high-level control of calls and system maintenance,
and the repetitive, time consuming tasks such as scanning, control, and
maintenance of telephony interfaces are delegated to the
microprocessor-based peripheral modules. The functions assigned to the
peripheral modules are performed by Telephony Peripheral Virtual Machine
(TPVM) programs, referred to as peripheral software. The TPVM is a
simulated computer which provides a high level mode of control of
telephone calls and other tasks carried out in peripheral modules.

The TPVM is applicable to all peripherals with the exception of the LCM,
OPM, and RLCM. These are directed by the LGC and do not require the
flexibility inherent with TPVM.

The software that implements a TPVM in a peripheral module is stored in
RAM and other than the LGC and DTC which are written in PASCAL, all
are written in assembler language. Only a small loader is stored in PROMS
and it constitutes the firmware of the various telephony peripherals.

Modularity

The DMS-100 Family software has a highly modular structure with narrow,
well-defined interfaces among modules. The module interfaces are designed
around basic operating system functions (scheduling tasks or store
allocations), the basic call processing functions, the features required
(Centrex or CAMA), and the hardware supported.

To minimize software administration, DMS-100 releases software
periodically using a Batch Change Supplement (BCS) process where each
BCS basically represents a committed set of features and software fixes.
Within this framework, the production of an office load results only in the
selection of those modules corresponding to the features requested for the
particular office.
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The selection of modules is designed to accommodate not only the type of
office (toll or local), but also the features required (such as, MDC, CAMA,
or common channel signaling), and the hardware supported (trunk types or
digital carriers). In addition, the common library is designed to
accommodate different versions of facilities, for example, single or triple
entry billings, and “specials” that may be developed for specific customer
requirements.

The modules in the common library can be classified into several layers that
are used to build up an office. The main layers are the operating system, the
call processing utilities, and the call processing options. The call processing
options do not provide direct interfaces for other modules to call. They are
specifically designed with no references to them, so that they can be
independently selected as options for any given office. When loaded, they
make themselves known to the rest of the system. The term “agency” is used
for these call processing options. Typically an agency deals with a specific
set of call processing features and the terminals (lines or trunks) to which

they apply.

An agency includes both the code and the data tables used to specify the
terminal service options, parameters, and status. An example of a module in
the call processing utility layer is the network control module. This module
provides the procedures to make or break a network connection between
specified network channels. To use these functions, other modules call the
appropriate procedure in the network control module interface. The
algorithms and data structures used to select a free path and send the
appropriate control messages out to the network peripheral processors are all
contained within the network module.

If the selection algorithms or data structures are ever modified, the effects of
such a change are strictly contained within the module and the only
requirement is to implement the functions, as specified by the interface
procedures. The switch operating system provides a basic layer that supports
both the call processing utilities layer and the options.

A typical module consists of a procedural interface, and a number of
implementation sections (see Figure 2-25). The implementation sections
contain data declarations, code for procedures declared in the interface, and
additional procedures. Interface procedures are available outside of the
module but data and code declared in the implementation sections are
private to the module and are not accessible from outside it. The interface
and all implementation sections are separately compiled. The design process
used for the DMS-100 Family software consists of two steps:

1 the subdivision of a problem into a number of modules, a specification
of the interface of each module

2 the actual implementation and testing of each module
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Figure 2-25

Internal structure of a module
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PROTEL

As part of the module specification, the interfaces are written in PROTEL
language and compiled. Several modules, then, may be implemented in
parallel. All uses of the pre-compiled interfaces are verified by the type
checker as the implementation sections are coded and compiled. Separate
tools for checking intermodule references are not required. The PROTEL
module structure encourages a hierarchical, or layered, system structure,
where high level modules (for example, call processing phases) make use of
lower level modules (such as, the operating system nucleus).

The DMS-100 Family software is written in the Procedure Oriented Type
Enforcing Language (PROTEL). Any time-critical or maintenance
operations not suited to PROTEL implementation are programmed directly
in firmware. The DMS-100 Family object code is stack oriented, allowing
an extremely compact object code to be generated by a relatively simple
compiler, without the need for difficult global optimization. This approach
has been proven on the Burroughs 5500 and 6500 computer systems, and on
Nortel Networks’ SL-1 digital business communications system. PROTEL is
a block structured language which maps well onto the stack run-time
environment. Procedure calls and array indexing (with run time checking of
subscripts) are both fast operations implemented as single instructions.
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Many of the features of PROTEL were borrowed from the languages
PASCAL and ALGOLG68, although the statement syntax may resemble PL/1.
In addition, the module structuring technique, described above, has proven
to be both a useful language feature and a valuable design tool.

There are five key features of PROTEL.

Block Structure

All identifiers local to a procedure, or other block, are invisible from outside
the block. Local variables are dynamically allocated on procedure entry and
deallocated on procedure exit. This feature is efficiently supported by the
stack architecture of the object machine. Potentially, all procedures are
recursive or re-entrant.

Data Types

PROTEL provides a few built-in data types (for example, numeric and
symbolic ranges as in PASCAL) and also provides the capability to define
more complex arrays and structure types. The AREA construct allows the
definition of structures whose details are undefined in the top level software,
but can be further refined (details filled in) in lower levels of software.

Control Structures

PROTEL provides a flexible set of control structures which are compatible
with the goals of structured programming. IF, CASE, and various iterating
constructs are supported. The EXIT statement may be used to prematurely
terminate a loop. The assignment statement and procedure call complete the
list of executable statements. There is no GO TO statement.

Procedure Types

Procedures are PROTEL data types, and like all other types, may be
declared as variables or constants. A procedure constant corresponds to the
procedure, function, or subroutine of most high level languages. A
procedure variable may be bound, at run time, to a specific procedure
constant.

In some cases, there may be several implementations of a module resident
on a single DMS-100 Family office. In this case the proper implementation
must be selected at run-time. This is done by declaring a table of procedure
variables for any procedure in the module’s interface, which are to be
invoked in this way.

An example of this is the file system. A module is declared for each physical
device type (for example, TTY or nine-track tape). Each device module
supports the standard 1/0O system procedures; OPEN, CLOSE, GET and
PUT. The correct module is selected at run-time by indexing a table of
procedure variables with the new device type modules without having to
modify the base software. This would not be true if the device selection were
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done with a CASE statement. A similar technique is used to implement
agencies that perform standard call processing and administrative functions
on a variety of telephony terminals (for example, trunks and announcement
machines).

Dynamic Arrays

PROTEL arrays may be allocated at compile-time, or at run-time, under
control of the programmer. Run-time (dynamic) allocation permits the size

of data tables to be controlled by office parameters, and for existing tables to
be extended on-line.

Fixed size arrays to be allocated at compile-time are defined by the type;
TABLE (range) OF (element type). For example, a register to hold up to 16
digits may be declared:

DCL DIGIT REGISTER TABLE 0-15 OF DIGIT

Typically, call processing data tables vary in size from office to office. If all
table sizes were specified at compile-time, the software would have to be
recompiled each time a new office was delivered. This problem is avoided
by allocating these tables at run-time. For example, a table of trunk data
would be declared:

DCL TRUNKS DESC OF TRUNK DATA

The above declaration allocates a table descriptor, rather than the table itself.
A descriptor consists of a size and table address, rather than the data itself.
The difference between the TABLE and DESC is illustrated in Figure 2-26.
The actual storage for TRUNKS is obtained, at run time, by a call on the
operating system storage allocator. An additional advantage of the Dynamic
Array technique is that tables may be re-allocated after an office has been
put into operation. This permits office data tables to be extended on-line.
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Figure 2-26
Descriptor
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Major subsystems of DMS-100 Family software

The DMS-100 Family central control software consists of five major
systems:

1 Support Operating System — manages the various hardware and
software resources of the central control complex. In addition, it
implements and controls the multi-tasking environment.

2 Database System — implements the data management functions in the
switch. These include the facilities for Data Modification Orders
(DMOs), pending order file, journaling, and dump/restore. It also
implements facilities for presenting data to the users in a canonical form,
thus allowing changes to be made to data structures without the need for
a reverse compile of programs. The various database facilities are
described in Chapter 5.

3 Call Processing Software — described in Chapter 4.

4  Fault Detection and System Recovery Software — performs the
automatic detection, diagnosis and recovery of hardware and software
faults. It also implements facilities for performing manual testing and
maintenance of switch and facility hardware.
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5 Audit Software

Support operating system

In a modern software-controlled switch, there are a number of tasks to be
performed in a concurrent fashion. These tasks include the setup of a
number of calls at the same time, performing billing functions, enabling
craftsmen to take control of equipment for testing, and handling an unending
stream of trunk orders. In the DMS-100 Family system, the management of
this multitasking environment is done by the Support Operating System
(SOS). The SOS accomplishes this by supporting the execution of several
programs by appropriately sharing the hardware resources (such as, CPU
time or memory) among them according to their requirements.

SOS provides a mechanism called a process which is more precisely defined
than a task. A process can be thought of as the execution of a program. The
code of the program, spanning a number of PROTEL modules, defines what
actions are to be performed and the flow of control through the code, and
execution of these functions constitutes a process. At any given time, the
state of the process is reflected in the point of execution in the program code
and the value of the data manipulated by the program. This state of a process
is remembered in a Process Control Block (PCB) associate with the process.
It describes whether the process is running or waiting for an event. For
waiting processes it has enough information to resume their execution from
the state in which they suspended execution.

SOS is developed in the form of a layered structure (Figure 2-27). At the

base we have the nucleus and above it we have other systems such as the log
system, 1/0O system and file system. The reason for having the layered
structure is to allow the more sophisticated facilities to make use of the more
primitive. For example, once the ability to communicate with a terminal has
been implemented in the I/O system, the file system procedures for reading

or writing data may use this facility as a primitive without concern with the
actual implementation of that function.
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Figure 2-27
Support operating system (SOS)
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Facilities provided by support operating system (SOS)
Here are the various facilities provided by the SOS:

Storage allocator — provides facilities for allocating and de-allocating
chunks of memory out of the program or data stores. On an allocation
request by any user, the storage allocator allocates the requested amount of
store from the available store using the first-fit method. On de-allocation, the
storage is returned to available store thereby becoming available for
reallocation on a first-fit basis again. In order to minimize the problem of
store fragmentation, the storage allocator will merge the deallocated store
areas if they are found to be contiguous. The store fragmentation is further
minimized by requiring users to request store allocation/de-allocation in
some integral units of store required for an entity.

Directory system — provides a mapping between character strings and
unique integers in a certain range.
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Pool allocator — provides facilities for allocating and de-allocating pools

of storage out of which items of only a perspective type may be allocated.
The use of a pool allocator reduces the memory overhead as compared to
allocating individual items using the storage allocator. To minimize the
blocking of processes requesting items from the same pool, the size of the
pool is determined (by the user module and supplied to pool allocator as a
parameter) on the basis of the type and usage of a particular resource to be
allocated from the pool. However, if blocking may still occur, it is resolved
by the usage of another facility in SOS, called the flag system which is
described below.

Scheduler —responsible for sharing the CPU among all the processes in
the system. This allocation is done on the basis of the priority assigned to
each process, as well as the availability of processes to run as they wait for
certain events and as these events take place.

Timing facilities — keeps track of the progress of real-time and is used to
time running processes as well as processes waiting for timed events.

Message system — used for inter-process communication. Information is
transferred by the sending process, posting the information (called a letter)
on a mail box, and the receiving process retrieving the information from the
mail box. The receiver is delayed appropriately should it attempt to retrieve
a letter before it has been posted.

Synchronization primitives  — used to regulate access to shared data by
several processes to prevent the data from getting scrambled due to
unregulated read and write attempts. They are also used to control the
allocation and release of finite resources, in order to keep track of how many
units of the resource are available at any given time.

Log system — when a software subsystem detects an event that it wants to
report to the outside world, it may compose a report describing the event,
and pass it to the log system which stores it in memory for later retrieval, or
output it immediately to one or more output devices.

I/0O system — contains facilities for sending messages to or receiving
messages from various peripheral devices.

File system - supports standardized, device independent procedures for
creating, opening and closing files for reading data from them or writing
data to them. It is designed as a gate module containing various generic
procedures for performing the above mentioned functions. The device
dependent code for these functions is developed in the form of various
agency modules which become bound to the module at run time.
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Command interpreter — Command Interpreter (Cl) of the operating
system performs the input function for the man-machine interface to the
switch (MAP). It provides a facility for reading and interpreting user
commands and taking appropriate actions. It reads lines typed at a MAP,
analyzes them, invokes command programs as needed, and evaluates the
parameters required by these commands.

Program loader - used to load, modify, or unload programs and program
increments.

Flag system —in DMS-100 Family systems, the use of exhaustible system
resources, such as mailboxes, processes, MF receivers, and so forth., is
controlled through the use of flags. A flag associated with a resource
indicates the number of items of that resource are in use or in demand. Three
facilities are provided by the flag system:

— time-outs to prevent blocking or deadlock
— non-busy waiting
— first-come-first-served service of waiting processes

DMS-100 family database system and software

As the software undergoes extensions for new developments and changes, it
is often necessary to alter the basic data structures used. The “hiding” of data
structures inside modules allows such fundamental changes to be made
without impacting other parts of the system. The interface to the module
provides a set of functions that operate on the data structure, but the data
structure itself is never accessible from outside the module.

When the new software is loaded onto an operational switching system, the
current operational data must be extracted so that it can be used by the new
software. This process is often achieved with a reverse compile, or bit
shuffler program, which reformats the data from the old structure into the
new structure. An alternative approach is to make use of the on-line service
order facilities to dump the data into a file and later read it back into the new
software load.

The first approach suffers from the need to prepare a special program for
every data conversion. The alternative of using the service order facilities
overcomes this problem, but requires all software to be compatible with a
fixed external format used for service orders. Both approaches require that
the service order facilities are modified at the same time that the data
structures are altered for call processing. This simultaneous change of call
processing and service order software is often more extensive than desirable,
and prone to error.
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The DMS-100 Family system defines all the data used by the software, in
terms of a database schema or canonical form. The relational model has
been used for this purpose, so that all data is viewed as a set of simple tables.
These tables are independent of the actual physical data structures used by
the call processing software (refer to Figure 2-28).

Figure 2-28
Logical and physical tables
A B C D
Logical
table Key =k a b C d
F(key) d
A B C
[}
Key =k Procedure to
calculate value d
Y
a b C
Physical tables
Protected store Unprotected store

A data table is described in a single common manner, regardless of the fact
that it may be implemented with lists, hash tables, bit maps or other
techniques and that this implementation may change in future versions of the
software. The data tables that describe the database are closely related to the
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customer personnel’s view of data in terms of customer service records and
office configuration data. However, the data tables are nevertheless
independent of the service order command language, office record print
formats, and other operational features of the service order software.

In order to satisfy the various user requirements (both internal and external),
four different data schemas are implemented in the DMS-100 Family
database system:

The physical schema - corresponds to the actual physical structure of
data. It is at a very low level and is described by descriptors, segmented
store, or digitators.

The internal schema - corresponds to a view of the data in which various
users can access the data in a common way through a single set of read/write
procedures. The data, at this level, is seen as organized in the form of flat
tables. Each row in the table consists of a number of fields, the first of which
is an index. The index identifies a particular row in a table and provides
sufficient information to determine the actual physical storage location of
data. The main difference between this and the next level (the “logical
schema”) is that the information about the relative order of rows (or tuples)

in a table is not remembered at this level.

The logical schema - provides a higher-level view of data. The data at
this level is presented to the users in a canonical form regardless of the
actual internal storage mechanism used. The data is once again seen as
residing in a number of rows, referred to as logical tuples, and a number of
columns identifying fields of the tuples. The first field of the tuple is a key
which uniquely identifies that tuple.

The external or customer schema — provides the end-user view of data.
The data is represented in the character form, rather than the binary form
used at the logical schema level. Users at this level are provided with a
number of commands for making various queries as well as manipulating
data.

Figure 2-29 shows the relationship of various software modules which
together constitute the DMS-100 Family database system. As shown, these
utilities build a layered structure whereby each level uses the facilities
provided by the lower level.
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Figure 2-29
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Starting at the bottom of the figure, the time critical agencies access the data
directly at the physical schema level. These agencies have complete
knowledge of the actual structure of data, in fact these agencies have defined
this set of data using the most efficient storage mechanisms they deemed fit
in each case.

At the next higher level, an internal database utility is provided to serve as a
procedural interface for user modules at this level. This module performs the
mapping of data from the physical view of data to the internal view of the
same. Any agency wishing to make its data known to the users at the
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internal level defines the internal view, provides the read, write and
write-nil-tuple procedures for mapping, and binds the same to the
internal-database gate module.

At the logical schema level, a logical database utility is provided to perform
mapping between the logical view of data and the internal view of data. It is
at this level that the ordering information about the tuples is retained
(key-mapping facility). Therefore, the requests such as “get the first tuple”,
“delete the next tuple”, and so forth, can be serviced at this level.

At the highest level, the mapping between the external and the logical
schemas is provided by the Table Editor. Also, a very powerful set of
table-manipulation commands is implemented within the Table Editor. The
“Formatter” is used to provide mapping between the external representation
and the internal (or PROTEL) representation of data. Finally, there is the
Data Dictionary module which supports a data dictionary embodying
information about all the data types in the system.

I/O system software

The DMS-100 Family I/O system software handles communication between
all peripheral devices in the switch (such as, network modules, trunk
modules, or tape drives) and software using those devices (call processing,
maintenance, file system software). The 1/O system is concerned only with
the transmission of information between the CC and peripherals rather than
with the information itself.

CC to peripheral messages — from time to time, some CC software
sends an outgoing message to a device:

1 A call process telling a network module to establish a connection.

2 A Command Interpreter (CI) process sending a line of output to a
terminal (through a device controller).

3 A maintenance subsystem requesting a trunk module to perform a
self-diagnostic test.

The software in question composes the appropriate message and invokes the
I/0 system to transmit that message to a particular peripheral device referred
to as a node. The I/O system selects a route to that node from its route-table,
and then passes the message to a CMC, instructing it to send the message
using the selected route.

If both CMCs are unavailable (when they are busy sending other messages),
the output request is placed in a queue and the 1/0 system sends the message
when a CMC becomes available.

The transmission across the CPU-CMC nodes is interrupt driven, that is,
when the outgoing message buffer of a CMC is empty, it posts an interrupt
for the CPU by setting an Outgoing Message Buffer Empty (OMBE) bit in a
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four-bit interrupt register. The interrupt is handled by the CMC interrupt
handler in the 1/0 system. The CMC interrupt handler would then release the
next queued message into the outgoing message buffer of the CMC posting
the interrupt.

From the CMC outwards, the transmission of messages between any two
nodes is regulated by an appropriate “message protocol”. According to this
message protocol, the sending node first of all transmits a control byte “May
| Send” (MIS) to the receiving node. The latter responds to the sender’s MIS
by sending it a control byte “SEND”. If received within a perspective time,
the sender transmits the message followed by the checksum over all the
bytes sent. The checksum is recalculated by the receiver and compared with
the checksum actually received. If checksums agree, a Positive
Acknowledgment (PACK) is returned to the sender, otherwise a Negative
Acknowledgment (NACK) is sent back. The receipt of a first NACK by the
sender results in it retrying the message. If a NACK is received a second
time, the message is bounced back to the central control which would
normally attempt to transmit using the other plane.

Peripheral to CC messages

There are two occasions when the CC software will expect a message from a
peripheral device:

1 aterminal controller informing a CI process that the output is completed

2 atrunk module reporting seizure on a trunk, or digits received on an
incoming trunk, or results of a test.

The software in question informs the 1/0 system that it is expecting a
message from a specific node. This is done by one of two methods:

1 supplying a procedure (an “input handler”) that the I/O system will call
whenever it receives an incoming message

2 requesting that all incoming messages from the node be placed in SOS
messages and sent to a particular mailbox.

When a CMC has an incoming message to pass to the CC, it once again
posts an interrupt for the CPU by setting an Incoming Message Buffer Full
(IMBF) bit in its interrupt register. The interrupt is once again handled by
the CMC interrupt handler procedure in the 1/0 system:

1 Calls the input handler.
2 Places the message in a SOS mailbox .

3 Discards the message, if neither of the above alternatives was requested
by the CC software
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In addition to handling the transmission of incoming and outgoing messages,
the 1/0 system performs six functions:

1 maintains node and link (communication paths between nodes)
configurations

allocates message buffers
maintains available routes to each node

4 Handles message-transmission error reports generated by nodes. As part
of a pre-specified message format, there is an error-byte reserved for
recording any problems encountered by the message during its journey.
The I/O system analyzes the error byte and invokes the appropriate
maintenance subsystem to perform tests on the affected node/link.

5 times non first-time return-to-service attempts on nodes and links
6 audits node and link status, I/0O routes, and CMC buffers

w N

File system software

Although the 1/0 system is very efficient, the processes using it must have
their programs tailored to the requirements of the particular device they are
talking to. For example, a process using the 1/0 system to read/write lines of
text on a video display terminal would need considerable modification of its
program if it had to read and write text on a magnetic tape. But quite often
this is just what is required; it is necessary to switch its input or output
between a number of different peripheral devices, for example, an error log
program may be required either to send its output to a visual display unit or
printer for immediate study, or to a magnetic tape or disk for later analysis.

To meet this requirement, the file system of SOS provides facilities that
allow for the input and output of text or binary data on a wide range of
computer peripherals such as visual display units, hard copy terminals,
magnetic tapes, magnetic disks and line printers. Five operations are
supported by the DMS-100 Family file system:

creating a new file on a specific device
opening an existing file

putting a record on a file

getting a record from a file

closing a previously opened file

a A W N B

The file system maintains information about all devices that are supported as
well as all files in the system. As mentioned before, for each device the
location of the physical file system procedure supporting it is kept. Each file
has specific information in a file control block:

1 device type
2 file name
3 filelD
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Figure 2-30

4  File Attributes

5 Access Attributes (specify whether access is sequential or random, and
whether it is for reading or writing)

In addition to providing the ability to perform a file operation on any one of
the devices supported, the structure of the file system allows for the addition
of a new physical device to the system without having to make any changes
to the logical physical system. The device dependent module for the new
device is designed as an agency, compiled, linked and loaded into the switch.
As soon as the new module is run, it calls on a special procedure in the gate
(the logical file system), and passes it the addresses of the procedures for
performing file operations on the new device. The logical file system records
the new addresses in its table, and thereby enables itself to perform file
operations on the newly added device.

The structure of the DMS-100 Family file system is shown in Figure 2-30.

As shown, the file system is structured as a logical file system module that
supports procedures for all the operations described above and which acts as
a gate module to device dependant modules called the physical file system.
The device dependent modules interact with the devices to perform the
desired function.

Physical devices supported by the file system

Users of the file system
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Logical file system
(module FILESYS)
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A file system operation required by a process is performed by calling a
logical file system procedure and specifying the device or file ID as a
parameter. Based on the device, an appropriate physical file system
procedure is selected to perform the desired operation on the specified
device.

Internally, the logical file system maintains a table of addresses of
procedures in the various device dependent modules which it uses to select
an appropriate physical file system procedure at run-time. These addresses
are supplied to it by the device dependent modules at the time of their
initialization.

Fault detection and system recovery

In order to carry the levels of traffic demanded of modern switching
systems, the DMS-100 Family system employs an architecture that
distributes the control functions for call processing to several control
centers. To provide the reliability demanded of today’s switching systems
(working non-stop 24 hr. a day), these control centers are made of the most
reliable components and arranged in a hierarchy with clearly defined
responsibilities for fault detection and system recovery. Component
redundancy has been applied to this structure in a selective, cost effective
manner, both to the control centers themselves and the communication links
between them, permitting faults in the system to be readily diagnosed.

The DMS-100 family components

As shown in Figure 2-31, a DMS-100 NT40 system consists of four major
subsystems:

1 central control (NT40)
2 switching network

3 input/output

4  peripheral modules

PLN-5001-001 Standard 02.09 February 2000



Engineering description 2-79

Figure 2-31
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The Central Control (CC) has overall responsibility for the system sanity.
Sanity of the CC itself is ensured by operating the duplicated CPUs in a
matched mode; in this mode each CPU executes identical steps and
compares its results with those of the other processor after every step. The
CMCs operate in a load sharing mode and are checked for correct operation
by the message protocol itself and by hardware and software mechanisms
within the CPU.

The network subsystem, consisting of up to 32 network modules, is arranged
in two identical planes to provide redundancy.

The peripheral module subsystem serves as the interface between the
DMS-100 Family office and the lines and trunks served by the switch. The
peripheral modules are connected to the network planes by a system of links
that carry time multiplexed speech signals and control messages. The control
message system enables the network and peripheral modules to carry out the
central office switching functions as directed by the CC.

Redundancy

In DMS-100 Family systems, the concept of redundancy has been applied in
all major equipment areas: the CC, the network subsystems, and peripheral
control sections have been fully duplicated. Redundant message paths
between the modules have also been provided since faulty links would
otherwise prevent the system from operating satisfactorily. Supporting this
structure are hardware and software mechanisms (called the DMS-100
Family maintenance subsystems) that detect faults when they occur and
manage the system reconfiguration and recovery.

Besides being fully duplicated, the modules in the CC contain numerous
internal fault detection mechanisms to check every step of the CC’s
operation. The rest of the DMS-100 Family system depends on this secure
control for reconfiguration and recovery from failures. Either of the
duplicated network planes is capable of carrying the entire load of the switch
in the event of a fault in one of them. Faults in the network switching matrix
are detected by peripheral modules. The network message controllers are
checked by both the peripheral modules and the CC.

The peripheral module control area is fully duplicated and functions in a
“hot standby” mode of operation. Internal software mechanisms are used to
detect faults. When a fault is detected in the control area of the peripheral
(when the standby unit assumes control and becomes active) an activity
switch is performed.

The fault tolerance of the control message system is achieved by providing
redundant links. The message protocol automatically reroutes a message
from a faulty link to a sound one when necessary. In addition, a unique
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RESET message is provided to bring peripheral and network module
controllers to a known initial state in the event of a failure.

Fault detection and management

To manage the redundant topology of the overall system, each subsystem
contains fault detection mechanisms to drive the software that reconfigures
the system in the event of a failure. The CC uses matching between the
processors and a trap system that detects faults independently in each
processor. Each CPU matches its own results with those of its mate on the
completion of each processor micro-cycle. Transmission of data port
information between processors is provided by a mate communication bus
carrying data with parity. For the matching operation to work, the two CPUs
are tightly synchronized. Both processors select the same clock source,
which ensures simultaneous completion of micro-cycles. In addition, each
processor waits until the accesses to both stores have finished before
proceeding to the next micro-cycle. This automatically takes into account
delays introduced by asynchronous refreshing of the dynamic memories
used in the stores.

If the matching logic in either processor detects a mismatch of results, it
triggers a processor interrupt. This induces a branch to firmware that runs a
self test sequence called a maze to check basic CPU operation. On
successful completion of the maze, control is transferred from the firmware
to software, which invokes the appropriate recovery procedures based on
status information exchanged between the CPUs. This status is provided by
a mate communication register and a Fault Indication Register (FIR), both of
which can be read directly by the mate processor.

The fault indication register is a readout of the trap circuits that operate
independently in each processor. These trap circuits detect faults attributable
to parity, address range violations, op-code validity, timeouts, and so forth,
and set flags in the FIR upon the detection of any such faults. A setting of
any of the flags causes what is known as a trap-level interrupt and
simultaneous capture of the addresses on both the program and data ports to
aid fault diagnosis. Hardware faults that normally generate both mismatch
and trap interrupts are handled by the mismatch mechanism. In matched
operation, a trap interrupt generated without an accompanying mismatch
interrupt indicates a software fault. Trap level processing is handled

primarily by software that attempts to minimize the effect of the fault on
overall system operation.

In addition to the fault tolerant facilities provided in the CPU, several
features under software control are incorporated in the memory module to
enhance memory integrity and fault tolerance. For example, the memory is
subdivided into 16 kb blocks, each protected by a bit contained in a
write-protect register within the memory controller. This bit acts as a key to
each block and is accessible only to certain system operating procedures.
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Because the memories contain the majority of the central control circuit
packs, each CC memory module includes an extra memory card. This card
may be configured by software to respond to the address space of any of the
other cards in the module. With this technique a faulty memory module is
automatically restored to operation by isolating the faulty card from the
system and switching in the spare. The new memory card is updated from
the mate’s memory and the CC returns to matched operation.

The CMCs, like the CPUs and memories, are duplicated, but unlike the
CPUs, they operate in a load-sharing mode and use fault detection
techniques based on internally housed circuits. These monitor circuits
consist mainly of timers and other logical checks to ensure that the protocol
on each message is correctly followed. The detection of a fault sets flags in a
register similar to the CPUs fault indicator registers and causes an interrupt
to the CPUs.

Although redundant paths are available between the CC and any peripheral
module, messages are sent on one route at a time. Should a failure occur,
another route is tried only after the first attempt is completed and declared a
failure. In order to ensure that all paths are exercised, the message routing
software has a choice of two different routes to each node which are
calculated to include all links and intermediate (that is, network) modules in
the system. Furthermore, each module in the system has sufficient
intelligence to determine whether a message sent to it obeys the protocol. If
it doesn’t, the module closes the port over which the message arrived. This
action is taken on the assumption that the sending module developed a fault.
The CC can diagnose the problem and still communicate with the module
through the other good link.

Variations

A variation of this link control strategy is required between the CMCs and
CPUs. Although the two CPUs operate synchronously and therefore appear
to the rest of the system as a single entity, only one CPU at a time is
designated “active” and can actually send messages to the CMCs and hence
to the system. Both CPUs always receive messages from the system. This
mechanism of “activity” prevents an “insane” processor from corrupting the
rest of the system by sending nonsense messages to it. An active processor is
also capable of resetting its inactive mate when required. The activity state is
determined by a single flip-flop that is cross-coupled between the CPUs; it is
designed with a minimum of circuitry in order to reduce its own probability

of failure. To facilitate system maintenance, a processor can manually be
forced into the inactive state, provided that its mate is fault-free.

To ensure integrity of the communication between the CC and the operator
environment, the 1/0O controllers use two fault detection mechanisms. One is
the message system protocol, and the other is a system of self checks
incorporated in the 1/O and device controller firmware. It is possible that 1/0
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devices of a similar type may be assigned different functions. Should one
fail, its function may be reassigned to another similar device. This can be
done either automatically or manually, depending on the importance of its
function. For example, toll billing tapes may be reassigned by software,
certain display terminals may not.

The interdependence of network and peripheral fault detection mechanisms
is shown in Figure 2-32, which identifies the modules associated with every
call. The fault detection mechanism between modules is included in the data
format of the speech links. Two additional bits appended to each 8-bit
speech sample are assigned to channel supervision messages and parity.
Although they provide fault coverage of link and network speech paths, they
are generated and checked in the peripheral modules.
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Figure 2-32
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As shown in Figure 2-32 the network planes are duplicated to facilitate fault
recovery; outputs from both planes appear at each peripheral. Conversely,
each peripheral feeds both planes simultaneously with the same signal. In
the event of a fault in one of the network planes, the peripheral module that
detects the fault simply elects to receive the call from the corresponding
network module in the other plane.

Providing network plane selection on a per call basis offers a significant
increase in the resilience of the system to multiple faults. Distributing the
fault detection mechanisms to all the peripheral modules provides smooth
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recovery from simple but far-reaching faults such as network power failures.
A network module can support approximately 1900 calls at any one time,

but if that module fails, each of the several peripheral modules connected to
it is required to recover only their own calls. Operating independently, these
peripheral modules reconfigure the system to use the remaining good
network plane for the calls that require it. (It is the simultaneous

transmission of speech and supervision signals on both planes that allow this
reconfiguration of each call path). Once the reconfiguration has been
accomplished and service restored, the peripheral modules then report the
problem to the CC for maintenance.

If any call encounters a failure in the second network plane, the peripheral
that detected the failure would not switch back to the first plane. Instead, it
would inform the CC call processing software that the path initially
specified for the call could not be sustained.

In addition to detecting network faults, the parity and supervision
mechanisms are also used to detect faults in links and in the peripheral
modules themselves. In these instances it is the other peripheral associated
with a call that reports a difficulty to the CC, which then takes appropriate
action.

As well as relying on other modules for fault detection, every network and
peripheral module includes basic fault detection an location mechanisms
unique to itself. For example, all modules contain sanity timers, which are
continually reset by correct cyclical operation of the controller. Should the
controller software enter a tight loop for any reason, the timer expires and
causes the controller to enter a reset state. This state is detected by the next
module upstream towards the CC, which informs the central control of the
reset condition. These sanity timers ensure that faulty peripheral and
network modules can never become blind to messages arriving from the CC.

The fact that the peripheral and network controllers reside in a small number
of circuit packs inherently simplifies the location of faults. In the network
subsystem up to eight circuit packs may be involved in the speech path of a
call, four in each module as shown in Figure 2-33. Faults detected during a
call by the parity or supervision mechanisms can be pinpointed by a
system-generated test code. This code is automatically inserted into the
speech path and monitored at certain strategic points. An absent or incorrect
code at any point identifies the fault location.
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Figure 2-33
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Should a peripheral module detect a fault on a speech path, internal tests to
determine the location of the fault are conducted in each of the two network
modules involved. A hardware facility built into each network module

inserts a test code into the speech path in front of the network interface card,
and monitors the signal after it passes through each of the four module cards
involved. In this way a faulty card can be identified for subsequent repair.

Message system integrity

The procedures to diagnose fault conditions and effect system recovery
reside primarily in the CC. Between the CC and other subsystems redundant
paths have been provided; each is equipped with a protocol that can manage
fault detection and recovery within the message system itself.

The message protocol is designed to detect transmission and equipment
failures and to permit the rerouting of messages around a failed module or
link. Prior to transferring the message itself, the sender of the message
initiates a handshake to ensure the receiver is in a condition to receive the
message. On confirming that the receiver is ready, the sender forwards the
message, which includes a checksum over the data and header fields. The
receiver verifies the checksum and if it is incorrect, requests a
re-transmission by returning a negative acknowledgement of the message. If
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the second transmission attempt also fails, or if the receiver could not accept
the message in the first place, the sender autonomously tries another route. If
one is unavailable the sender sets an error byte in the message header and
returns the message to the module from which it came.

System re-initialization

System re-initialization or restarts are initiated whenever the internal checks
built into the DMS-100 Family central control hardware and software
determine that the system is behaving abnormally. These checks are
extensive in nature and serve to maintain or restore a stable call processing
environment. Six activities can cause system restarts:

traps in critical system programs

death of critical system process(es)
sanity time-out

operating system process queue empty
call data block queue corrupt

call condense block states inconsistent.

D o1k WN P

There are three types of system restarts:

1 Warm restart — the first level of restart and is entered for the less severe
detected abnormalities. Calls being processed are cleared but existing
connected calls are retained. Data such as network connection maps,
billing data, and error logs are retained.

2 Cold restart — this level of restart is entered directly if the system detects
an abnormality of a severe nature, or is entered after a second warm
restart has failed to resume normal system operation within a three
minute time interval. The second warm restart is initiated whenever the
first fails to establish normal system operation, again within a three
minute time interval. As with a warm restart, calls being processed are
lost. In addition, since network connection maps are cleared and both
lines and trunks are set to the idle state in Central Control on a cold
restart, established calls may be disconnected due to the reuse of network
paths or reuse of terminals as terminators in new calls before original
calls disconnect. LOG system and AMA billing records are retained.

3 Reload restart — this re-initialization is used after a reload of an office
image tape and can be either manually initiated or caused by an
auto-reload. Office configuration and translation data are overwritten by
the office image tape data. All dynamic data including error logs are
cleared.
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Figure 2-34

Examples of system recovery

To illustrate the procedure of tracing a fault and re-configuring the system as
necessary, a sequence of faults will now be applied to the simplified version
shown in Figure 2-34. When a fault occurs, five basic steps are executed:

detection of the fault

reconfiguration to avoid use of the faulty element
diagnosis of the fault to a replaceable unit
replacement of the faulty unit

return of the previously faulty element to service

a b~ W DN B

Throughout these events, normal system functions must continue unaffected.

Example of system recovery (NT40)
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The diagram above depicts a DMS switch in routine operation. CPUL1 directs the activities of
the switch, sending messages through both CMCs to the sub-systems below. Call connec-
tions are maintained on both network. When CPU 1 sustains a failure, CPU 0 takes over
control of the activities of the switch, and processing continues. A fault in the link between
CMC 0 and the I/O controller requires that messages between the CPU and the controller be
routed exclusively through CMC 1. When the network plane 1 also breaks down, the DMS
switch continues to operate, with network plane 0 handling all call connections.

The first fault considered is a failure in the arithmetic unit of CPU 1, the
active processor in this example. The fault is detected by the matching logic
between the two processors and this generates a mismatch interrupt when
the faulty hardware is used. The two CPUs then automatically run through a
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maze sequence located in microstore. CPU 0 successfully completes the
maze, but CPU 1 fails and enters a firmware loop.

After completing the maze, CPU 0 attempts to communicate with CPU 1 but
fails because CPU 1 is held in its loop. The activity switch timer that started
when the mismatch occurred will time-out and force CPU 0 into the active
state. Information for fault diagnosis is stored for subsequent action and
switching control is returned to the interrupted software routine now running
only in CPU 0.

Diagnosis is performed by a operating company personnel using the MAP to
generate a circuit pack replacement list. Using this list, the faulty CPU is
repaired and returned to service by MAP commands that re-synchronize the
CC.

Link faults manifest themselves in various ways such as message time-outs,
invalid control bytes and bad checksums. For this example (refer to Figure
2-34) a time-out waiting for a message handshake occurs on an incoming
message. The 1/O controller closes the link so that messages are no longer
routed over it and then sets an error indication in the message that it sends
over the alternate link.

When the message arrives at the CC, the appropriate maintenance software
is informed of the link failure. It removes the link from service and informs
the I/O routing software that this link is no longer usable. In addition, the
CMC is told to stop scanning the link for incoming messages.
Communication with the I/O controller and devices must now use the
alternate link.

Immediately, and periodically thereafter, the CC tests the out-of-service link
to see whether it can be returned to service. The CC begins this test by
placing the link in a restricted maintenance state that allows only
maintenance traffic to pass over the link. The test is then carried out by
priming the 1/O controller and CMC link control functions to accept such
maintenance message. Proper setting of the route bits now ensures that the
message travels over the link and be looped back by the receiving controller.
The normal routing algorithms and automatic rerouting features of the
system are therefore bypassed in this test. If such a test passes, the CMC, 1/0
controller, and operating system are informed that the link is again available
for normal message traffic. In this fashion the system recovers from transient
fault conditions.

If the fault is hard, the system will not be able to return the link to service
and maintenance personnel informed through the MAP of the fault. Using
MAP facilities, they identify and replace the faulty component and return it
to service. Normal operations of the switch are unaffected by either the
failure or the repair action.
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Audits

With both a CPU and a CMC-1 I/O controller link out of service as shown in
Figure 2-34, assume a connection memory failure in a network module
occurs. As noted earlier, network connections are established in both planes
but the peripheral modules select only one plane from which to receive the
speech samples. Typically half the calls in progress are arbitrarily completed
through the even plane and the remainder through the odd plane. When the
connection memory failure occurs, the peripheral module detects the loss of
the speech path by the message interruption on the supervision channel
associated with the call. The peripheral immediately selects the other plane
to receive speech for that call and generates a maintenance message to the
CC, indicating the channel and link that are experiencing the problem. The
call is sustained in the opposite plane and the subscriber remains unaware of
the fault. When the fault message arrives in the CC, information on the bad
connection is frozen in software, so that even if the call is disconnected, the
connection can be diagnosed. The diagnosis is performed, using the test
code mechanism previously described, to pin down the fault to a subsection
of the network planes or interconnections.

Upon confirmation of the memory fault, the network module must be
removed from service. All new calls are connected through the good plane
and the message system is reconfigured accordingly.

The CC accomplishes this by updating the routing information, closing the
CMC links to the affected network module and closing the peripheral links
originating in that network module. At this point the detection and
reconfiguration process is complete. The repair and return to service steps
are again accomplished using the MAP. The same test procedures used in
diagnosing the original problem are used to verify the repair. These
examples demonstrate the ability of the DMS-100 Family switch to remain
in operation during a period of major component faults.

All major call processing resources are audited by the Call Processing
Resource Audit Process. This process is a child process of the Call
Processing Audit Daddy Process.

The Call Processing Resource Audit Process audits all queues of Call
Condensed Blocks (CCB), Call Data Blocks (CDB), Expanded Call
Condensed Blocks (ECCB), cpletters, and extension blocks. If a queue is
found to be corrupt, one of the following two results occurs:

1 Inthe case of cpletters, extension blocks or ECCBs, the queue is rebuilt.
2 Inthe case of CCBs or SDBs, a warm restart is caused.
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The call processing audit process also performs the following functions:

1 States of CCBs and contents of Terminal State Words (TSW) are
checked for consistency. If errors are found, corrective action is taken if
possible, and the errors are logged.

2 Any terminals whose origination messages have not been processed due
to overload conditions are returned to the idle state.

3 Call processes stuck in a stopped state are re-created.

4 Calls that are condensed, on a ready queue, or suspended with no
terminals linked are destroyed.

5 If the state of £CB is onreadyql or onreadyg2and the CCB is not on
the appropriate ready queue, the call associated wilh@eis
destroyed.

6 Any cpletters that are not attached ©©@B or on the availcpletters
gqueue are returned to theailcplettersqueue.

Call processing agent audits

Call processing agents, such as trunks, lines and conference circuits, are
audited by two other child processes of the Call Processing Audit Daddy
process. These processes are the Call Processing Audit process and the Call
Processing Audit Driver Child Process. Both of these processes run at the
scheduler classigbkgclass at an interval determined by an office

parameter called, AUDIT_INTERVAL. Each type of agent that requires an
audit provides its own audit procedure to be invoked by the Call Processing
Audit Driver Child Process.

Receivers are also audited by two special processes:

1 The High-Frequency System Audit Process runs at scheduler class
ngbkgclassat an interval determined by the office parameter,
AUDIT_INTERVAL. This process invokes procedur_audit to
audit receiver states and queues. The High-Frequency System Audit
Process is a child process of the System Audit Daddy Process.

2 The Receiver Fault Audit Process recovers receivers in the inconsistent
states (for example, a receiver that was not released when a call was
disconnected). This process runs at scheduler £y@ssm6 delaying for
30 sec after executing for two ticks. The Receiver Fault Audit Process is
a child process of the General Daddy Process.

Call processing resource audits

The Call Processing Resource Audit process runs at schedule®ysiss
0; it does not run when processes in other scheduler classes are running.

The maintenance software looks for and diagnoses the causes of hardware
faults. If a failure is found, tasks are re-routed to compensate for failed
equipment. Also, the maintenance software makes it possible to test,
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reconfigure, and add or remove equipment from the DMS-100 Family
System with little or no disruption of service. The “audit software”, on the
other hand, detects and corrects the effects of software errors.

The state or condition of each of the DMS-100 Family hardware resources
(memory, central message controller, or trunk modules) is represented by
software data structures. In addition, there are data structures that do not
directly represent hardware resources but are software resources in their own
right. For example, the message passing system of the operating system
employs data structures to represent mailboxes and letters.

In any software system the size of the DMS-100 Family, which contains
several hundred thousand lines of PROTEL source code, some software
errors may remain even after an extensive testing process. Sometimes
discrepancies will arise between the actual state of a hardware resource and
the state represented by its corresponding software data structure. Internal
inconsistencies can also develop in independent software data structures
such as mailboxes. These discrepancies can arise, for example, because of
unforeseen dependencies in initialization sequences, because of inadequate
checking for software error conditions (such as ignoring a return code after
sending a message to process), and because of unforeseen or subtle hardware
failure modes. In general, these errors can cause the gradual deterioration, or
even the loss, of some of these software data structures and this will
eventually affect the performance of the switching system. A software data
structure that has deteriorated may become unable to represent the state of a
hardware resource; in such a situation it could, for example, show a network
speech channel as in use when in fact it is not. Independent software data
structures, such as mailboxes, may simply become unavailable for use.

In conventional computer systems this situation is normally dealt with by a
periodic restart or by reloading the computer, usually at least once a day. In
telephony, however, this is not acceptable, and the DMS-100 Family audit
software is used to make periodic checks on the data structures for integrity,
reasonableness and, where appropriate, to see that they match the actual
hardware states that they are meant to represent. Usually any discrepancy is
logged and where possible, corrected. Where there are very serious,
unrecoverable discrepancies the office alarm may be sounded. In extreme
situations maintenance may cause a system restart and may eventually lead
to reload of the system from tape.

There are four levels of audits:

1 audits of telephony equipment such as trunks, lines, DTMF receivers,
and MF receivers

2 audits of call processing software resources: data structures that chart
the progress of individual calls
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3 audits of operating system software resources: mailboxes, letters, and
memory

4  call completion audits.

Example of an audit in DMS-100 family systems

The first three levels of audit—audits of telephony equipment, call
processing software, and operating system software—check the correct
operation or condition of the corresponding software data structures. The
audit for MF receivers (a first level audit) illustrates the general principles of
these audits.

Every few minutes the audit for MF receivers is invoked and applies a series
of tests. For example, all receivers of a given type that are in the idle state
ought to be on a queue of idle receivers. Thus a data structure describing the
state of one receiver is checked to ensure that if that data structure represents
the idle state it is also linked to the idle queue. Other audits are based on the
idea of reasonableness. For example, if a receiver has been recorded as
continuously busy (that is, associated with the same call) for more than a
given amount of time, it is assumed that this is an error and the receiver is
recovered, marked idle, and put back on the idle queue.

In addition to the test applied to individual receivers, there are also tests on
groups of receivers. The queues of idle receivers are represented by linked
lists. These lists are checked for integrity by following the whole queue to
look for loops or breaks, and then checking to see whether each member in
the list should really be in the list. If a defect in the queue is found, then the
audit takes recovery action by rebuilding the whole queue.

In spite of the many levels of checking in individual parts of the system,
there may still be undetected faults that prevent the correct operation of call
processing. Because of this the call completion audit was designed. For this
audit a crude “goodness” measure is constructed, based on the ratio of the
number of calls successfully completed to the number of calls originated.

The numerical value of this ratio (maximum 100 percent), which is
recomputed every few minutes, is tracked over several cycles. If it falls
below a certain threshold an office minor alarm is sounded and a message is
sent to the log. If it falls below a lower (critical) threshold an office major
alarm is sounded. If this happens on several consecutive cycles a critical
alarm is sounded and the system is automatically restarted.

Monitoring call processing activity

Two useful monitoring tools are available through the MAP: levels CPSYS
and ACTIVITY.

CPSYS displays the following information:
1 number of CCPs in use
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Tasks

number of call processes in use

total number of extension blocks in use
number of cpletters in use

number of ECCBSs in use

number of calls in each call state

o OB~ WD

ACTIVITY displays the following information:

System status as displayed at the MTC MAP level, consisting of the alarm
and fault status for each maintenance subsystem (for example, control
component, messaging component, NMs, PMs) at traffic levels which
include these:

1 calls per hour

2 numbers of line and trunk originations during the sample period (1 min.)
3 call completion rate

4 percentage of calls terminating on tone or announcement

CPU occupancy, as distributed over the following:

1 call processing and 1/O interrupt handling

scheduler processing

foreground processing (scheduler clasgyssem6andsystem?
maintenance processing (scheduler ataasitclasy

non-guaranteed background processing (scheduler ctyssesnQ
ngbkgclass,anddefbkgclasg

preferred background processing (scheduler clagdexlass
gomclassngomclass and mosftclasg

a b~ WD

»

Grade of service, which includes measurements of average and maximum
delays for calls waiting on origination and progress queues, and for
background processes waiting on the scheduler queues.

Round-trip messaging delays from the control component to a PM and back
to the control component.

A task is defined by the syntax of the XPM PASCAL language and contains
a body of code. A task program in execution; execution of a task starts at the
beginning of the task body.

XPM PASCAL supports concurrences at the language level. the language
allows the designer to define task types and to initiate multiple instances of
these task types. This arrangement may be thought of as many machines
executing the same sequence of instructions. In reality, there is only one
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machine; its time is divided among the several running tasks by a task
scheduler.

A task consists of several data structures:

1 The Task Control Block (TCB) contains a variety of information used
by RTSS to control a task. The TCB contains:

— data that defines the state of the task
— control information.

The data that specifies the state of the task defines what the task was
doing when it was last running. The data contains enough details to let
the task resume execution when it is rescheduled. For example, this data
would include a copy of machine registers, such as the instruction
counter and the status register.

Task control information includes the following elements:

— task ID

— priority of the task

— pointers to link the TCB onto the scheduling queues

— pointers to link the TCB onto a queue while waiting on events.
2 The Stack Heap (STEAP) allocates the memory for the task.

3 The Stack evaluates expressions, allocate local variables and store
procedure return information.

Some hardware registers are used to access the procedure code, as well as
the STEAP and Stack. These registers are unique and refer only to the
currently running task.

The Inter-Process Communication (IPC) system provides a means of
communicating between tasks.

Task creation and initialization
A task is created by the INITIATE statement, which specifies:
1 the amount of task space required for the Stack and STEAP
2 the priority of the task for scheduling purposes

RTSS allocates a Task Control Block (TCB), assigns a task ID, allocates a
task space (which includes a STEAP and a Stack), and places the TCB on
the scheduling queue. By convention, most tasks in the XPMs are created in
the initialization procedures.
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Task scheduling

Although it appears that there are several tasks executing concurrently on
the XPM, there is in fact only one task executing at any given time. The
processor time (for the SP and MP) is divided among several running tasks
by a scheduler. The scheduler performs the following operations:

1 It decides which task to execute next.

2 It allocates processor time among the task that are waiting to be
executed.

3 It provides task synchronization.

Because there may be many tasks competing for processor time, the
scheduler uses a priority system to establish which task should have access
to the processor next. Each task is assigned a priority when it is created.
Tasks are assigned a priority from one to seven, with seven being the highest
priority.

Timer task

There is a TIMER task in both the SP and MP. The TIMER task is the only
priority seven (the highest priority) task. A level three interrupt occurs every
10 milliseconds. The clock interrupt handler is located in RTSS. This
interrupt handler performs the following functions:

1 Itincrements the internal clock. The clock kept as a number of ticks. It
should be noted that an XPM clock tick (10 ms) is not the same as the
control component clock tick (6.25 ms).

2 It checks the delay queues. A task can delay itself for a specified period
of time.

3 It makes the TIMER task ready to run.

4 It invokes the scheduler, which is part of RTSS. Since the TIMER task
is the only task at priority seven.

Application software that must run every 10 ms binds in procedure variables
to the TIMER task at initialization time. The following are examples of
application software that are bound in:

1 procedures to check the IPC queues

2 procedures to check the other processor (SP or MP) to see whether it
requested an activity switch or a restart by setting flags in
mod_com_area

3 MSR procedures
4  scanning of links from P-side nodes for incoming messages

There are two priority levels for procedures in the TIMER task:
1 critical procedures that always run
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2 non-critical procedures that run if there is time

When the TIMER task is finished, it suspends itself. As a result, it is not run
again until the next clock interrupt occurs.
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Scheduler

Timer

The scheduler is a mechanism for sharing the CPU among the various
processes running on the machine. Each process is assigned a priority, an
integer from zero to seven which indicates the relative importance of that
process. Processes performing more important tasks such as call processing
are assigned a higher priority and will be scheduled in preference to lower
priority processes when a number of processes are found to be ready-to-run
at the same time. For example, call processes run at priority-level five, and
the CI processes controlling manual administration function, usually runs at
priority-level two. When a process becomes ready it is entered at the tail of
the queue corresponding to its priority. Whenever the scheduler is invoked,
the process that is selected to run is at the head of the highest priority
non-empty scheduling queue.

In order to avoid the lower priority processes being “locked out” under
heavy load conditions, the processes are divided into two classes:

« The call processing and foreground processes (priorities five, six, and
seven) which are assigned 90 percent of the scheduled CPU time.

« The background processes (priorities zero, one, two, three and four)
which are assigned 10 percent of the scheduled CPU time.

The scheduler is invoked under one of three circumstances:

« The currently running process is suspended. This is the case when it
must wait for something to happen, for example, the process for
handling logons from users will suspend, and wait for the next login or
logout action.

« The time slice of the currently running process is expired.
« A higher priority process has become ready-to-run.

On invocation, the scheduler performs three functions:
« saves some information about the process which has just been running
+ selects which process to run next

« retrieves information about the process to be run and passes control to
that process

The timer is based on the CPU clock and is invoked every clock tick

(6.25 ms). It is used to time running and suspended processes. The currently
running process is timed by decrementing its time slice value every clock
tick. When this value reaches zero, the process is placed at the end of its
priority queue and the scheduler is invoked.

Timed processes, those waiting for a certain time interval to expire, are
placed in a timer queue. The timer queues are examined every two clock
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ticks for any processes that need to be woken up. If any such processes are
found, they are placed in the appropriate scheduling queues.

The wake-up subsystem

This part of SOS software gives processes the ability to detect the

occurrence of a particular date and/or time, or to detect any changes to the
date and/or time. A process does this by posting a wakeup or time-date
change request with the wakeup subsystem. When the desired event occurs a
message is sent to the process. A good example of the use of the wake-up
system is an audit process wishing to wake up at a certain time and perform
routine maintenance on part of the system or facility hardware.

Bootstrap loader

The bootstrap loader is implemented in microcode and permanently located
in the ROM card of the CPU. It is used to autonomously load program and
data store from a bootstrap input device, for example, a magnetic tape.
Bootstrapping a DMS-100 Family office can occur in one of three modes:

- dead office
- active controlled
« autoload mode

All three modes share the same set of firmware.

The dead office mode is used to load a non—functioning office. Operating
company personnel activate the loader by means of manual control switches
located on the CPU, for example, the thumbwheel, DACT and RESET.
Progress reports identifying stages of initialization, such as,error codes and
load completion, are made via the two-digit display also located on the CPU.

The active controlled mode is used in a normally functioning office. The
active Central Control (CC) can process calls and, at the same time, control
the bootstrap loader in the offline CC. The controlling and reporting
procedures are implemented in the high level language PROTEL, and are
resident in PS. Manual controls by operating company personnel and loader
activity reports are via the normal office 1/O facilities, for example, a
designated MAP or teleprinter. One use of this mode is to load a new generic
program into the offline CC while the active CC continues to run the office
with the old generic.

The autoload mode is similar to the dead office mode except that it is
activated automatically when the system has made three attempts to switch
machine activity and resume normal operation and all have proved
unsuccessful. When activated, the autoloader proceeds to load the contents
of an office image tape into PS and DS without manual intervention. This
mode is particularly useful when an office is unattended.
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Growth capability

The DMS-100 Family software has been designed into well defined building
blocks called modules. These modules include all the programs necessary
for an operational system. In addition, provision is made for a group of
optional modules containing the code and data necessary for implementing
feature-dependent functions. This modular design not only produces a
reliable product, but also provides flexibility for future growth to
accommodate new features.

DMS-100 family peripheral software

The DMS-100 Family system has been designed as a distributed system
where the various peripherals perform the time consuming repetitive tasks
(scanning and supervision of trunks, etc.) under the control of the main
CPU. To provide a uniform vehicle for control of activities within peripheral
modules, each peripheral module contains a simulated computer, the
Telephony Peripheral Virtual Machine (TPVM). The architecture of this
simulated computer and its instruction set provide a flexible, high level
mode of control of telephone calls and other tasks carried out in peripheral
modules.

Central control communicates with peripheral modules through messages.
The messages from central control contain programs written in TPVM
language identify the terminal on which the program is to be executed. The
incoming messages to central control, on the other hand, are generally
reports of events (for example, trunk seizure, digits dialed, integrity failure).
A number of advantages are derived from the TPVM approach to DMS-100
Family software. A fairly important one is the containment of effect of
change on software. A new feature will usually require only additions to
software resident in central control; redesign of a peripheral module or the
interface to take advantage of new technology will affect only software
resident in the peripheral module.

Telephony peripheral virtual machine (TPVM)

The TPVM provides the interface between the peripheral module and central
control. Its architecture includes a stack processor with an instruction set that
offers high level control of telephony peripherals. The instructions (or
primitives) of a TPVM instruction set can be grouped into six major
categories:

+ stack

+ communication
- terminal control
« call control

+ maintenance

+ exec
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The stack instructions provide a means for performing logical and arithmetic
operations on data in the stack and for moving data from a stack to other
data areas of TPVM.

The communication instructions are used to compose messages and dispatch
them to central control. These instructions also control the generation of
messages to other peripheral modules over the supervision message channel,
the reception of messages from other peripheral modules, and actions
initiated upon reception of such messages.

Terminal control instructions control the hardware that connects the
telephone lines and trunks to the switch. A high level mode of control is
employed, which means that central control does not have to be concerned
with the details of terminal control.

The call control instructions generally initiate control of a phase of a
telephone call, for example, digit reception, or supervision of a talking
connection. The maintenance instructions provide the means for
maintenance of trunk interfaces, peripheral module hardware, and its
interfaces to the DMS-100 Family network.

The “execs” are short TPVM programs stored directly in the peripheral
module memory and can be called up as needed. For example, they can be
invoked directly by central control messages or called up after the
occurrence of certain call events in terminals to initiate needed action. The
TPVM contains instructions to define and invoke these execs.

The TPVM instruction set is designed to optimize some of the conflicting
tradeoffs in the design of peripheral modules, for instance, the need to
minimize peripheral module memory while carrying a substantial part of call
processing load, or the need to be flexible while attaining a high level of
abstraction (that is, protecting central control from the need to concern itself
with call details).

The software that implements a TPVM in a peripheral module is stored in
Random Access Memory (RAM). Indeed, only a small loader program is
stored in peripheral module PROMs (Programmable Read Only Memories).
The TPVM programs are stored on magnetic tape and down-loaded from
central control to the peripheral modules.

Peripheral processing

Processing is carried out in a generally similar way in all the peripheral
modules. For example, the DTC illustrates how peripheral processing takes
place. Each DTC combines two peripheral processors: the Signaling
Processor (SP) and the Master Processor (MP).

« the SP (through associated hardware interfaces) has four functions:
— handling the I/O message protocol between the DTC and CC
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— collection and comparison of all 480 Channel Supervision Messages
(CSM)

— interfacing the A/B bits on the digital carrier and providing filtering
of the A/B bits, timing of signaling and alarm states, digit collection
and the transmission and timing of local alarms

— hardware monitoring and fault detection routines

+ Master Processor — The MP implements the TPVM. In the TPVM,
programs sent from the CC are interpreted and terminal processes
executed. In addition, audits of terminal states and data are performed.

Meridian Digital Centrex (MDC)

Meridian Digital Centrex is a powerful portfolio of business communication
services offered through a full line of voice, data and ISDN terminals,
resulting in the most cost-effective, productivity enhancing
telecommunications system for the 1990s.

Through MDC, the business customer can access all of the MDC
technologies, including analog lines, Meridian Business Set lines, Datapath
lines, DMS Integrated Access Local Area Network (DIALAN) lines
interwork. This interworking allows the telephone operating company to
match the most cost-effective technology to the particular services desired
by the customer. Capabilities within the MDC portfolio include:

- ISDN—offers integrated voice, circuit data and packet data over a single
line.

+ DMS Meridian Automatic Call Distribution (ACD)—jprovides superior
call handling from the central office by efficiently distributing a large
volume of incoming calls to a designated group of answering positions

« Meridian Network Centrex and Meridian Digital Centrex CLASS—
transparently extends MDC features across the public network through
the implementation of Common Channel Signaling No. 7.

+ Business Network Management (BNM)—extends network management
capabilities, station moves and changes and Station Message Detail
Recording (SMDR) to the customer premises.

Integrated services digital network (ISDN)

Integrated Services Digital Network (ISDN) is a set of standardized
customer interfaces and signaling protocols for delivering digital
circuit-switched voice/data and packet-switched data services. Standardizing
these interfaces and implementing the standards in a multivendor
environment has several advantages for the telephone operating companies
and their customers.

ISDN overview
\oice and data communications have followed separate evolutionary paths.
However, increasing demand for new telecommunication services coupled
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with the complexity and the high cost of providing dedicated lines to each
new service have created an urgent need for subscribers, as well as network
providers, to develop services that can share the access to transmission lines.
ISDN integrates single all-digital communications network that allows
single-plug access to voice, data, text, network signaling, and image
transmission. This access is the key feature of ISDN. The feasibility of

ISDN is made possible through the process of digitization, in which all
information is transported as 0 and 1 bits in the digital language of
computers. Because all information is coded and transmitted in a uniform
manner, that different services can share the same lines and network
resources.

ISDN users have uniform access through standard interfaces which provide
B- and D-channels. The B-channel is a 64 kb/s two-way information ‘pipe’
which can carry any digital information such as digitized voice or data. The
D-channel is a channel used for controlling the B-channels and for
supporting low-speed packet data.

ISDN users have uniform access to these standard interfaces:

+ interface to customer premise equipment (CPE) such as computers,
POTS, and facsimile machines through BRI

+ interface to Centrex and Business Sets, digital Private Branch Exchanges
(PBX), host computers, and Local Area Networks (LANS) through PRI

« trunk-side interface to the Public Switched Network (PSN) through
Common Channel Signaling No. 7 (CCS7).

« access to local packet—data terminals and the Public Packet Switched
Network (PPSN) through X.25 and X.75/X.57" packet services.

« Equal Access

National ISDN-1

Progress toward a national ISDN standard took a major step forward in
February, 1991, when the Corporation for Open Systems (COS) held the
International ISDN Briefing in New York. COS members announced

National ISDN-1. This will be the members commitment to develop a
standards-based ISDN offering and market it across the nation early in 1992.
Nortel Networks will deliver National ISDN-1 compliance with the BCS34
software release.

COS is a non-profit organization of switch manufacturers, Bell Operating
Companies, computer and data-equipment manufacturers, and major ISDN
users. It was formed to encourage the widespread deployment of a
standards-based telecommunications network, ISDN, through switch vendor
cooperation.

The National ISDN-1 announcement removes the barriers that have delayed
ISDN deployment, unstable standards, proprietary implementations, and the
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lack of a commercially viable set of calling features and services. National
ISDN-1 standards agreement means that vendors are committing to a
communications standards between ISDN switches so that vendors are
committing to a communications standard between ISDN switches so that
ISDN services can be extended over a wide area served by different central
offices and multiple operating companies.

Calling features

National ISDN-1 defines a set of calling features, such as Call Transfer, Call
Forward, and Call Waiting. Nortel Networks meets many of these standards
now and will meet most of the others by early 1992. In addition, Nortel
Networks uses standards-compliant protocols to offer ISDN customers a set
of value-added features that have yet to be defined by national standards
bodies.

Interworking with non-ISDN lines

There will always be a need for ISDN lines to interwork with non-ISDN,
such as POTS, Meridian Digital Centrex, and 911 emergency lines. Some
switch vendors require that ISDN lines be kept strictly separate on an ‘ISDN
island.” However, Nortel Networks’ ISDN has always met the requirement
that ISDN lines fully interwork with other kinds of lines.

Basic Rate Interface

An ISDN BRI loop from a customer’s premises has two B channels at 64
kb/s each plus one D channel at 16 kb/s totaling to 144 kb/s. This gives the
user the capability of using three channels (commonly called 2B+D).

2B+D provides access for up to eight terminals and is configured as follows:

B channels  The two B channels can be used for circuit switch voice and
data or high-speed packet switched data. The two channels
not only can be used for two separate calls but also
independently and simultaneously for two connections
pertaining to the same call. This would apply, for example, to
a call between two voice/data terminals requiring separate
connections for voice and data transmission.

D-channels  One 16 kb/s channel carries signaling and control information
for the B channels and may also be used to interleaf
low-speed packet data with this information. By its ability to
support low-bit-rate data in packet mode, this channel can
serve the so-called telemetry services (that is, meter reading,
alarm monitoring, and so on).

Primary rate interface

Primary Rate Interface (PRI) carries nB+D channels over a digital DS1
facility (23B+D in North America and 30B+D) in Europe) and is used to
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link private networking facilities such as PBXs, LANs, and host computers
with a standardized architecture acting as the bridge between private
switching equipment and the public network.

23B+D is configured just like the BRI with the following exceptions:

Access termination at the DMS is provided through ISDN Digital Trunk
Controller (DTCI) and/or ISDN Line Trunk Controller (LTCI).

Since low-bit-rate data packet is not supported on the D channel, the
D-channel is then relegated to call control signaling associated with the
B-channels.

Although PRI is defined as 23B+D, one D-channel has the capability to
provide signaling for up to 479 B channels, provided all DS1 facilities are
located on the same ISDN Controller.

20 DS1s by 24 channels per DS1 =480 channels
D-channel for call signaling = -1 channel

Possible B channels = 479 B channels

ISDN benefits

Integrated voice and data service

ISDN uses the customer’s existing wire pair to deliver many new services
simultaneously, such as digital voice, circuit-switched 64 kb/s data and
packet-switched data. This powerful capability makes ISDN today’s top
choice in voice and data technology, when desk-to-desk data connectivity is
equally as important as the telephone service.

Out-of band signaling

Just as out of band CCS7 signaling increases the efficiency of inter-office
communications, ISDN’s D channel signaling handles call control activities
between the switch and the customer more efficiently that POTS service.

Lower CPE cost

National ISDN-1 (NI-1) standards will eventually lower the cost of of ISDN
CPE, because the equipment will be produced in greater volume by many
different and competitive manufacturers.

Wider choice of CPE

End users can choose from among a wide variety of NI-1 standard compliant
ISDN equipment from different manufacturers, thus better matching
purchases to customer needs.
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Terminal portability
NI-1 ISDN standards allow ISDN CPE from one manufacturer to operate on
any ISDN switching system.

Standardized OAM

Standardized line maintenance capabilities for ISDN will simplify training
of maintenance personnel and work to reduce operational costs.

DMS-100 ISDN is built to these standard interfaces. As manufacturers of
CPE and other switches follow suit, all ISDN CPE will be able to operate on
any standards compliant ISDN switching node.

The BCS31 ISDN offering provides standards compliance for Layer 1
(2B1Q; TR-393) and layer 2 (TR-793). Layer 3 standards compliance with
full terminal portability is provided by BCS34.

There are currently two different ISDN customer interfaces: BRI and PRI.
ISDN is extended between switches by CCS7 trunk signaling.

A typical representation of an ISDN network is shown in Figure 2-35 ISDN
access arrangements fit into any network environment:

BCS32 BRI enhancements

Note: As of BCS 32, the Integrated Access Controller (IAC) peripheral
is no longer supported as a controller for BRI or PRI ISDN. Beginning in
BCS32, BRI and PRI ISDN must be supported by the LGCI, DTCI, or
LTCI.

ISDN LCM Support for Additional Line Types

Beginning with BCS32, the ISDN 2B1Q Line Concentrating Module (ISDN
LCM) can support line cards for 2B1QU, ISDN T, POTS, Meridian and
Electronic Business Sets, and Datapath Service. This additional support
makes administration easier and lowers costs, because there are no
single-service-type LCMs (feature package NTX750AB).

Networking Enhancements

BCS32 adds additional TR—444 capabilities, such as mapping ISDN Q.931
signaling onto ISUP signaling and extending Low-Layer and High-Layer
compatibility and Called and Calling Party Subaddress information between
nodes (AG2002 and AG2211 in package NTX757AA). Refer to Figure
2-35.

Translational and Routing Enhancements

BCS32 provides additional TR-448 compliance by extending the TR-448
ISDN routing and digit analysis capabilities to existing DMS-100 INWATS
and Virtual Facility Group (VFG) translations. Also, this feature completes
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TR-448 compliance by allowing a Bearer Capability to be datafilled against
an incoming trunk group (AG2210 in package NTX767AA [end offices] and
NTX768AA [Tandem Offices]).

BCS33 BRI enhancements

New call-coverage features
BCS33 introduces a comprehensive set of Bellcore-standard features that
allow ISDN set to be better used in call-coverage applications, including:

« Key Short Hunt for EKTS (AQO0733 in NTX754AA)
« Abbreviated/Delayed Ringing for EKTS (AQ0734 in NTX754AA)

« Call-Forward Programming by a Secondary MADN Member for EKTS
(AQO735 in NTX754AA)

Inbound modem pooling

This feature allows terminals in non-ISDN (for example, POTS) networks
using voiceband modems to establish calls to ISDN circuit-switched data
terminals. This capability further reduces the barrier between ISDN and
non-ISDN and non-ISDN data applications by allowing lower speed but
transparent access between two users. See the ISDN Inbound Modem
Pooling feature AC0615 in package NTXN99AA.

Dynamic Terminal Endpoint Identifiers (TEIS)

This capability allows ISDN users to specify the Dynamic Terminal
Endpoint Identifier (TEI) for their terminals. These features represent the
first step toward ISDN terminal portability on the DMS-100 (delivered with
BCS34 in feature AL2277 in the package NTX750AB).

BCS34 National ISDN-1 BRI enhancements

Flexible—calling enhancements
BCS34 delivers these ISDN Flexible-Calling Features.

« ISDN Additional Functional Call-Notification Busy Limit (AQ0779 in
NTX755AB).

+ 6/30—Port Conferencing for Flexible Calling (AQ0736 in NTX755AB)

« Three-Way Call Chaining for ISDN Flexible Calling (AF3244 in
NTX755AB)
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Figure 2-35
ISDN network overview
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DMS-100 ISDN features
Four capabilities are supported for ISDN implementation of BRI and PRI:

+ Basic Access 2B+D to enable circuit-mode terminals and packet-mode
terminals to access features and services that reside in the network.

- ISDN terminal access to a major subset of DMS-100 MERIDIAN
Digital Centrex features BCS29).

+ ISDN Terminal access to all DMS-100 MDC Features beginning with
BCS31 using the optional feature—Meridian Feature Transparency
(MFT).
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- Data services.

— X.25 packet mode terminals on B channel of BRI and D channel of
BRI

— Transparent circuit switched 64 kb/s data on B channel.

— DMS PH fully integrated at BCS34 based on the LPP platform for
National ISDN-1 compliance (NTXP47AA/NTXP75AA).

« Key activation and Dial Access Code activation for terminal access to
ISDN circuit switched supplementary services.

Basic rate software packages

The BRI is the basic subscriber loop, delivering two 64-kb/s B channels and
one 16 kb/s D channel over a standard twisted pair loop. Each of the
circuit-switched B channels can transmit voice or data simultaneously, while
the D channel transmits call control messages and user packet data.

B channels packets are routed from the BRI interface and are routed through
the network interface unit (NIU) to the X.25/X.75/X . Tk interface unit

(XLIU). The B channel path is fully redundant from the enhanced line
concentrating module (LCME).

D channels from the BRI interface are terminated at the D channel handler
(DCH). From there, the DCH forwards the packet data to the XLIU on the
Bd channel.

ISDN voice services

DMS-100 is a complete business service that offers the largest number of
productivity-enhancing voice features in the industry.

DMS-100 ISDN offers functional-signaling features in accordance with

TR268 Bellcore standards. Now more than 200 standard features designed to
Bellcore Technical Recommendations (TRs) have been implemented on
DMS-100 ISDN lines. Standard ISDN allows local exchange carriers to

offer a consistent grade of service to all customers, regardless of the serving
switch and when fully implemented, standard ISDN will allow a wider

choice of telephone and terminal vendors, because they will build their
products to the same standards.

In an ISDN Meridian Digital Centrex group, BRI lines can be intermixed
with business set lines, allowing the customer to provide each employee
with the appropriate level of service at a cost effective rate. As the need for
integrated voice and data grows, more ISDN lines can easily be added.

Table 2—-2 summarizes the software packages required for various BRI
services and required packages for the DMS PH (beyond the usual MDS
packages required to access MDC features).

DMS SuperNode Technical Specification BCS36 and up



2-110 Engineering description

Table 2-2
BRI software packaging

Package name

Standard ISDN capabilities

ISDN Basic Access
(NTX750AB)

TR-393-ISDN Basic Access Digital Subscriber Line, Issue 1
TR-793-ISDN D-channel Exchange Access Signaling (Layer 2)

ISDN Advanced Signaling
(NTX753AB)

TR-268-ISDN Basic Access Call Control, Issue
TR-856—ISDN Hold Capability, Issue 1

Advanced Signaling
(NTX753AB) (GA BCS35)

Information Request (TRs 847, 205, 850, 853, and 858)
TR-847-Terminal initialization/SPID and FA protocols
TR-850-BBG Dial Access Compliance
TR-268—Terminal—portability Enhancements

ISDN Electronic Key
Telephone Service
(NTX754AA)

TR-205-ISDN Electronic Key Telephone Service Issue 1

ISDN Standard
Supplementary Services
(NTX755AA)

TR-858-Flexible Calling Issue 1

ISDN Standard
Supplementary Services
(NTX755AB) (GA BCS34)

TR-858—Flexible Calling Issue 1
TR-857—Additional Call Offering Issue 1

ISDN Standard
Supplementary Services
(NTX755AC) (GA BCS35)

Terminal portability for Bellcore TR Supplementary Services

ISDN User Part (ISUP)
Interworking
(NTX757AA)

TR-444-ISDN Access Using the ISDN User Part, Issue 1
TR-444 Compliance Phase 1
TR—-444 |ISUP-BRI Interworking Compliance Phase 2

ISDN Routing and Digit
Analysis End Office
(NTX767AA) and Tandem
Office (NTX768AA)

TR-448-ISDN Routing and Digit Analysis Issue 1
TR-448 Compliance Phase 1
TR—448 ISDN Translation and Routing(NTX767AA)

TR-444 |ISUP
Interworking—Toll Office
(NTX769AA) (GA BCS34)

TR-444 ISUP/BRI Interworking for Toll Office

MDC Message Waiting
Service (NTX119AA)

Allows assignment of Message Waiting/Call Request to a feature
key on a functional signaling set

ISDN Inbound Modem
Pooling (NTXN99A)
(GA BCS33)

Inbound Modem Pooling

DMS PH

Required feature packages

NIU Software Base
NTXH77AA

Provides channelized access from the switched NIU software
based network to the LPP packet processors.

—continued—
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Table 2-2

BRI software packaging (continued)

Package name

Standard ISDN capabilities

DMS PH software base TR301.2 provides X.25, X.75 and X.75' packet processing for

NTXP47AA

ISDN.

DMS PH Servord NTXP75AA  Integrates the packet OA&M into the existing DMS Service Order

process.

End

Free upgrade to Standard 2B1Q ISDN

Nortel Networks is offering telephone operating companies and their
customers a free upgrade of non-standard AMI ISDN lines to standardized
2B1Q. There is also a replacement program for AMI equipment in
inventory.

Until recently all switch manufacturers have implemented ISDN-like
services using proprietary Alternate Mark Inversion (AMI) lines. However,
this implementation does not meet the definition of standard ISDN, which
requires a single customer interface for all switch and terminal vendors.

The importance of 2B1Q

2B1Q (two binary, one quaternary) has been defined by the International
Telephone and Telegraph Consultative Committee (CCITT), the American
National Standards Institute (ANSI), and Bell Communications Research
(Bellcore) as the new North American standard for the ISDN line between
the customer premises and the central—office switch. The ISDN customer
with 2B1Q lines will benefit from terminal portability, a greater choice of
NT1 and terminal equipment and improved maintenance.

The upgrade program

Those now using AMI-based ISDN must now upgrade to the 2B1Q lines or
continue to use their non-standard AMI network. But because of Nortel
Networks’ commitment to ISDN standards, telephone operating companies
and their customers served by DMS-100 ISDN switch will receive a free
2B1Q upgrade which includes:

« one-for-one free replacement of AMI ISDN line cards and Network
Termination 1 (NT1) devices that are installed or in inventory by
January 1, 1991

» free upgrade of AMI Line Concentrating Modules (LCMs) to handle
wired capacity of ISDN lines installed and shipped by January 1, 1991

- free upgrade of NTX750AB central-office software package for 2B1Q
capabilities
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Upgrade eligibility
The program is available beginning in BCS32 to any telephone operating
company that:

« has AMI equipment deployed or in inventory before January 1, 1991
« has purchased BCS32 software (or later release)

Nortel Networks 2B1Q products
NT 2B1Q products include the following:

« rackmount/wallmount and desktop NT1s with optional terminal
powering and battery backup

+ single-slot line cards
+ high-capacity line drawers for the 480-line ISDN LCM

Nortel Networks’ 2B1Q products fully complies with the American National
Standards Institute (ANSI) and Bellcore requirements, and also conforms to
the CCITT I-Series Recommendations.

Standardized maintenance improved

2B1Q standards include powerful maintenance capabilities using the
embedded operations channel (EOC), including layer-1 Performance
Monitoring through Cyclic Redundancy Check (CRC). As standards for new
maintenance capabilities emerge, existing equipment can be easily upgraded
through software upgrades to comply with the new standards

Future feature upgrades

Beginning with BCS33, new switch orders for ISDN applications or feature
upgrades will be available only with standard Functional Call Control or
Meridian Feature Transparency (MFT). MFT is an option that allows an
ISDN line to use the complete set of Meridian Digital Centrex features. It
allows a customer to migrate to ISDN while retaining MDC features—such
as Automatic Call Distribution (ACD)—on selected lines.

Central office upgrade to standard ISDN

To facilitate the migration from Stimulus to Functional Call Control, NT is
offering free DMS-100 software upgrades to Standard Functional
Call-Control Protocol with the purchase of the appropriate BCS software
release. Functional Call-Control software has been available since BCS29
and has evolved to meet the functional standards as defined by TR-268 in
BCS31. Beginning with BCS33, software package NTX750AC will provide
only the Functional Call-Control Protocol and the MFT option.

Also in support of standard ISDN, NT continues to offer the free upgrade to
Standard 2B1Q ISDN—announced April 16, 1990—to all central offices
now using Alternate Mark Inversion (AMI) line coding. This offer includes
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standard 2B1Q DMS-100 software, a one-for-one replacement of all AMI
line cards and NT1s, and an upgrade of ISDN Line Concentrating Modules
(LCMs) when the operating company purchases BCS32 or a later software
release.

Free terminal upgrade to standard ISDN

NT also provides an easy and efficient program to support the migration of
standard Functional Call Control for its family of ISDN Business Sets.

The M5209T set currently supports both Stimulus and Functional Call
Control. To migrate to Functional Call Control, a simple data modification is
made in the DMS-100 central office, with few or no programming changes
in the set at the customer’s site. There are no firmware changes required in
the set.

The M5317T set requires a firmware upgrade kit—available from NT free of
charge. These kits contain all firmware and documentation required for the
changeover, which is done in the field. With a simple data modification in
the DMS-100 central office, either the customer or an operating-company
technician can complete the changeover to Functional Call Code Control at
the customer’s site.

Implementing the transition from stimulus to functional

The operating companies and their ISDN CPE providers will manage the
timing of the transition for their customers. Any translation changes and
customer-side visits to install firmware or to reprogram ISDN terminals shall
be made by the telephone operating companies, the CPE provider, or the
ISDN subscriber,

The transitions must be completed before a DMS-100 is upgraded to BCS38
(currently planned for release in 1994). Customers choosing to continue with
the stimulus versions for the M5209T, M5317T, and earlier ISDN trial
equipment—T2317 and Personal Computer Terminal Adapter (PCTA)—will
be supported through BCS37 as they migrate to standard ISDN.

For technical information about these ISDN terminals, contact Nortel
Networks’ Terminals Technical Support in Nashville using the following
toll-free number: 1-800-558-9936. Your Nortel Networks representative can
give you more information about the free upgrade and ISDN Functional
Call-Control applications.

Standardized 2B1Q-compliant products introduced
With BCS31, Nortel Networks introduces a complete line of
2B1Q-compliant products, including the following:

« network termination 1—NTI devices with optional terminal powering
and battery backup

+ single slot line cards
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» high capacity line drawers—Specifically for the 480-line ISDN Line
Concentrating Module (LCM). The existing AMI LCM can be upgraded
to 2B1Q.

All S/T-interface terminals, such as the Meridian M5317T and M5000T1
UTA, M5209T ISDN business sets, will operate on a 2B1Q lines and have
access to all the ISDN MDC features available.

2B1Q ISDN products Line cards, line drawers, and NT1s using
single-chip 2B1Q technology are currently available from Nortel Networks.

2B1Q is a foundation for standardized ISDN, and when implemented by
other switch vendors, will allow any vendor’s compliant customer-premises
equipment (CPE) to connect to any compliant switch. It replaces switch
vendor’s present proprietary Alternate Mark Inversion (AMI) line-coding
schemes. Nortel Networks will continue to support its currently installed
AMI products.

Improved, standardized maintenance 2B1Q standards include new
maintenance capabilities using the embedded operations channel (EOC),
including layer 1 performance monitoring through Cyclic Redundancy
Check (CRC). As new maintenance capabilities are standardized, existing
equipment can be easily upgraded with software to comply with the new
standards.

Because line maintenance capabilities for 2B1Q have been standardized,
these procedures will simplify training of maintenance personnel and reduce
operating costs. Operating companies will also be able to do network-wide
maintenance from a centralized Operations System (OS).

Standard ISDN features and Meridian feature transparency (MFT)

Subscribers to ISDN MDC will have access to a large set of standardized
ISDN features. For customers with special feature requirements, Meridian
Feature Transparency (MFT) is an ISDN line option that gives access to the
familiar MDC feature set.

Nortel Networks recognized the need for flexibility and matches features to
end-user requirements. Customers are helped in their migration from
Meridian Digital Centrex to ISDN. To meet these needs, Nortel Networks
offers the standards-based feature set and Meridian Feature Transparency
(MFT) on DMS switching systems.

Standard ISDN will allow local exchange carriers to offer a consistent set of
feature services to all customers, regardless of the serving switch. When
fully implemented by switch and CPE vendors, it will allow a wider choice

of telephone and terminal vendors because products will be built to the same
standards.
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Nortel Networks has lead the industry in implementing standard ISDN
features on public switching systems. Currently over 200 standard features
based on Bellcore Technical Recommendations (TRs) have been introduced
on the DMS Family of switching systems.

Terminal / feature flexibility  All T-interface terminals, such as the
Meridian M5317T and M5209T ISDN Business Sets, will operate on a
2B1Q loop just as they did on an AMI loop. 2B1Q has no effect on feature
access; 2B1Q lines have access to all the ISDN Meridian Digital Centrex
features.

Nortel Networks recognized the need for flexibility and matches features to
end-user requirements. Customers are helped in their migration from
Meridian Digital Centrex to ISDN. To meet these needs, Notel Networks
offers the standards-based feature set and Meridian Feature Transparency
(MFT) on DMS switching systems.

Special feature needs A customer may, for example, wish to assign
some ISDN lines to the MFT option so that can function as Automatic Call
Distribution (ACD) stations. (Bellcore has not at present standardized ACD
features for ISDN lines),

With a simple translations change, customers can later migrate to
standards-based ISDN features without changing ISDN terminals.

Full interworking The standards-based, pre-standards, and MFT feature
options are assigned by datafill on a set-by-set basis. Sets assigned
difference options fully interwork and can be mixed on the same loop and in
the same customer group. ISDN data terminals will use the standard

features, even if voice terminals are on the same loop and are assigned to the
MFT option.

No terminal management problems  MFT will not require tracking

multiple terminal types because a single firmware version of ISDN Meridian
Business Set will support both standards-based and MFT features. ISDN
Meridian Business Sets will support both standards-based and MFT features.
ISDN Meridian Business Sets manufactured before the availability of MFT
features. ISDN Meridian Business Sets manufactured before the availability
of MFT will be capable to be upgraded to support both MFT and standards
based sets. Customers who would have hesitated because of feature
availability can migrate to integrated voice and data with full feature
transparency where required.
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NT ISDN business sets/terminal adapter

Nortel Networks continues to develop terminals to meet the needs of
different market segments—from voice-only ISDN set to those with fully
integrated voice and circuit/packet-switched data. All three ISDN sets will
support National ISDN-1 beginning January 1, 1992.

M5209T and M5317T ISDN Meridian Business Set$he M5209T and
M5317T ISDN Meridian Business Sets are designed to Nortel Networks’
BRI Specification (NIS-5208-5 Issue 1.0), which is based on Bellcore
functional-signaling standards. The MFT option will be supported on
single-firmware versions of Nortel Networks’ M5209T ISDN Business Set
and M5317T ISDN Business set. These sets can be upgraded for MFT. The
specific features delivered will depend on each individual set’s design.

M5317T Centrex ISDN SETThis set has twelve programmable line/feature
keys, five context-sensitive Soft Keys, and an 80-character display, the
largest of any Business Set. It will be available as the voice-only M5317T, or
as the M5317TD with high-speed circuit-switched data at 19.2 kb/s

M5209T Centrex ISDN Display SefThe M5209T ISDN Display Set has

nine line/feature keys and a 48 character adjustable display. It is available as
a voice-only set, or with either of two options—one for packet-switched data
at up to 9.6 kb/s, another for selectable packet-or circuit-switched data
(circuit data up to 19.2 kb/s).

M5000TB1 ISDN Terminal Adapter This new terminal adapter supports
2500-type telephones and allows a wide range of existing computers and
data terminals to connect to an ISDN line. It supports many available
communications-software products with flexibility and operational
simplicity of a modem. It makes many non-ISDN data products compatible
with an ISDN MDC line. This protects the end user’s investment in voice
and data equipment and allows wider deployment of ISDN lines.

M5000TD1 The M5000TD1 uses standardized functional signaling and the
Hayes At Command Set enhanced for ISDN and supports both circuit and
packet switched data. It connects to analog voice and data devices—such as
2500-type sets, modems, and Group Il FAX machines—through an RJ-11
connection. Many ISDN Meridian Digital Centrex features—such as
Conference Calling, Call forward, Call Transfer, Call Park, Call Pickup, and
Speed Calling—are available to the 2500 set connected to the M5000TD1.
The keypad of 2500 set can be used to set up calls for Group 1V FAX
machines and other data devices that do not have dialing capabilities.
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DMS-100 node implementation

ISDN basic rate interface components

The architecture of the BRI to the DMS-100 node is shown in Figure 2-36.
This architecture complies with CCITT recommendations.

Figure 2-36
ISDN access (basic rate interface-network implementation)

2B+D two-wire, non-loaded loop
160 kbps, 45 dB

1] 1]
Four-wire ' Network '
i termination 1 i DMS-100 ISDN
' (NT1) ' node
T interface U interface
Terminal L Terminal
adapter adapter
Architecture is CCITT standard
Eight-wire passive bus interface at T-interface; T-bus is four-
. ) wire
Terminal | Terminal Maximum number of terminals: 8 per loop, 1 per B-channel
equipment 1 equipment 8 | Both B-channels and the D-channel can be accessed simul-
taneously

Terminal equipment can be ISDN or non-ISDN

Terminal adapters are available for non-ISDN terminals
NT1, terminal adapters, and terminal equipment use local
power.

The two basic access interfaces are the ‘U’ and ‘T’ interfaces.

The U interface has these characteristics:

« two 64 kb/s B channels and one 16 kb/s D channel (2B+D)

« one 8 kb/s C channel for loop maintenance, 8 kb/s for framing
+ bit range of 160 kb/s

« echo Cancellation Hybrid technology

+ loop attenuation of up to 45 dB at 80 kHz

« full duplex transmission on two wires

« standard 2B1Q U Interface (introduced in BCS31).
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The ‘T’ interface has these characteristics:

+ eight-wire passive bus connector of which four wires are used for the ‘T’
bus, with the remaining four wires allocated for future optional power
transfer to ISDN telephones

« support of up to eight terminals, of which not more than two can be
supported by the B channels

« support of the short passive-bus configuration, the extended passive-bus
configuration, and the point-to-point configuration as per CCITT
specifications

« 192 kb/s transmit and receive digital streams on the ‘T’ bus

Network Termination 1 (NT1) provides the network (‘U’) interface to the
two wire subscriber loop, and the terminal ‘T’ interface to the four-wire
multi-drop bus on the terminal side.

The NT1 provides functions equivalent to Layer 1 (physical) of the Open
System Interconnect (OSI) Reference Model, whose functions are associated
with proper physical and electrical termination of the network. The NT1 has
six functions:

- transmission termination for ‘U’ and ‘T’ interface,

« layer 1 line maintenance functions and performance monitoring,
« encoding, timing, and synchronization,

« layer 1 multiplexing,

« T-Bus activation and deactivation

+ interface termination to allow multi-drop terminals to gain access to
common D-channel resources employing Layer 1 contention resolution.

The NT1 remains active at all times since the transmissions system is a
live-loop system. Terminal Equipment (TE) is used to directly connect to the
NT1 with terminating resistors at both the far and near ends of the loop.

Terminal Adaptors (TAs) are required for non-ISDN terminals to be
converted to the 2B+D access at the ‘T-Interface. The NT1, TA, and TE are
powered individually from local sources or via 2B1Q U Tl equipment.

The Basic Access (2B+D) Loop supports four applications:
« circuit switched voice over B channel
« clear 64 kb/s circuit switched data over B channel

« packet mode data services on dedicated provisioned B channels, which
are provisioned at subscription time

« packet mode data services on D channel

Simultaneous connections can be made on all three channels of the 2B+D
loops.
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Primary rate access

Primary Rate Interface (PRI) provides 23B+D access to the ISDN central
office from PRI-equipped CPE, such as PBX. The D channel is a 64-kb/s
signaling channel; the B channels are 64 kb/s channels that can carry voice,
circuit-switched data.

DMS-100 PRI terminates on a DS1 port on the ISDN DTC. Clear-channel
transport at 64 kb/s is provided through the B8ZS coding scheme.

DMS-100 PRI hardware includes the ISDN DTC and ISDN LTC as
illustrated in Figure 2-37. The first application contained PRI links
interconnecting a DMS-100 central office and an SL-1 PBX. The application
supports Calling Number Delivery, Direct Inward Dialing (DID)/Direct
Outward Dialing (DOD), FX, WATS, TIE, Integrated Service Access
(multiple call types supported by a single PRI), and Integrated Trunk
Access. Additional supplementary services and enhanced networking
features will be provided in later phases to integrate PBX and Centrex
private networking.
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Figure 2-37
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The following set of network services, for which Primary Rate Access
signaling has been defined, are intended for application between a DMS-100
central office switching system and a PBX such as the Meridan SL-1:

« two concurrent numbering plans that are available to address end users
of the Basic Connection Service

— North American Numbering Plan

— Electronic Switched Network (ESN) Numbering Plan
« Basic Connection Service for B channel Connections

— Voice and voiceband data

— 64 kb/s unrestricted circuit-switched digital data

— 56 kb/s circuit-switched digital data, rate adapted to 64 kb/s
« Calling Number Delivery

— Delivery of calling number to and from the PBX

— Privacy (A subscription option, available in BCS32, causes the
Public Switched Telephone Network (PSTN) to withhold calling
number from the PBX; in this case, the calling number will be
delivered as seven asterisks [*******]_ This default may be
overridden on a per-call basis.)

« Call Redirection/Forwarding

— Within PSTN and Private Network

— Call Forward-Variable,- No Answer, Busy
« PSTN Equal Access

— Interexchange carrier (IC) selection on a per-call basis (central-office
[CO] user)

— Default IC selection when IC not specified (CO user and PBX user)

« Special Number Services (0, 0-, 411, 911, 611, 1-800, and 1-900) that
allow PBX users to access the PSTN.

- PSTN Route and Cost Selection Service

— Integrated Services Access supports DID/DOD, Foreign Exchange
(FX), IN/JOUT WATS, and tie-trunk call types over a single PRA
interface to the PSTN.

— Private Network Overflow Service allows overflow from a given
private network onto public-network facilities.

DMS-100 ISDN node architecture

The ISDN node, as implemented on the DMS-100, has two major functional
components, the Exchange Termination and the Packet Handler.

DMS SuperNode Technical Specification BCS36 and up



2-122 Engineering description

Exchange termination

The Nortel Networks ISDN switch is an enhanced version of the DMS-100
digital circuit switch. Newly developed access peripheral modules and the
integral D-channel handler provide ISDN basic rate access to the whole
range of DMS features for circuit switched voice and data communications.

The DMS-100/ISDN switch is implemented through the ISDN version of the
Line Concentrating Module (LCM), Basic Rate Interface (BRI) line card,

and a Line Group Controller (LGC), with the added D-channel Handler

(DCH), and ISDN Signal Processor (ISP) modules to provide D-channel
handling capabilities. The new ISDN Line Concentrating Module (LCM)
supports integrated user access to packet mode services, as well as access to
DMS-100 based circuit mode service. These new peripherals thus become

an integral part of the DMS-100 switch. Packaging of the ET is in standard
DMS-100 frames.

There are six ISDN components:

+ ISDN Line Card (ISDN-LC) — The ISDN-LC is plugged into a line
drawer; the 2G1Q High DENSITY Line drawer has 60 slots and
supports 60 2B1Q line cards per drawer.

« These functions are provided by the ISDN-LC:
— loop interface
— shaping network
— sealing current
— digital echo cancellation
— voltage surge protection

— automatic line build-out, equalization, automatic gain control, and
bridge tap equalization

— test access cut-off relays
— scramble/descramble, frame synchronization
— data clock
— C-channel control
— 2B1Q coding
+ ISDN LCM

The ISDN LCM is an enhanced version of the current LCM, which
allows for non-concentrating configurations.

— eight line drawers per dual shelf ISDN LCM

— maximum of 60 2B1Q lines per drawer are available in BCS31 for a
total of 480 total lines

— fully duplicated ISDN LCM control
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— 4:1 Time Division Multiplex (TDM) on the D-channels for
transmission over DS-0 channels of the DS-30A Speech Links

+ ISDN Line Group Controller (ISDN LGC)

The ISDN LGC provides a non-concentrating switched path for B
channels through to the DMS network and nailed-up connections for
dedicated B channel access to the packet handler.

It is a two-shelf module for duplicated control. The ISDN LGC handles
the D channel Layer 3 (Q.931) functions (the call control and signaling
functions). The ISDN LGC performs the linking between the Q.931 and
the internal DMS-100 call processing procedures for call control and
feature access.

+ D channel Handler (DCH)

The DCH supports Layer 2 (Q.921) functions on messages received
from the D channel. The DCH splits the routing of received messages
according to their service designation. D-channel messages received at
the DCH with a service designation (SAPI=16) indicating user packet
data will be routed via dedicated DS-1 links to the packet handler, which
will perform the packet data Layer 3 functions. If the received messages
have service designation (SAPI=0) indicating call control, the DCH will
route the messages via internal links to the ISDN-signaling per-processor
in the LGC for Layer 3 preprocessing and to Common Control Complex
(CCC) for Layer 3 call processing.

+ DMS Packet Handler (DMS PH) hardware
The X.25/X.75/X.75link interface unit (XLIU) can coexist with other
types of application specific unit (ASU) in the LPP. For a minimum
DMS PH configuration, two XLIUs can be added to any LPP shelf that
is already equipped with the network interface unit (NIU) pair.

DMS Packet Handler — product/system overview

Prior to BCS34, packet services were provided by the DPN-based Packet
Handler (DPN PH) which is connected to the DMS through DS1 links. The
DMS Packet Handler (DMS PH) is being introduced to provide ISDN
packet service for the DMS-100 ISDN as an integral component of
DMS-100 Family and DMS SN switches.

This new LPP application delivers National ISDN-1 compliant ISDN B and
D channel packet data. The LPP is a fully integrated DMS SN component
currently being deployed in DMS central offices for CCS7 and other
applications.

With BCS34, the DMS PH application will be introduced on the LPP. For
offices using an LPP for CCS7 and other applications, the DMS PH is a
cost-effective way to provide ISDN Packet services because it reduces
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hardware requirements and simplifies network maintenance and
administration.

National ISDN 1 compliant

The DMS PH meets the requirements of National ISDN-1 and serves as the
platform for compliance with later TR phases.

Bellcore TR compliant

In the US marketplace, the DMS PH is an integral component of the DMS
SN switch, capable of providing Bellcore TR compliant packet services. It is
based on the LPP developed for CCS7 STP. The LPP is also being deployed
for CCS7 SSP, for Ethernet interfaces, for Operation Support Services (OSS)
interfaces and for Frame Relay Services. TR standards follows the
guidelines with regard to required market functionality for National ISDN-1
(NI-1) 1992 and beyond.

Totally integrated peripheral for TR compliance The DMS PH
integrates all ISDN OAM&P functions into the DMS-100 OAM&P system
for packet switching services. The requirements of National ISDN-1 and
later TRs for integrated OAM&P, OMs, and AMA billing will be fully
supported on the LPP/DMS SN platform.

Common platform All LPP applications are based on a common DMS
SuperNode platform, and share common engineering, administration,
maintenance, and operations.

Because multiple applications use common hardware resources, the
operating company’s hardware investment is protected against obsolescence
due to shifts in market demand for services.

DMS Packet Handler on the LPP

The DMS PH is based on the LPP platform. The LPP provides the protocol
processors required for packet switching. It relies on common DMS
operations, maintenance and provisioning systems to provide all the OAM
functions. To provide for simplified and consistent call services, the DMS
PH will rely on the Call Processor of the DMS-Core to provide functions
such as Digit translation and Hunt Group processing.

Changing the service mix on the LPP is simple. The various LPP
applications are activated by adding the appropriate link interface units and
software. This gives the operating company maximum flexibility in deciding
which services to deploy.
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Real-time impact Packet-data transfer performed by the DMS PH has
virtually no impact on the DMS-core because X.25 protocol processing is
integrated into the LPP. The applications processors of the DMS PH supply
full lower-level protocol support for X.25 and X.75/X'7%he only impact

to the DMS—Core is in the call setup, billing, and call teardown.

Figure 2—-38
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DMS Packet Handler in the DMS SN
Figure 2—39 above describes DMS PH as it resides in the DMS SN.
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The DPN PH is based on the DPN AM/RM architecture. It is connected to
the DMS switch through DSL1 links. Integrated provisioning and
maintenance is provided through an external workstation based OAM
processor.

DMS-Bus The DMS—Bus is a hub for communication between system
peripheral modules, devices and processors. For greater reliability,
DMS-Bus consists of two message switches. Each message switch controls
messaging and allows direct communication between multiple applications
of the DMS SN, so they can communicate freely with each other.

DMS SuperNode core The DMS SN core is the main computing core of
the DMS node. DMS core consists of two synchronized computing module
planes that manage high level call processing functions.

Digital Trunk Controller (DTC) The DTC is the X.75 and X.7tterface
to and from the DMS node. It can be used with either the standard DTC or
the ISDN Digital Trunk Controller (DTCI).

Link Peripheral Processor (LPP) DMS PH is engineered as an
application specific unit (ASU) in theekr The LPP based DMS PH
provides:

- an internal frame bus to provide high messaging throughput

+ separate packet processing and data traffic from switch control to ease
congestion and engineering

 fully duplicated local message switches
+ design for modular growth [three link interface shelves (LIS)]

The LPP processing components that contribute to DMS PH are:
« Local Message Switches (LMS)

These are message switches that increase both the fan out of the actual
message switch as well as intra DMS PH traffic.

«  X.25X/X.75/X.75 Link Interface Unit (XLIU)

The XLIU implements the DMS-100 (DMS PH) product. Up to 10
XLIUs may be provided per shelf (30 per LPP) to provide X.25 and
X.75/X.75 protocol handlers. Refer to Figure 2—40 for an architectural
view of the LIS shelf.

+ Network Interface Unit (NIU)

The NIU implements channelized access for the ASUs. One NIU is
provided per shelf used for DMS PH to terminate DS30 links from the
network (network module) and distribute data to XLIUs on the shelf.
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One NIU occupies two link interfaced unit (LIU) slots to achieve a fully
redundant configuration.

D channel packet traffic is statistically multiplexed and routed over
dedicated DS—-30 connections (along with provisioned B channel packet
traffic) from the switched network to the LPP X.75/X.76runk traffic is

routed to and from the trunk peripherals, allowing the existing digital voice
network to interconnect ISDN nodes in a network. Because packet traffic is
routed through the switched network, it operates from the OAM&P system
of the DMS dual-plane switching matrix.

« provisioned B channel packet (switched directly through network to
DMS PH)

- D channel packet is split off of call control in the DCH, statistically
multiplexed over dedicated DS-30 connections from the network to the
DMS PH.

DMS Packet Handler hardware

The LPP itself consists of four shelves and comprises two major
systems—the Application Specific Units (ASU) and the Local Message
Switch (LMS). The ASUs are different types of link handlers and are the
protocol-processing engines, such as the LIU7 for CCS7 and the Ethernet
Interface Unit (EIU) for connections to 802.3 LANs and Ethernet gateways
between the DMS SN and enhanced central-office OAM&P systems.

Hardware dependencies The DMS PH requires that the switch be a
DMS SN equipped for National ISDN-1 and it is equipped with an LPP/LIM
cabinet.

The DMS PH also requires that the DMS bus be equipped with 10 Mbyte of
memory.

Link Interface Unit (XLIU)

The IPF uses the Motorola 68030 processor, performs layer-3 X.25 and
X.75/X.75 processing, and serves as the master processor for the HFP. The
HFP also based on the Motorola 68030 processor-performs layer-2 LAPD
and LAPB processing. OAM functions reside in the DMS-Core, which
handles all provisioning data and operations-system (OS) interfaces. As is
the case with CCS7 and other applications, the low level DMS PH functions
are performed in the XLIU.

Link Interface Unit (XLIU) cards The XLIU is a three-card unit
consisting of the following cards:

+  NTEX22—integrated processor and Frame Bus Interface (IPF) for level
3 processing and F bus access

« NTFX10—High density line controller frame processor (HFP) for level
2 processing
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+  NTFX09—Channelizedbus Interface Paddle board (CIP) for channel bus
(C-bus) access to provide a new High-Speed Data-Link Control Frame
Processor (HFP) with redundant access to the channelized data

Network Interface Unit  The NIU is a fully redundant, six-card unit
consisting of two each of the following cards:

+  NTEX25—Channel bus controller (CBC)
+  NTEX22—Integrated processor and frame bus interface (IPF)

+  NTEX28—Link paddle board (LPB) which supports four DS30 links for
the DMS PH.

DMS PH services are available on LPPs utilizing the 2-slot link interface
shelf (that is, the 36-ASU LPP package). Additional XLIUs can be added,
one at a time, to a maximum of ten per shelf. This allows for a total of 30
XLIUs in one LPP. In this configuration, each each XLIU can terminate 512
X.25 D channel terminals, 31 X.25 B channel Ports or 31 X.75r8ks.

X.25 LAP D and LAP B terminations can be combined on the same
processor. Similarly X.75 and X.76unks may share the same processor,
but may not reside with the X.25 terminations.

One NIU is to be provided per LPP shelf, occupying the two center slot
positions on each. The middle slots are utilized to provide the proper power
redundancy and to limit the inter—card cable lengths.
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Figure 2-39
LPP 2—slot LIS shelf plan view
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Shelf front
XLIU: HFP (NTFX10) — high density line conroller (HDLC) frame processor
IPF (NTEX22) — integrated processor and frame bus (FBUS) interface
CIP (NTFX09) — channelized bus (CBUS) interface paddle board
NIU CBC (NTEX25) — channel bus controller
IPF (NTEX22) — integrated processor and frame bus (FBUS) interface
LPB (NTEX28) — link paddle board
Note: This shelf configuration is shown as an example only. The LXIU can function with other
ASUs on the same LIS.

Ease of engineering and administration

The design of the DMS PH separates X.25/X.75/Xc&8 processing on the
XLIU from Q.931 processing performed by the DMS core. As a result,

packet data transfer has no impact on ISDN circuit-switched call

performance, making the X.25 services easy to engineer and administer. The
operating company benefits by having total control over engineering, line
assignments, and service performance affecting its customers. There is no

need to share OMs and performance data with other parties.

DMS SuperNode
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Transition from DPN to DMS packet handler

The DMS Packet Handler and the DPN Packet Handler can coexist in the
same DMS-100 switching system, and interwork over DS-1 connections
through the network.

Note: DPN packet handler is being offered up to BCS33 for ISDN.
Detailed information on the DPN packet handler is included in at the end
of this chapter.

Real Time impact

The LPP-based Packet Handler impacts the Computing Module (CM) real
time. Preliminary per packet session timing is 22 ms regardless of number of
packets transmitted or received. This timing includes call setup, call
takedown and detailed billing.

DMS PH provisioning
The DMS Packet Handler application is based on the LPP/LIM hardware
platform. Two additional interface units are being introduced to handle the
DMS Packet Handler feature. These units are the Network Interface Unit
(NIU) and the X.25/X.75/X.79Link Interface Unit (XLIU). Both of these
units need to be provisioned on a new or existing 36—Link LPP/LIM
Cabinet.

The X.25/X.75/X.75Link Interface Unit (XLIU) provides interface to the
X.25/X.75/X.78 protocols. The XLIU handles physical, data link, and
network level protocol services. One (1) Link Interface Shelf (LIS) will
support up to 10 XLIUs; up to a maximum of 30 XLIUs per LPP cabinet.
All the XLIUs must be located in the same LPP cabinet.

Each XLIU should be provisioned using the following rule:

- traffic load of 160 data packets per second (60 percent processor
utilization)
« maximum of 512 X.25 D channel terminals
« maximum of 31 channels where each channel can carry:
— one (1) X.75/X.75trunk, or
— one (1) B channel port, or
— up to 64 D channel terminals

The XLIU must be provisioned for either X.25 lines or X.75/X{rénks.

For X.25 service, a mixture of B channel and D channel terminals can be
provisioned on the same XLIU. Each B channel port consumes one of the 31
XLIU channels. D channel terminals can be statistically multiplexed at a

ratio of up to 64 on each XLIU channel to the maximum of 512 per XLIU.
Similarly, both X.75 and X.78runks can be terminated on the same XLIU,

PLN-5001-001 Standard 02.09 February 2000



Engineering description 2-131

one trunk for each XLIU channel. Traffic should be estimated on a per
channel basis and then channel allocation may be done on a per XLIU basis.

The Network Interface Unit (NIU) allows the LPP to be connected to the
switching network such that the the Application Specific Units (ASU) can
have direct access to network channels. One NIU will support ten XLIUs.
One Link Interface Shelf (LIS) will support one NIU; up to a maximum of
three NIUs per LPP cabinet. However, the NIU can only mount on a LIS
that has been equipped for Channel Bus (CBus). This is accomplished by
equipping the LIS with the NT9X74DA, FBus Repeater CP. The
NTO9X72EA LIS Common CP Fill contains the NT9X74DA FBus Repeater
CP. A Product Change Kit is available for field upgrades of already existing
LIS configuration.

DMS PH software provisioning

The DMS PH is being introduced in BCS34 to VO and limited availability
offices, and will be generally available in BCS35. The DMS PH will require
the following software packages:

+  NTXD44—LPP Master Package (or NTXD87—Single shelf LPP Master
Package)

+  NTXF93—ISDN Provisioning SERVORD
«  NTX750—ISDN Basic Access

« NTXH77—NIU Software Base
« NTXP47—DMS PH Software Base
« NTXP75—ISDN DMS PH SERVORD

Refer to SMSQUERY for the Software Interdependencies of the previous
packages.

Memory provisioning

Memory provisioning is impacted by the number of Call Condensed Blocks
(CCBs) required for LPP-based packet services. Traditional calculation of
CCB requirement does not apply to packet service. Initial view of CCB
requirement for LPP-based packet service is recommended as 1000 CCBs
per XLIU.

DPN packet handler

Beginning with BCS34 ISDN packet services will be provided through a
fully integrated component, the DMS PH. Until then, the DPN PH will be
provided for ISDN Packet Services with DMS.

Migration of service from DPN PH to DMS PH

In the future, the migration of existing packet lines will be supported by
providing the following capabilities:
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« Ability to move service data from the DPN PH to DMS PH

Only service data applicable to DMS PH services will be extracted from the
DPN PH configuration. The goal is to minimize manual input and reduce the
service interruption time. Permanent Virtual Circuits (PVC) and Closed User
Groups (CUG) service data may require some additional provisioning.

« Migration is independent from the ISDN integrated OAM product

The Integrated ISDN OAM feature packages are not required for the
transition, or after all services have been moved to the DMS PH. The DMS
PH will still be able to co-exist with the Integrated OAM feature if installed.

« Migration will be transparent to the subscriber.

The subscriber will not be required to modify the terminal characteristics or
dialing procedures.

DPN bypasses the DMS network

Access to circuit switched calls is provided over the B channels in ISDN.
These B channels are connected through the LTCI/Network (the line and
trunk controller for ISDN) as with standard telephone in existing DMS
products. Packet switched calls, however, can be provided access over the
B-channels as well as the D channels and are connected through the
LTCI/DCH destined for the Packet Handler (DPN) totally bypassing the
DMS Network.

DPN Digital Interworking Unit (DIU)

The DPN based PH is equipped with a new module called the Digital
Interworking Unit (DIU). The DMS-100 ET and the DIU of the PH are
interconnected with a DS-1 digital transmission link using the B8ZS coding
scheme for zero code suppression. This digital access path will enable the
packet mode terminals to gain access to the packet switch network through
the DMS-100.

To support the Basic Rate D channel packet mode services, the signaling and
packet data are processed by the DCH, and the packet data is then
multiplexed (64:1) over DS-0 channels of the DS-1 digital link channels to

the Packet Switch.

The DPN PH has these components:
+ Digital Interworking Unit (DIU)

The DIU demultiplexes the DS-1 line from the DMS-100 ET into
individual 64 kb/s serial streams for presentation to the Access Module.

« Access Module/Resource Module
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The AM provides the protocols to support the user packet mode data.
Protocols supported are LAPB for basic access B channel packet data
and LAPD for basic access D channel packet data. The RM is the core
packet switch of the packet handler. It establishes and maintains virtual
circuits for the transfer of user packet mode data and provides
X.75/X.75 protocol for interface to the PPSN.

The DPN PH is packaged in standard DPN cabinets. Actual frame
configuration is determined by traffic considerations, and for the majority of
initial applications, a single cabinet is sufficient.

ISDN packet mode services
The DMS PH offers four ISDN packet mode services:

« D channel packet mode access for X.25 terminals using 1984 CCITT
LAPD at the link level (Layer 2), and 1984 CCITT X.25 facilities at the
packet level (Layer 3)

« B-channel packet mode access for X.25 terminals using 1984 CCITT
LAPB at the link level, and 1984 CCITT X.25 facilities at the packet
level

+ interworking with PPSNs by way of X.75/X.78r high speed DPN
trunks

+ rate adaptation through HDLC interframe flag stuffing as specified in
X.31 for X.25/LAPD and SNA/SDLC terminals

The B channel access for packet mode terminals will be dedicated. The
dedicated B channel access is similar in functionality to the dedicated X.25
or SDLC access to PPSNs.

ISDN is intended to provide access to various services supported not only by
ISDN but also by the other in-place networks, such as PPSNs. The packet
mode services offered by the DMS-100 Family ISDN switch include the
support of packet mode terminals’ access to and from the packet mode
terminals (DTES) on the PPSNs. The DMS-100 Family ISDN switch, as

well as the packet switching products, will support the necessary
enhancements to 1984 CCITT Rec. X.75 (Bellcore X.in5order to allow
effective ISDN-PPSN interworking.

BCS32—DMS SN advanced intelligent networking

Nortel Networks’ portfolio of Intelligent Networking (IN) products and
services enables the telephone operating companies to define and produce a
wide range of new business and residential services that meet increasingly
challenging customer demands. Based on CCS7, IN enables the operating
companies to maximize an important market advantage; the ability to add
reliable, capacity and services to the public network.
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The Advanced Intelligent Network (AIN) allows rapid and efficient service
introduction through these new Nortel Networks services.

Centralized services introduction  Allows services to be introduced on
a network level, rather than on a node by node basis. Services function in the
same manner, regardless of the node’s manufacturer.

Customized service creation  Enables operating companies to determine
the services to deployed on a own specific timeframe.

Standard interfaces Supports a multi-vendor environment.

Starting with BCS32, Nortel Networks introduces the software platform to
support the Advanced Intelligent Network (AIN). Whereas previously
implementations have been service dependent, that is designed specifically
for a single offering such as the 800 Service. AIN is service independent,
providing a base to implement a range of revenue-generating activities.
Other key AIN goals are to create a service creation environment (SCE) that
allows the operating company to initiate and control development of
software that operates on any AIN compliant node. Using the network
Service Control Point (SCP) to provide global network intelligence, the
operating company can introduce and change services from an efficient
central database.

Nortel Networks’ CCS7 products delivers all these three key Intelligent
Network elements:

+ DMS-100 SSP (Service Switching Point)—a DMS-100F/DMS
SuperNode switching system equipped with signaling capabilities can
originate or terminate CCS7 messages and queries to network SCPs.

+ DMS-STP (Signaling Transfer Point)—is a highly reliable DMS
SuperNode based vehicle for routing messages through the CCS7
network and centralizing access to the network SCPs.

+ DMS-SCP (Service Control Point)—is a centralized database that
provides network intelligence for IN services. The DMS SCP is a central
office compliant system that delivers the robustness and capacity of the
DMS SN.

All three Nortel Networks IN nodes comply fully with North American and
international standards, giving the operating company the flexibility to
implement any individual Nortel Networks IN product in an existing
multivendor network. In addition, Nortel Networks’ CCS7 portfolio

provides telephone operating companies with the substantial advantage of a
shared DMS SN platform of common technology from which to implement
advanced network services, minimizing costs through uniform training and
spares requirements.
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DMS SuperNode integration

The DMS SN switching system allows the telephone operating company to
integrate Intelligent Network functions that previously had been configured
as stand-alone nodes. A single central office can be configured with any
combination of SSP, STP and/or SCP functions. Within the DMS SN system
these integrated configurations share substantial amounts of hardware and
software, thus allowing the telephone operating company to implement new
Intelligent Network services, resulting in a newer high degree of operating
economy.

With BCS30, the LPP currently used for the DMS STP becomes available to
provide high capacity messaging for SSP tandem offices or very large end
offices that support multiple CCS7 services.

Available services

The following currently available services exist in Nortel Networks’ concept
of Intelligent Networking:

CCS7 trunk signaling This implements intra- and interLATA trunking
using out-of-band signaling to perform call set-up and takedown.
CCS7-based Custom Local Area Signaling Services (CLASS) are also
available, offering advanced custom calling features to residential
subscribers and small business customers.

800 service This allows the operating companies to offer a competitive
alternative to Interexchange Carrier (IEC)-provided INWATS capabilities.
800 Service was the first CCS7 offering delivered because of its new and
large revenue potential for the operating companies. This services has been
installed in more than 350 switches.

Exchange alternate billing services  This creates software controlled,
customized hybrid networks that combine elements from both the public
network and private facilities.

Private virtual networking (PVN )  This creates software controlled
customized hybrid networks that combine elements from both the public
network and private facilities.

IntraLATA CCS7 Trunk Signaling has been installed in over 200 sites.
Through its use of out-of-band signaling, CCS7 Trunk Signaling offers the
operating companies considerable OA&M savings over traditional
multifrequency (MF) trunking. Furthermore, it is the transport platform for
extending the other new Intelligent Networking services across the network.
InterLATA CCS7 Trunk Signaling allows local and interexchange carrier
connection to extend MDC/ISDN business services and CLASS residential
features across LATA boundaries.
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A companion Intelligent Network software is the Enhanced Maintenance
package which reduces expenses and extends maintenance abilities by
providing DS-OA loopback and Bit Error Rate Test (BERT) capabilities for
the DMS-STP. The DMS-STP V.35 Subrate Links package enables the V.35
version of the LIU7 paddle board to administer CCS7 links at subrates of
2.4 kb/s through 19.2 kb/s.

DMS-100 service switching point (SSP)

For NT40 and DMS SuperNode

DMS-100 SSP is a switching system which is available for NT40 or DMS
SuperNode based. SSP is equipped with signaling capabilities that enable it
to originate or terminate CCS7 messages and queries to network service
control points (SCPs). Intelligent Networking services have been available
on the DMS-100 SSP for some time. With the DMS SN Link Peripheral
Processor, CCS7 messaging for the DMS-STP provides economical
signaling for CCS7 access tandems or very high volume end offices that are
able to support multiple CCS7 services

Other currently available services

The Signaling Transfer Point Base and STP Operations software packages
provide basic STP functionality and including 18-digit Global Title
Translation (GTT) capabilities with interface to the Switching Control
Center System #2 (SCCYS).

The DMS-STP interface to the Signaling Engineering and Administration
System (SEAS) became generally available with BCS27. SEAS is the
operating company operations support system (OSS) that reduces operating
expenses by providing a single point from which to plan, provision, engineer
and administer multiple nodes in a CCS7 network.

DMS-STP Gateway Screening paves the way for the end-to-end delivery of
CCS7-based advanced network services by allowing operating companies to
control access to their CCS7 databases and to protect against unauthorized
use of other CCS7 facilities and services. This capability enables the secure
interaction of CCS7 equipment owned by multiple telephone operating
companies throughout the nation, permitting advanced features to be
extended across local or regional boundaries.

DMS-STP (signaling transfer point)

The DMS-STP, the DMS SuperNode signaling transfer point, is designed to
provide efficient, economical and reliable message transfer among the nodes
of a CCS7 network supporting revenue-generating advanced network
applications such as 800 Service, calling card validation, Custom Local Area
Signaling Services (CLASS), Meridian Network Centrex and ISDN
networking.
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Key advantages of DMS-STP:
+ exceptional message throughput

« unique distributed architecture that allows 18 digit global title
translation, as well as value added features such as gateway screening, to
be implemented without significantly affecting the performance of the
switch

+ economical expansion through simple plug in provisioning and modular
hardware

+  DMS SN compatibility

+ cost effective integration with other DMS SN applications, such as
DMS-100 SSP, the DMS-200 SSP, DMS-SCP and integrated
applications processors

DMS-STP has undergone Bellcore evaluation and verification office
activities and is now generally available to telephone operating companies in
the United States and to the international market.

DMS-STP/SEAS interface

This package allows interface to the Signaling Engineering and
Administration System (SEAS). SEAS is the operations support system that
provides for the economical planning, provisioning, engineering and
administration of multiple CCS7 network nodes from a single, centralized
administrative center provided by the telephone operating company.
DMS-STP traffic, routing and performance data can be sent to SEAS on a
scheduled and/or on-demand basis to deliver the information needed for cost
efficient management of the CCS7 network.

Supporting all relevant features in Bellcore’s 1.1 SEAS release, the
DMS-STP connects to the Signaling Engineering and Administration Center
(SEAC) over BX.25 Links. The DMS-STP SEAS interface also increases
the nodal power of the operating company’s OAM capabilities by providing
two new MAP levels that allow local or remote access to DMS-STP specific
functions. From these MAP levels, operating company personnel can
monitor and modify interactions between SEAS and The DMS-STP.

When SEAS capability is provisioned, the DMS-STP also requires the
Multi-Protocol Controller (MPC) to accommodate the BX.25 interface to
SEAS. To ensure reliability, one MPC should be provisioned in each of the
DMS-STP’s two 1/O Controllers.

DMS-SCP (service control point)

The DMS-SCP is Nortel Networks’ DMS SN based service control point
which provides the centralized database that delivers network intelligence
for revenue generating Intelligent Network (IN) services. The key benefits
of the DMS-SCP include:
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« multivendor compatibility through compliance with Bellcore’s AIN
specifications

« full central office compliancy
« economical expansion through modular architecture

« reduced training and spares inventory costs through commonality with
the DMS SN platform

« cost effective integration with other DMS SN applications, including the
DMS-100 SSP and the DMS-STP

In addition to the DMS core and DMS bus, the DMS-SCP includes Link
Peripheral Processors to provide interface and messaging to the CCS7
network and File Processors (FPs) to respond to database queries. The SCP
FP uses Small Computer System Interface (SCSI) to access up to six storage
devices to house the data to support IN services. These devices can be either
300 Mb tape drives or 600 Mb disks.

A file processor can process between 30 to 70 queries (depending on query
size) and each DMS-SCP can support up to 30 FPs. This modular
architecture enables the DMS-SCP to be cost effectively deployed to support
initial IN applications and then economically grow in increments up to 1000
transactions/s as CCS7 requirements increase. Three FPs provide a capacity
of 100 to 200 queries/s to address the most current query processing
requirements. DMS-SCP is scheduled for U.S. verification office activities
with BCS33.

InterLATA CCS7 trunk signaling
Nortel Networks’ implementation of CCS7 InterLATA Trunk Signaling
conforms to the specifications in Bellcore Technical Reference document,
TR-TSY-000394, entitled “Switching System Requirements for
Interexchange Carrier Interconnection using Integrated Services Digital
Network User Part (ISUP).”

Features of InterLATA CCS7 trunk signaling are:

« improved call setup times for interLATA calls, including 800 Service and
Private Virtual Networking (PVN) calls

« expands ISDN service across LATA boundaries

+ provides the platform for transparently extending MDC business services
nationwide to multi location customers

. for residential customers, extends the reach of CLASS and CND, to
Calling Number Delivery Blocking and Customer Originated Trace.

The new CCS7 capability is fully compatible with both the existing
multifrequency (MF) trunks and intraLATA CCS7 networks. When two
different signaling networks are interconnected, InterLATA CCS7 Trunk
Signaling is typically deployed in a quasi-associated configuration to use the
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gateway screening capabilities of a DMS-Signaling Transfer Point
(DMS-STP). The DMS-100 can also provide direct associated signaling
between switches.

Enhanced SSP/private virtual networking

A Nortel Networks software feature enhances the base PVN package to
provide the following additional capabilities:

AIOD interworking The DMS-100 F SSP accepts Automatic
Identification of Outward Dialing (AIOD) signaling from a subtending PBX
to insert the specific DN of the calling station into the PVN database query

Priority line Special users can have their line exempted from the
Automatic Dial Gapping controls that are implemented the during network
overload.

CCSY7 trunk interworking  Allows the DMS-100 Family SSP to accept
PVN calls incoming over CCS7 trunks and following the PVN database
guery, to route the call once again over CCS7 facilities.

Access to Meridian Network Centrex (MNC) features ~ MNC/PVN
interworking provides PVN access to Number Delivery, Name Delivery and
Network Ring Again.

Introducing DMS SN SE

The DMS SN SE is currently being introduced to provides a cost—effective
small switch core platform, based upon the DMS SN/Enhanced Network
(ENET) technology. This platform contains the proven functionality of the
CM/SLM, DMS Bus, LIU functionality, the Network.

In reality, this is a DMS SN base switching system which will meet the
needs of the small telephone end office. It offers newly modified control
complex with growth potential from an initial installation of less than 2000
lines to 12 000 lines with expansion to 20 000 lines (including POTS, ISDN,
PH, and a wide range of business services. However, analysis from our
FAST laboratories, that the deployment in applications that exceed 13 000
lines (8000 trunks) should consider expansion to the standard DMS SN.

Basic DMS SN SE applications:
+ standalone
+ SSP/STP/SCP

« small STP
o cellular
- |EC
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Figure 2-41

. toll
- PBX

The DMS SN SE retains fully compatibility with the DMS SN's features and
services, therefore, extending the application of the standard DMS SN,
ENET and LPP technologies to lessor applications than previously
considered economical.

Product description

DMS SN SE is designed to use the same Call Processing software that is
currently being used as well as planned for a DMS-100 and DMS SN office.

The DMS SN SE compatibility is accomplished by using DMS SN type

CMs running in sync mode, providing dual plane network, and providing
“system level” interfaces the same as a full scale DMS SN. This architecture
is basically a scaled-down DMS SN with “open bus” type of architecture.

DMS SN SE description

DMS SN SE

Message Message

Switch 0 Switch 1 <~ DMS-bus

Link Interface Shelf <—— Link interface shelf (LIS) — optional
g ENETO | ENETO ; _
=| (16K) (16K) =~ Enhanced network 16K ch. — optional
SLMO|CMO|CM1|SLm 1| |[*— DMS-core - (CM/SLM)

DMS—-Bus
+ duplicated message switch on a single shelf

+ seven MS slots per side (5 provisional)
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Link Interface Shelf (LIS) — Optional
« support for additional 12 Interface Units within “Core” cabinet

+ support Integrated PH for ISDN

Enhanced Network 16k channel — Optional
« duplicated, junctorless, non blocking network (for NX64 services)

« ENET cross points optimized for 16k channel network
+ shelf supports two LIU7s for two SS7 links

DMS Core (CM/SLM)
+ duplicated, synchronized CM

« Series 20 processor capabilities
« five memory card slots per side (24 M or 96 M at BSC35)
+  new SLM 1A(340 M disk and 150 M tape drive)

DMS SN SE hardware
The following hardware will be available for the BCS34 release:

« Frame Assembly NT9X01MB
+ Shelf Assemblies
— NT9X0610 Processor (CM)
— NT9X44AC CSLM1A
— NT9X13NA Processor (MS)
— NT9X35FA 4 k x 8k Crosspoint CP
— NTO9X13PA Processor (16 k ENET)
- Paddle Boards (PB)
— NT9X62CA 4 link SR512/Dual OOB Reset
— NT9X69BA 16 link DS30

The SE core will interface to the existing INET/DSN networks or to its
internal 16 k ENET.

The SE can optionally support a DMS SN standard LIS (Link Interface
Shelf. The optional LIS provides up to twelve 2-slot LIUs and connects to
the SE core via standard cooper F Bus.

The SE core can support up to 8 INET network modules (16 k channels),
plus up to 6 IOCs when configured for the LECL/IEC market. When
configured for the MSL market, SE can support up to 10 JNET network
modules and up to 10 I0Cs.

The optional SE ENET shelf will support up to 16 k channels of ENET
(duplicated) and two 2-slot LIUSs.
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SE software packages

There is a minor differentiation between the DMS SN SE and the DMS SN
in the base software packaging. This has been necessary to support the
modified system maintenance and administration necessary for the modified
core layout.

NTXD88 is the base master package which provides all the common and
bilge software necessary to operate the DMS SN SE’s SLM/CM and MS,
with the Series 20 DMS SN processor and a SLM1A. It is functionally
equivalent to the DMS SN Series 20’'s NTX960AC.

NTXQ53 is an optional package which enables the LIS shelf, and the LIU
slots on the ENET shelf.

NTXC21 is an optional package which enables the 16 k ENET.

These packages provide a software platform equivalent to that of the DMS
SN. On to this software platform, the DMS SN family’s application
packages can be added in the same way as they would to the DMS SN.

DMS SN growth potential

The DMS SN SE provides applications with seamless growth, through
provisioning options up to configurations matched to 16 k channels of
Enhanced Network capacity.

This typically corresponds to end office applications of 20 000 lines at 5 ccs,
and with trunking at 10 percent (or 12 000 trunks).

To allow adequate scope for growth the DMS SN SE is NOT recommended
for initial deployment in applications supporting more than 13 000 lines.

Growth from 13 k to 20 k provides a growth budget of 4 percent p.a.
compounded over 10 years (or 54 percent).

Transition for exceptional growth

To protect the operating company'’s investment in the advent of exceptional
unplanned growth, Nortel Networks will provide DMS SN SE to DMS SN
MOP upgrades. The MOPs permit the replacement of the DMS SN SE
modules with standard DMS SN modules.

It is anticipated that the 16 k channel Enhanced Network would be the first
module to exhaust. To defer a complete replacement of core and network at
the same time, replacement of the ENET 16 k with an external enhanced
network would be carried out. This external ENET will have limited
provisioning capability off the DMS SN SE’s Message Switch. An
application dependent provisioning capacity of up to 32 k channels could be
anticipated. The next stage in the product’s migration is the replacement of

PLN-5001-001 Standard 02.09 February 2000



Engineering description 2-143

the DMS SN SE's core with a standard DMS SN, and the conversion of the
LIS to a fiberized LIS.

S/DMS SN SE - architectural integrity

The DMS SN SE has not compromised on the issue of maintaining the
integrity of and full compatibility with, the evolving S/IDMS SN
architecture. The SE maintains full compatibility with the evolving
(FiberWorld version) S/IDMS SN family product line—the FiberCenter, and
the Nortel Networks’ vision of FiberCenters.

Whether it is replacing COs or upgrading DMS switches, deployment of the
DMS SNe SE prepares the network for future technologies associated with
FiberWorld. S/IDMS SN SE is compatible with Series Il peripherals.

As a hybrid wire/fiber center, DMS SN SE allows the telephone operating
companies to provide Dialable Wideband Service, integrated Digital Cross
Connect, and future Wideband services.
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Figure 2-42
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DMS SN Series 50 BRISC processor

The DMS SN Series 50 processor is based on recent technological advances

on Reduced Instruction Set Computing (RISC). BRISC is the Nortel
Networks’ version from BNR of Reduced Instruction Computing Set.

Generally available in the 1992-93 time frame, the Series 50 processor is
installed through a simple, non—service affecting upgrade of a few circuit
packets replacements and a new software package. BRISC optimizes the
RISC principle of using less computing instructions to increase processor
throughput—this call processing technology effectively decreases the

average time it takes to process a call.

BRISC maximizes call processing code execution performance with the

implementation of several design innovations, including:

- Intelligent Prefetcher—this anticipates and accesses code before it is

required by the processor
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+ Cache Memory—stores frequently used data on a high—speed memory
device located on the processor memory board

The Series 50 BRISC processor powers the DMS SN system up to the
following capacity:

+ 1.2 million Busy Hour Call Attempts (BHCA)
+ 33 MHz clock

+ 24 Mb memory pack

+ burst mode memory

The complete portfolio of DMS SN processors comprises the Series 10, 20,
30, 40 and the first BRISC processor, Series 50. Nortel Networks places
variety and processor choice to the decision of the telephone operating
company. The appropriate amount of computing power, based on the
capacity and feature requirements of individual offices, can be selected from
the DMS SN processors.

Evolution of the BRISC Processor

Each new DMS SN processors in the product line are laboratory and field
tested and the results has consistently exceeded original capacity projections.
Beginning with the Series 50 and during the 1990s, product innovation and
evolution will produce dramatic growth in the DMS SN switching capacity.

Figure 2—-43
Capacity evolution of BRISC series processors
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The projected results are possible due to DMS SN design strategy that uses
commercially available components and computing processes ensuring that
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the DMS SN system can evolve with the latest technical innovation in the
computer industry.

BRISC Processor benefits
The DMS SN Series 50 BRISC Processor offers these benefits:

Increased capacity-the Series 50 BRISC processor has more than twice the
computing power of the Series 40 DMS SN processor. Increased computing
power means increased call-handling capacity as well as the capability to
offer additional features and services.

Revenue opportunities-revenue opportunities are expanded because the
increased capacity of BRISC processing easily accommodates the addition
of new subscribers and subscriber areas as well as the addition of advanced
features and services to attract the established subscriber base.

Protected investmentbecause the addition of BRISC to the DMS SN
system is a program of switch evolution, and not replacement, and because
BRISC functionality is transparent to already installed application software,
prior product investments are protected.

Innovative planning—the capacity reserves delivered by BRISC allow
network providers to expand current concepts of central office planning and
consider the consolidation of multiple wire centers into a single DMS SN
system and offering remote learning and other multimedia centers.

Easy upgrades-installation of the Series 50, as well as later BRISC
processor upgrades, is accomplished with a simple change out of a few
circuit packs in the DMS SN CM and the loading of a BRISC software
package.

DMS SN conversion to BRISC

Conversion to Series 50 BRISC processing the the DMS SN system is
straightforward. It is accomplished by simply installing the following two
circuit packs on each plane of the DMS core CM shelf. The following
BRISC CPU feature cards are used in the conversion process:

+  NT9X10AA—BRISC processor pack
+  NT9X26DA—Remote terminal interface paddle board
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Figure 2—-44

Conversion of the Series 50 Processor

Conversion to the Series 50 requires just three basic steps:

— removing the old processor packs and backplane paddle boards;
— installing the new processor packs and backplane paddle boards;
— installing the BRISC conversion software package.

-
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Basic DMS-Core architecture remains unaltered by the procedure, and the
changeover does not affect service to customers. The processor upgrade
procedure is completed with the loading of a conversion software package.
As more powerful BRISC processors become available in the future for the
DMS SN system, processor upgrades will continue to require only an
exchange of circuit packs combined with the installation of conversion
software.

Series 50 Processor basics

The Series 50, as well as future BRISC processors, is based on Motorola’s
Reduced Instruction Set Computing (RISC) set of microprocessors.
Additional software protocols are designed by Nortel Networks to
accommodate the particular requirements of large digital switching systems.
The Series 50 is one of the first RISC technology based computing modules
developed for use in telecommunications.
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Basic RISC strategy is to access, process and transmit information
efficiently and quickly. RISC does this by retrieving data from a nearby
memory source before it is needed by the processor; using parallel code and
data paths within the processor; and executing simple uniform instructions,
most of which are completed within a single clock of the processor. This
reduces the average time it takes to execute a computing task, which results
in increased processor throughput.

BRISC hardware basics

The Series 50 BRISC processor enhances the computing power of RISC and
applies it to the particular requirements of digital switching technology with

a series of Nortel Networks developed application-specific integrated

circuits (ASICs), including the following:

« Intelligent Prefetcher—anticipates and retrieves code before it is
required by the processor, stores the most frequently used data on a
high-speed memory device (cache memory) located directly on the
processor board.

« Trace Interrupt Controller —monitors and analyzes processor
performance.

+ MBus-to-External Bus Interface—bridges the busses that support the
Motorola processor and the DMS—Core.

These unique hardware elements working together enable the Series 50 to
capitalize on its own operational efficiencies. As calling traffic increases, the
processor performs better, further decreasing call processing times. These
functional innovations achieve significant improvements in call-handling
capacity, and distinguish the Series 50 BRISC processor from other
non-BRISC DMS SN processors.

The figure shown below is an architectural illustration of the Series 50
BRISC processor.
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Figure 2-45

Series 50 BRISC architecture
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Intelligent prefetcher

The prefetcher is a single—chip interface between the CPU and the Dynamic
Random Access Memory (DRAM) array (Memory Banks 0 and 1), and
performs several important functions. First, it acts as a controller, constantly
refreshing the DRAM and performing error correction on its contents.
Second, the prefetcher uses a data request and delivery technique called
interleaving to compensate for the difference in operating speeds between
the BRISC processor and the DRAM array. Most importantly, the prefetcher
improves CPU performance by anticipating information, such as data
address, that the processor will next require and then retrieving and
delivering that information. Success in delivering this information is
extremely high: 97 percent of the requested code arrives at the processor
within a single clock period.

Cache memory

The Series 50 prefetcher also includes cache memory in which prefetched
code is stored for later access by the processor. Cache memory divides its
instruction buffer into predictive part containing refetched instructions to be
executed by the processor and a historical part containing recently used
instructions that may be required again by the processor.
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Cache memory allows the prefetcher to retrieve information before the
processor requests it. To insure as quick a response as possible, cache
memory is located within the prefetcher. Because the Series 50 has separate
buses for code and data, separate code and data caches are used. This allows
for concurrent fetching of code and data without one access slowing down

the other.

Trace Interrupt Controller

The BRISC processor also supports observation techniques that are
controlled by a sophisticated ASIC called the Trace Interrupt Controller
(TIC). The TIC interfaces with the processor directly, tracing software
execution (such as memory accesses), logging the location of each event,
and signaling when a problem or a specific set of conditions occurs. The TIC
can also monitor and analyzes processor performance. The Motorola TIC is
more accurate than existing timing tools, which do not interface directly

with the processor.

MBus-to-External Bus Interface

Nortel Networks’ third new ASIC is a bridge between the buses that support
the Series 50 processor and the DMS SN system’s DMS Core. This ASIC,
call the MBus-to-external bus interface (MEI), ensures that BRISC
technology is backward compatible with existing DMS technology. The MEI
allows the new processor to interface to circuitry that performs processor
checking functions. It also supports the instant switching of system control
to a fully redundant alternate processor and memory system. In the future,
the MEI will provide even more efficient memory system protocols to
support higher performance BRISC processors.

BRISC software basics

BRISC software offers many improvements and efficiencies over
non—-BRISC processing, some of primary importance are:

« The software maintenance system monitors and controls prefetcher
functions. For example, BRISC processor synchronization and its
memories like other ASICs and hardware.

« The operating system handles BRISC processor fault handling and
interrupt systems. This is the area of the DMS SN compiler that
generates the machine code for the BRISC processor.

Software compiler

The DMS SN compiler improves BRISC processor performance by
capitalizing on the strengths of the microprocessor. Software machine code
produced by the compiler has longer, more orderly sequences than previous
machine code, with fewer branches, making the prefetcher more efficient in
anticipating addresses required by the processor.
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The new compiler also capitalizes on the microprocessor’s large set of
registers, such as; the internal ultra-fast memory devices, thus maximizing
the BRISC machine code’s use of these devices. Because registers respond
faster than caches, they are used for the information that the CPU requires
most. Efficient use of registers is critical to the optimum operation of the
microprocessor.

Software diagnostics

All software tests are performed on the inactive CPU, rather than on the
active side. This practice prevents possible corruption of the active CPU.
BRISC also provides a higher level of test coverage that previous processors
because the test software is three times larger than existing non-BRISC
diagnostics.

Series 50 engineering tools

With the addition of the Series 50 processor to the DMS SN system,
measuring and monitoring switch activity is easier, more accurate, and
specific to the BRISC processing. A new method of calculating switch
capacity called the Utilization Method has been developed, switch reporting
tools and display screens have been modified and expanded, and real time
management has been revised and updated for the Series 50.

The Utilization Method

The Utilization Method has no effect on how the processor real time is
schedule, but only on how this information is reported. The Utilization
Method uses a measurement called COMPLEX, which represents the
relative complexity of a switch’s calling traffic mix as compared with a
standard POTS traffic model, and expresses this mix as a percentage of the
POTS model. This comparative method presents a more useful image of call
rates and provides a consistent reference measurement of switch activity.

MAP screens

Real time and switch capacity figures are reported on the various display
screens of the MAP. Information fields of particular MAP screens, such as
the call processing screen, are modified for BRISC-specific calculations,
while some fields have been removed and others have been added. For
example, a new call processing screen sub-command displays current
settings of office parameters and other engineerable factors that affect call
processing capacity.

Real time planning

Real time planning and other engineering tools have been updated to reflect
significant aspects of BRISC processing. The Real Time Summary Sheet
now displays BRISC processor information as calculated using the
Utilization Method. Due to the unique performance characteristics of the
Series 50, in which BRISC processor real time decreases as calling traffic
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increases, new grade-of-service criteria has been applied to the capacity
planning process. Results show that the Series 50 guarantees improvements
in grade-of-service, such as the percentage of dial-tone delay during peak
traffic loads, far beyond current network performance standards.

BRISC Processor upgrade requirements / dependencies

The BRISC Processor upgrade procedure upgrade is a simple one, however,
other requirements and dependencies exist in the DMS SN system for the
total system conversion from one processor series to another. The following
master software packages are required for the installation of BRISC Series

50 DMS SN.

Table 2-3
Master software packages required for installation of BRISC Series 50
Conversion Conversion System System
Hardware Software Prerequisites Dependencies
NTOX10AA NTXD25AA NT9X14DB NTXO00AA
BRISC processor | Master Package 24 Mb memory Bilge
pack package
NT9X26DA NTO9X12AC NTXO001AA
RTIF paddle CPU port pack Common basic
board
NTO9X44AB NTX940AA
System load CM Bilge
module Il
NTX941AA
CM Common
NTX942AA
SN SLM
NTXES54AA
SLM Il sw
NTX950AA
MS Bilge
NTX951AA
MS Common
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Chapter 3. Features

A definition of each feature as provided in the DMS-100 Family is given in
the following text. For comparison purposes, the Bellcore LATA Switching
Systems Generic Requirements (LSSGR), TR-TSY-000064, feature number
is shown in the left column. These numbers correspond to the feature
numbers in the June 1989 issue of the LSSGR. Feature numbers that are
suffixed with an ‘A’ indicate features that are provided by the DMS-100
switch in addition to those listed in the LSSGR.

01-00-0000 Residence and business customer features
01-01-0000 Resident features

01-01-0100 Four- and eight-party line

A four- or eight-party line is a line arranged to serve up to four or eight main
stations. Ringing selectivity is dependent upon central office ringing
arrangements in accordance with the multiparty ringing Feature 20-08-0000.
Reverting calls between four- and eight-party customers sharing the same
line are treated in accordance with the reverting call service (see Feature
20-10-0000.)

Identification of an originating subscriber on a four-party line may be
provided on an Operator Number Identification (ONI) or Automatic Number
Identification (ANI) basis. Eight party lines utilize ONI only.

01-01-1000 Basic business group

The basic business group features provide the basic capabilities for handling
a group of lines associated with a single customer. Basic business group
includes provision for special dialing arrangements, special restriction
arrangements, and special announcement capability for the switch to
recognize the association of the customer’s lines as a group. These features
are provided through the DMS-100 MDC feature package.

01-01-1010 Business group line

A business group line provides capabilities similar to an individual line but,

in addition, is classed as a member of a group of business lines belonging to
a single customer. This group identification is needed for several reasons:

« Calls between group members are accomplished through a special
dialing plan that is shared by the group.
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+ Calls between group members using the special dialing plan can be
billed differently from POTS calls using SMDR (see Feature
02-02-1110).

« Calls between group members through the special dialing plan have
special traffic measurements.

« Calls incoming to the group or outgoing from the group through Direct
Distance Dialing (DDD) have special traffic measurements.

« Private facilities can be shared by group members.

« Features can apply to calls incoming to the group, within the group,
outgoing from the group, or any combination of these.

« Attendant consoles may be provided.

01-01-1020 Business group dialing plan
Business group lines share a common group numbering plan:

« intercom dialing on a two- to seven-digit basis

« access to an attendant through the digit “zero”

« access to private facilities through a one- to seven-digit code

+ re-definition of feature access codes from standard POTS codes

« opverriding this special dialing plan by dialing access code (the digit
“nine” usually) to gain access to the standard DDD numbering plan

01-01-1030 Critical interdigital timing for dialing plan

This feature provides the ability to use conflicting variable length codes in a
business group dialing plan. Example, both 323 and 3236 can be assigned as
station extensions in the same business group. A “#” can be used as an end
of dialing code to truncate the interdigital timing where an ambiguity exists.

01-01-1040 Intercom dialing

Intercom dialing is provided in conjunction with the special dialing plan
feature to permit lines with the business group feature to place calls to one
another on a two- to seven-digit basis. Calls placed in this fashion are not
subject to the DDD billing used in the local area. OMs and Traffic

Separation Measuring System (TSMS) reports are available for each
customer group. In addition, the SMDR feature is used to generate call detail
records (see Feature 02-02-1110).

01-01-1045A Group intercom (GIC)

With this feature, intercom groups of various sizes may be established
within a MDC customer group. Intercom groups are available in four
different sizes:

+ up to 10 members—single-digit member numbers from 0 to 9
+ up to 100 members—two-digit member numbers from 00 to 99
+ up to 1000 members—three-digit member numbers from 000 to 999
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+ up to 10 000 members—four-digit member numbers from 0000 to 9999

To use GIC, the station user goes off-hook, receives dial tone and dials
octothorpe (#) (or the octothorpe equivalent code) followed by the member
number of the called party. The member number assigned to the station is
independent of the station’s regular directory number. A customer group can
have more than one intercom group, however a station can only be a
member of one intercom group. If the customer group has the SMDR
feature, SMDR records may be produced for all GIC calls.

01-01-1050 Customer access treatment code restrictions

In the DMS-100 integrated business network, class-of-service restrictions
can be used to control access to miscellaneous trunk groups and special
services, such as tie, Foreign Exchange (FX) and Wide Area
Telecommunications Service (WATS) trunks, CCS access line, paging, and
dictation. A station is assigned a Network Class-of-Service (NCOS) that
defines the trunk groups the station has dial access.

Access to station set features can also be controlled. This is achieved by
allowing a station access only to these features supported by its line and
customer group data.

01-01-1060 Semi-restricted (originating and terminating)

In the DMS-100 switch, originating and terminating restrictions are
independent of one another in order to provide maximum flexibility.
Originating restrictions are handled through NCOS which defines a set of
capabilities / restrictions that allow / deny the routing of a call.

Terminating restrictions are handled in two ways:
+ Denied Termination (DTM) which blocks all terminating calls

« Terminating Restriction Codes (TRC) which specify the station’s ability
to receive direct dialed calls and also its ability to receive calls through
the attendant

A semi-restricted station is not allowed access to the public network except
by way of the attendant.

01-01-1070 Fully restricted (originating and terminating)

A fully restricted station is not allowed access to the public network either
through direct dialing or through the attendant. The methods outlined for
handling semi-restricted service are used to accommodate this feature (see
Feature 01-01-1060) .

01-01-1080 Business group direct inward dialing (DID)

With this service, an MDC station user may receive incoming calls without
attendant intervention. This feature is a consequence of the direct
appearance of the line at the serving switch.
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01-01-1090 Business group direct outward dialing (DOD)

With this service, an MDC station user can place external calls to the
exchange network without attendant intervention by dialing the DOD access
code, receiving a second dial tone, then dialing the external number.

01-01-1100 Business group automatic identified outward dialing

(AIOD)

This feature provides identification of the calling business group line (see
Feature 01-01-1010) for AMA recording purposes. This feature is a
consequence of the direct appearance of the line at the serving switch.

01-01-1110 Class: distinctive ringing call waiting

This is a call management feature which enables a subscriber to select a
group of directory numbers from which incoming calls are identified at the
called station by a distinctive ring or tone.

The Distinctive Ringing Call Waiting (DRCW) screening list may be
modified by the operating company through service orders or by the
subscriber using access and modification codes. The subscriber may query
feature status, activate and deactivate the feature, review the directory
number list, and add or delete entries from the list.

DRCW takes precedence over Three-Way Calling (3WC) and Call
Forwarding Busy Line (CFBL).

Selective Call Rejection (SCR), Call Forwarding and Selective Call
Forwarding (CF, SCF), and Make Set Busy (MSB) take precedence over
DRCW.

DRCW alerting treatment may be applied to lines with teen service line, it
cannot be applied to secondary directory numbers (SDN).

01-01-1111A Distinctive ringing

This feature permits an MDC customer to identify certain call types by
applying a distinctive ringing cadence to calls terminating within the
customer group. Distinctive ringing produces a different ringing cadence for
intragroup and DID calls:

Calls to MDC stations to which distinctive ringing does not apply will cause
a ringing cadence of two seconds on, four seconds off (repeated).

Calls to MDC stations to which distinctive ringing does apply will cause a
ringing cadence of 1.5 sec. on, 0.5 sec. off, 0.5 seconds on, 3.5 sec. off
(repeated).
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Enhancements to the existing distinctive ringing capabilities (Generalized
Distinctive Ringing) will increase the number of different ringing cadences
to five. Association of the various ring patterns to a particular call type is
determined through datafill. Five call types can be datafilled to receive
Distinctive Ringing Cadences:

- Intragroup

« Intergroup

+ MDC trunks “owned” by a customer group
« Group Intercom calls

+ all others

01-01-1112A Distinctive call waiting

The distinctive call waiting feature permits the called MDC station to
determine whether an incoming waiting call is external or internal to the
customer group by providing different tone cadences for the two situations.
The different tones have unique applications:

1 If the waiting party is external to the busy station’s customer group, then
a tone cadence consisting of two bursts separated by silence is applied.
The lengths of the two bursts as well as the silent portion is specified as
an office parameter and is applicable when the distinctive call waiting
tone option is applied to the controller’s customer group.

2 If the waiting call is internal to the customer group, then the tone applied
consists of a single burst, the length of which is also an office parameter.

As implied above, the distinctive call waiting tone feature is optional on a
customer group basis. If this feature has not been applied as a feature to the
controller’s customer group, then the “single burst” office parameter is used
to determine the duration of call waiting tone. This statement applies only to
MDC call waiting.

01-01-1115 Distinctive alerting/call waiting indication

This feature allows subscribers to be alerted with distinctive ringing or call
waiting tones when calls are received from directory numbers (DNs) for
which they have specified this treatment in their screening lists.

For any incoming calls from a DN on the list, the subscriber is alerted either
by distinctive ringing ring cadence: short-long-short) or, if the incoming call
is call waited, by distinctive call waiting tones (tone cadence:
short-long-short).

The subscriber activates and deactivates the feature by dialing on DR/CW
(Distinctive Ringing/Call Waiting access code. Through automatic
announcements, the subscriber can receive a report on the status of the
feature (that is, activated or deactivated, screened-for DNs, and so on).
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Guided by prompts from the DMS switch, the subscriber can easily modify
any of the currently specified feature information.

01-01-1120 Special intercept announcements

A unique intercept announcement can be provided to each business customer
group. These unique intercept announcements are applicable on three kinds
of calls:

Attempting to terminate to nonworking Directory Numbers (DN) assigned to
the business customer group.

Originated by business group members through the special dialing plan but
to codes which are undefined.

Restricted from terminating to a group member or restricted from

originating by group members due to various restriction arrangements, such
as fully restricted service, semi-restricted service, code/toll
restriction/diversion, and so on.

01-01-1130 Single-digit dialing

MDC translators are provided to accommodate single digit translations for
access to preselected groups of stations such as, Group Intercom Service
(see Feature 01-01-1045), the attendant, or a particular group of facilities.
Translation capabilities include the use of the asterisk (*) and octothorpe (#)
as leading control digits. Single digit station to station calling is not
provided, as the DMS-100 switch uses a two to seven digit plan.

01-01-1140 Virtual facility groups (VFG)

This MDC feature package provides the capability to simulate finite
resources (lines or trunks) in software. The simulated resources are called
VFG. The VFG's restrict the number of simultaneous active calls to the
datafilled size (0-2047) of each VFG. Up to 8092 VFG’s may be datafilled
on each switch.

01-01-1141 Traffic expandable SFG

01-01-1150 Usage resisters for business customer traffic
(Planned for future release.)

01-01-1150A Flash translator

This feature enables the operating company to define translations that
interpret the digits dialed after an MDC station’s switchhook flash. This is
independent of the normal originating translations for that station (for
example, the same digits to different routes depending on whether the line
was flashed). This feature allows MDC users to customize their translation
scheme with regard to flash features.
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01-01-2000 Multiline variety package (MVP)

This feature permits a POTS type dial plan to be used by small business and
multiline residence customers. The MVP intercom feature allows for
abbreviated (station-to-station) dialing within the MVP group. MVP
customers also have access to features such as call hold, call pickup, call
transfer, conference, or call waiting. MVP intercom and other features are
accessed by an MVP station dialing (*) or (#) as the first digit to avoid
interference with the POTS dialing plan.

01-01-3000 Electronic key telephone service

01-01-3100 Electronic business set

The Electronic Business Set operates with Nortel Networks’ MDC to
provide the user with pushbutton access to features and directory numbers.
Flexibility in feature assignment is provided, the features and lines assigned
to each button are programmable in the DMS-100 software.

The business set is operated over a two-wire (single-pair) non-loaded loop
which is connected to a business set line card located in a DMS-100 host or
a DMS-100 remote. Although the business set terminates on a single line,
multiple DN’s (each with its own feature set) can appear on the station. A
DN can appear on (or be accessed from) more than one station. Status
information is provided for each feature and DN appearance.

There are many business set features:

+ Automatic Answer Back (AAB) — when implemented on a business set,
allows any incoming call to be automatically answered after four
seconds. The callers talk through a hands-free unit. When the calling
party hangs up, the call is automatically disconnected.

« Automatic Dial (AUD) — allows a business set station user to call a
frequently dialed number by depressing the assigned feature key. The
user is permitted to change the assigned number stored against the
feature key. The feature is assigned to the feature key through the service
order system.

« Automatic Line (AUL)—AUL on a business set is a DN feature that may
be assigned to individual DN appearances on a business set station,
including the primary DN. When an off-hook is reported from a DN
appearance to which AUL has been assigned, a connection is
automatically established to a predetermined location.

+ Busy Override—A user equipped with this feature may, upon
encountering a busy signal, break into (override) the busy connection.
Feature activation by depressing the Busy Override key results in both
parties of the busy connection being notified (by a tone) of an impending
override. Subsequently, a three-way call is established consisting of the
activating station and the original (busy) parties. Subsequent depressing
of the Busy Override key results in disconnection of the unwanted party.
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Call Back Queuing — an extension of Ring Again, which allows a user
to make a ring again request on a busy trunk in addition to a busy line.
The user may, upon hearing busy tone, reorder tone, or a no-circuits
announcement, press the Ring Again key to make a call-back queuing
request.

Call Forward — allows a station user to have incoming calls
automatically forwarded to a programmed telephone number. The user
programs the number to which calls are to be forwarded by depressing
the Call Forward key, dialing the destination number, and then
depressing the Call Forward key again to complete the programming.
The associated Call Forward LCD is ON while call forward is active.

Call Park — allows a user to hold a call against a DN, from which it may
be retrieved at any station by requesting call park retrieve and dialing the
DN of the user who parked the call.

Call Pickup — enables a station to answer calls incoming to another
station in the same call pickup group. The feature is activated, after
obtaining dial tone, by depressing the call pickup key.

Call Waiting—If the user is engaged in a call on a given DN, and another
call attempts to terminate on the same DN, the user is notified by the call
waiting lamp flashing. The user then may, by depressing the Call
Waiting key, autohold the original call and answer the waiting call,
alternate between the two calls, or terminate one of them.

End-to-End Signaling—While in the talking state, a subscriber may
signal the far end by using the key pad. The digits are outpulsed forward
in the standard DTMF format.

Group Intercom — allows a customer to terminate on any member of a
predesignated intercom group by using abbreviated dialing. This
intercom group may have a maximum of 10 members (one digit dialing),
100 members (two digit dialing), or 1000 members (three digit dialing).

Handsfree Unit — The business set may be equipped with the
NT1LOOAA Handsfree Unit, which allows operation of the set without
use of the handset.

Call Hold —A user who wished to hold an active call can do so by
pressing the Hold key (manual operation) or by selecting another DN
(auto-hold operation).

Individual Business Line — allows a direct "dial 9” trunk to be
associated with a DN appearance on the station set. This line will not
have access to the features on the business set.

Intercom — allows the user to establish a voice connection to the
loudspeaker of a preselected station. Activation is accomplished by
going off-hook and depressing the Intercom key to establish the voice
connection. The receiving end may then establish a normal connection
by going off hook and selecting the Intercom channel.
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Listen on Hold — Pressing the hold key while in the talking state puts a
call on hold. The handset can then be replaced. Depressing the DN key
with the handset on-hook connects the talking path to the speaker so that
the subscriber can listen while on hold without the requirement of having
a handsfree unit.

Make Set Busy — By activating the Make Set Busy key, the station
appears busy to all in-coming calls. The station user is still able to

originate calls. The associated LCD will be ON while the feature is

active.

Malicious Call Hold — allows a station to activate a call hold and trace.
This results in a printed report of the calling and called party numbers at
the central office. The feature is activated by depressing the Malicious
Call Hold key while engaged in the call.

Multiple Appearance Directory Numbers — allows a multiple number of
line appearances equipped with business sets to be associated with a
single DN. Any line appearance can originate calls on the number, and
all line appearances are alerted and can answer an incoming call. Two
variations are available: Single Call Arrangement (SCA) and Multiple
Call Arrangement (MCA). SCA limits the number of calls which can be
set up on the group to one. MCA allows individual calls to be set up by
each member of the group.

MADN Hold (SCA) — allows an outside call to be transferred by the
member of a MADN-SCA group receiving the call to another member of
the MADN-SCA. The member receiving the call places the outside party
on hold. Any other member of the MADN-SCA may then pick up the

call by pressing the DN key.

On-Hook Dialing —Depressing the DN key without lifting the handset
causes dial tone to be returned to the speaker on the business set. The
user can then dial the called number by any of the usual methods such as,
dialing, speed calling, auto dialer keys, and ring again.

Privacy Release — MADN-SCA normally has privacy associated with

an active call, in that other members in the MADN group are denied
access to the DN when it is in use. The station engaged in an active call
may activate the Privacy Release key causing the DN LCDs on all
members of the MADS group to wink. One other member may now

enter the call by depressing the DN key (the DN LCDs at all stations go
to the ON state), and, once entered, privacy is reestablished. The
procedure can then be repeated to add other members to the connection,
up to a maximum of 29 members plus the external party.
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Ring Again — Upon encountering a busy number, the station user may
activate the Ring Again feature by depressing the Ring Again key and
going on-hook. The user may originate and answer other calls, and will
be notified by a buzzer tone or LCD wink when the busy end becomes
free. To complete the Ring Again, the user selects an idle DN and
depresses the Ring Again key. At this point, the previously busy end will
be rung. A Ring Again request is canceled by pressing the Ring Again
key while it is in an active, but not notification, state.

Speed Calling — allows the station user to store numbers in a speed call
list. Three types are available: speed call short list (SCS) with up to 10
entries; speed call long list (SCL) with up to 70 entries; and speed call
user group (SCU) with up to 70 entries. To use Speed Calling, the user
obtains dial tone, depresses the speed call key, and dials the one- or
two-digit access code. The list of speed call numbers are reprogrammed
by the speed call key.

3-Way Calling /Call Transfer —3-Way Calling allows the station user to
establish a three way conference call. While actively engaged in a call,
the user depresses the Conference key, dials the third party, and then
connects all three parties by depressing the Conference key once again.
Once the three parties are conferenced, the user may transfer the call by
pressing the release key or hanging up. Prior to establishing the
conference, the calling party may alternate between the called parties by
pressing the DN and Conference keys.

6-Port Conference — allows a station user to establish a six way
conference call. While actively engaged in a call, the user depresses the
Conference key, dials the third party, and connects all three by
depressing the Conference key again. This procedure is repeated to
connect a 4th, 5th, or 6th party. Private consultation is the same as for
3-Way Calling above.

30-Port Conference — If the 30-port feature is assigned, the user may
add additional 6 port conference bridges until a maximum of 30
conferees are attached.

Automatic Line and MADN — allows a MADN - SCA/-MCA member
to be assigned as an Automatic Line (AUL). In addition, it makes
automatic lines compatible with many features and options that do not
require initial dial tone.

Short Hunt — Provides the capability for incoming calls to hunt over a
set of DN appearances on a business set in search of an idle DN on
which to terminate. The set of DN'’s can be either standard DN
appearances or MADN'’s, and may include all, or a subset of, the DN
appearances on the business set.
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«  MADN and conference Interaction — Allows various types of
conference calls, including three-way calls, to interact with MADN hold.
As an example, this feature will allow a conference call to be either
answered or established by one party, placed on hold and picked up by
another party. By using this feature, a secretary can answer or establish
conference calls for a manager.

01-01-3110A Electronic business set display features

This feature set provides the user of an electronic business set equipped with
the optional 32 character alphanumeric liquid crystal display (LCD) with
visual feedback during originating, terminating, programming and feature
activation operations of the set. The display provides the user with such
information as inter/intra customer group (within same switch) calling party
information, called number echoing, feature activation, and so on.

1 Called Number Display —The display set echoes all input digits during
call origination or feature programming. Dialed digits are echoed starting
on the bottom line of the display. The upper line reflects the condition of
the call.

2 Calling Number Display —When an incoming call arrives at the prime
DN of a display set, information concerning the incoming call is
displayed on the upper line of the display. The information displayed
varies depending on the originator of the call:

— For calls within the customer group, the caller’s extension is
displayed.

— For calls outside the customer group but within the same switch,
(r*+*+*%) is displayed unless an intercustomer group display office
parameter is set, in which case the calling party’s DN is displayed.

— For calls arriving on trunks within the same customer group, the
abbreviated common language name (six characters) of the trunk
group is displayed. If the intergroup office parameter is set, the
outside MDC trunk CLLIs are also displayed.

— For calls arriving from the attendant, the last eight characters of the
CLLI for the attendant are displayed.

3 Feature Display — provides the user with visual feedback on user
entered data and call information during the use of other MDC features.

4 Query Time Key — The business set with display may be equipped with
a Query Time key which, when depressed, displays the current time and
date in the format:

YY/MM/DD HH:MM

The time and date are displayed for 12 sec., after which the display
reverts to its previous state.
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01-02-0000 Features common to residence and business

01-02-0100 Individual line

An individual line is a line arranged to serve only one main station although
additional stations may be connected to the line as extensions of the main
station. Individual lines provide telephone service to residence and business
customers. The system is capable of automatically identifying the directory
number assigned to a line, based upon the originating appearance to the
system. Service-related features such as manual originating, dial pulse
dialing, or Dual Tone Multi-frequency (DTMF) dialing assigned to

individual lines may vary from line to line within the DMS.

01-02-0200 Two-party line

A two-party line is a line arranged to serve two main stations. Automatic
identification of each party and individual ringing capabilities are provided.
A two-party line may be used to provide telephone service to residence and
business customers. Service related features may vary between parties
sharing a two-party line.

Reverting calls between two-party customers sharing the same line are
treated in accordance with the reverting call service feature (see Feature
20-10-0000).

01-02-0250 Teen service

This feature provides the capability to assign multiple (DNs) to individual
lines. Distinctive Ring patterns are applied to each DN. Distinctive call
waiting tone is also provided.

01-02-0300 Line restriction services

01-02-0301 Manual line service

Manual line service is a service-related feature that automatically requests
operator assistance (or attendant assistance in the case of a business group)
upon detection of an origination. Since all originations from lines with this
service are routed to an operator or attendant, no dial tone is returned to the
subscriber. This feature does not affect termination to a line.

01-02-0302 Automatic line

This feature provides automatic placement of a call to a preselected
directory number upon detection of an origination. No dialing is required by
the calling party to complete the call. The service may be used for intraoffice
or interoffice calls. This feature does not affect termination to the line.

01-02-0303 Warm line

The Warm Line (WML) feature is basically a time delayed automatic line
(see Feature 01-02-0302). If a subscriber with this feature goes off-hook and
begins dialing within the time delay period, the call will proceed normally.
However, if dialing is not started before the time delay period has elapsed,
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the call is treated as an automatic line, whereby a call is automatically placed
to a preselected directory number. (This preselected number may be changed
by the subscriber at any time).

The time delay is specified on a per-line basis, and may range from 0 to 20
seconds. Subscribers with DIGITONE stations may avoid the time delay by
keying the octothorpe to activate the automatic number outpulsing. Warm
Line is not available to MDC Lines.

01-02-0400 Free terminating service (FNT)

With this feature, calls from a class of lines (for example, intraoffice) or
from specified trunks to a line designated as a free terminating line are not
billed. Intra—office calls are screened by the system to prevent charging of
calls to lines with this feature. Interoffice calls completed to free terminating
lines may require, depending upon the incoming trunk class, that answer
supervision not be returned to the originating office.

Calls to the “official lines” of an operating company are an example of lines
which may require free terminating line service.

01-02-0500 Denied terminating service (DTM)

DTM is a feature whereby the system denies call completions to a line. Plant
maintenance calls can be connected to lines with this restriction.

01-02-0550 Denied originating service (DOR)

DOR is a feature whereby only the customer may receive calls. When a line
with this option attempts to originate a call, the line is routed to treatment.

01-02-0600 Code restriction and diversion

Code restriction is a feature that blocks/allows call completion to customer
specified codes for calls that originate in a business customer group. The
codes can be from three to ten digits in length and are activated by the
operating company. Calls to these codes are denied/allowed depending on
the option chosen by the customer.

In a POTS environment, restriction of calls (from NPA/NXX translator)
from certain originators is provided through class of service screening (see
Chapter 4).

01-02-0610 Toll restricted service

Toll restricted line service is a feature that restricts the completion of
originating calls to a limited area only.

More than one limited area of toll restriction may be provided for a central
office.

DMS SuperNode Technical Specification BCS36 and up



3-14 Features

01-02-0620 MDC — IBN-restricted code routing

The IBN code restriction feature allows a customer to specify a collection of
three- through 10 digit sequences that are to be restricted. The restrictions
may apply to all of the customer’s stations and access lines or the restrictions
may apply to selected stations only. The restricted calls are routed to the
attendant, an announcement or tone, on a customer group basis.

01-02-0650 Outgoing call screening
See Feature 01-02-0600.

01-02-0710 Voice/data protection

The DMS-100 MERIDIAN Business Services (MBS) offers two types of
data protection. The first is the No Double Connect (NDC) option which
may be assigned to individual lines within a customer group. When this
option is assigned to a line, the DMS-100 prevents interruption or mutilation
of data calls caused by the application of warning tones and voice energy
associated with attendant camp-on, busy verification, busy override and call
waiting. A line assigned NDC cannot use the call transfer or any of the
conference features. This option prevents the user of such a line from
providing access to data or to computers from other, possibly unauthorized
lines. The NDC option is activated/deactivated through Data Modification
Order (DMO). The second option uses the Station Activated Do Not Disturb
(DND) feature (see Feature 01-02-0751).

01-02-0750 Do not disturb

With this feature calls are protected from interruptions such as, call waiting
tones, directed at the busy station and caused by MDC features with
exception of attendant busy verification. The attendant busy verification
feature will override the active DND on a station, however if the attendant
merely attempts to call or to extend a call to the DND station the attendant
will receive an alpha indication in the console display that the station is
under DND; the call will not be interrupted. This feature can be
activated/deactivated from the station set, and may be assigned on a per line
basis to MDC lines equipped with 500/2500 sets, and also to individual
directory number appearances on the electronic business set. When this
feature is active on an idle line and an incoming call is diverted, a
momentary splash of ringing (500 ms) will be applied to the line to serve as
a reminder that the feature is activated (500/2500 sets only).

01-02-0752A Do not disturb

The DND feature is assigned to MDC stations through service order and is
activated/deactivated by the attendant or automatically at operating company
specified intervals. This service is especially attractive for hospital
applications. DND includes four capabilities:

1 Selected Single Station Diversion
2 Selected Group Station Diversion
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3 All Station Diversion
4 Attendant Completion of Calls to Diverted Stations

While DND is activated, two conditions occur:
1 Busy tone is given to the caller if the call type is station-to-station.
2 Non station-to-station calls have four possible routes:

— The appropriate attendant subgroup

— A preassigned DN

— A preassigned route

— An announcement or tone.

01-02-0753A Make set busy

The MSB feature may be assigned on a per line basis to MDC lines
equipped with 500/2500 sets and also to individual directory number
appearances on the electronic business set. It allows the user to make a line
busy or available to incoming calls by dialing the make set busy activation/
deactivation code. While MSB is active on a line, external incoming calls

will be given the treatment specified in translations, and intragroup calls will
receive busy tone. A variation of MSB, referred to as MSB-Intragroup
(MSBI), will enable the user to make the directory number appear busy to
intragroup (internal) calls only. External calls will not be blocked.

The MSB feature only affects terminating calls; the user will still be able to
place outgoing calls.

01-02-0760A Selective call rejection

Selective Call Rejection is a Custom Local Area Signaling Service (CLASS)
feature that allows customers to block subsequent calls from a calling
directory number after receiving an undesired call. The customer dials a
code that places the last calling party’s directory number on a list for
rejection. Subsequent calls from the rejected party are intercepted and routed
to treatment. Selective call rejection also gives customers the ability to enter
additional directory numbers onto the list. Calls from these parties are also
intercepted and routed to treatment.

CLASS features are based on Signaling System No. 7 and its ISDN User
Part.

01-02-0800 Hunting features

01-02-0801 Series completion service

Series completion is a feature whereby calls to a busy line are routed to
another specified telephone number in the same switching office. More than
two lines may be linked to form a series completion list.
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Each member of a series completion list has a unique telephone number. A
series completion list is not limited to sequential numbers. Calls attempted to
a busy line within a series completion list will hunt for an idle line by
advancing to the next number in the list until either an idle line is found or

all lines are found busy. The originating call will be completed to the first

line found idle in the series completion list. Busy tone or other termination
treatment is returned only when all hunted lines are found busy.

This feature is not applicable for two-, four-, or eight-party lines. DMS-100
allows up to 8192 hunt groups and a maximum of 1024 lines per group.

In the DMS-100 switch, this feature is known as Directory Number Hunting
(DNH).

01-02-0802 Multiline hunt (MLH) service

Multiline hunting is a feature whereby calls to a busy line are routed to other
specified lines without assigning a telephone number to each line. A
telephone number is assigned to the first line of a group of sequentially
ordered lines that form a multiline hunt group. With this service, when the
line associated with the dialed number is found busy, the system hunts only
the lines sequentially following the line associated with the dialed number.
The call is completed to the first line found idle. Busy tone or other
termination treatment is returned only when all lines in the hunt group are
found busy.

01-02-0803 Circle hunting

With this feature, the system tests all lines for busy, within the DNH hunt
group regardless of the point of entry into the group, before returning busy
tone. The hunt starts at the line terminal associated with the dialed number
and continues to the last line in the DNH hunt group and then to the first line
until the remaining lines in the DNH hunt group are tested.

01-02-0804 Preferential multiline hunting

Preferential hunting is a specialized hunt group capability that allows a
separate unique hunt list to be assigned to any directory number within the
hunt group. This hunt terminates in the regular or circular hunt list for the
group if the preferential hunt is unsuccessful.

01-02-0805 Uniform call distribution (UCD)

The distributed line hunt option in DMS-100 can be assigned to multiline
hunting groups to provide equal distribution of incoming calls over the

group. With this option, hunting always commences at the subsequent line in
the group to the last one that was used. This will ensure that calls are
distributed equally throughout the group. DLH is available to POTS and
MDC lines.
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In addition to the basic capabilities of DLH, UCD is offered as a feature
option on MDC lines. UCD allows for an even distribution of incoming calls
to a Listed Directory Number (LDN) over a group of 500/2500 stations or
electronic business sets. If all stations in the group are busy, new calls are
gueued and ringing tone is returned to the caller. If the predicted delay
exceeds a customer preset threshold, a recorded announcement advising of
the delay will be provided. When a station in the UCD group becomes idle,
the first call in queue is offered to the station.

Each station in the UCD group has its own directory number. To be eligible
to receive UCD calls (calls to the UCD listed DN), a UCD designated station
must dial an activation code followed by the UCD directory number of the
group to which they belong. Similarly, a feature deactivation code is
required to remove the station from UCD operation.

01-02-0806 Stop hunt key

The stop hunt feature is available to customers who have multiline hunt
service. A key at the customer’s premises connected to the SPCS through a
wire pair is associated, by the switching system, with a given line of the
multiline hunt group. Customer activation of the key stops the hunt at the
line associated with the key.

01-02-0807 Queuing for multiline hunt groups

This service allows for an even distribution of incoming calls to a LDN over
a group of Unity or other 500-/2500-type sets. This group of stations is
called a UCD group. Each station in the UCD group has its own directory
number.

01-02-0808 Delay announcement for queued calls on hunt group

When one or more active stations in a UCD Group are idle, a queue of these
agents is formed. As calls to the LDN come in, each call is directed to the
first (longest idle) station in the agent queue. When all the answering agents
are busy, the incoming calls are queued and the callers receive an audible
ringback. When the delay interval exceeds the customer-specified delay
threshold, a recorded announcement advising of the delay is provided. When
a station becomes idle, the first call in the incoming call queue is sent to the
idle station.

01-02-0809 Make busy key

This feature provides a method for making a group of lines busy to incoming
calls. The feature is activated by operation of dedicated keys at the customer
premises which inhibit the search for an idle line through a DMS-100
miscellaneous scan point. Incoming calls are given busy treatment such as,
hunt forward, whenever the make busy key is activated, regardless of the
busyl/idle status of the stations(s). This feature is available only for hunt
groups and not for UCD stations.
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01-02-0810A Bridged night number (BNN)

BNNs can be assigned to DNH, MLH and Distributed Line Hunting (DLH)
groups. This feature permits the customer to advertise a different number for
night service without requiring a third wire. For example, the customer may
advertise that a different DN is to be dialed after 5:00 p.m. If the daytime

DN is dialed, hunting as specified for the group will apply. If BNN is dialed,
the BNN will be rung. Several BNNs can be assigned, on an individual line
basis, to a main hunt group. If required, hunting can take place among the
BNN. If the BNN form a hunt group, hunting is sequential unless option
Circular Hunting (CIR) is assigned to the BNN group.

01-02-0900 Dial pulse dialing

Dial pulse dialing is a feature that permits a customer to send pulsed DC
address signals to the switching system. After line seizure, the system alerts
the customer by dial tone of its readiness to receive the dialed address
information. Dialed digit interpretation is provided by the system in
accordance with the call processing feature arrangements for the central
office. The system will ignore dual tone multifrequency (see Feature
01-02-1000) address signals from lines only provided with the dial pulse
dialing feature (see Chapter 5).

01-02-1000 Dual-tone multifrequency (DTMF) dialing

DTMF dialing is a feature that permits a customer to send dual tone
multifrequency address signals to the switching system. After line seizure,
the system alerts the customer by dial tone that it is ready to receive the
dialed address information. Dialed digit interpretation is provided by the
system in accordance with the call processing feature arrangements for the
central office. Lines provided with the DTMF dialing feature are also
permitted to use dial pulse dialing (see Chapter 5 B).

01-02-1051A Calling number delivery on MDC

This CLASS feature permits forwarding of the calling party DN to the
customer premise. Calls originating from outside the service area are
displayed as all zeros. Calls with private DNs are not displayed, but are sent
to the Customer Premise Equipment (CPE) as all ones. Customers have the
ability to turn on and off number forwarding to their premises.

There are two ways in which customers can prevent their directory numbers
from being forwarded to the called party. The first way is by using a service
order to prevent the customer’s DN from being forwarded to any called
party. The second method is by dialing a privacy code to prevent the DN
from being forwarded to the called party on the next call only.

CLASS features are based on Signaling System No. 7 and its ISDN User
Part.
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01-02-1052A Customer originated trace on MDC

This CLASS feature will provide a way to help customers combat nuisance
calls. This feature allows a customer to trace the last call received. The
customer’s DN and the DN of the calling party are output to the operating
company personnel. (The trace information could instead be routed to a law
enforcement agency, if the necessary arrangement were made.)

CLASS features are based on Signaling System No. 7 and its ISDN User
Part.

01-02-1053A Calling number delivery blocking on MDC

Calling Number Delivery Blocking (CNDB), a CLASS Phase 1 feature,
permits the originating subscriber to block the display of the DN on a
terminating subscriber’s set to which the Calling Number Delivery (CND)
feature has been assigned.

To block the delivery of the DN, the subscriber dials an activation code prior
to placing the call. The feature is automatically deactivated when the
subscriber hangs up. This feature can also be applied in reverse: the
originating party can subscribe to permanent blocking of his/her number
display. When this is the case, dialing the activation code causes the number
to be displayed to the terminating subscriber.

01-02-1100 Abbreviated Dialing Features

01-02-1101 Speed calling

Speed calling is a feature that allows a customer to specify a list containing
directory numbers, each associated with a unique abbreviated dialing code.
On reception of a valid abbreviated dialing code from a line arranged with
this feature, the system attempts to complete the call to the associated
directory number.

A POTS subscriber may have a short and/or a long speed call list. The short
list allows the user to assign called numbers (up to 24 digits) to codes “two”
through “nine”. The long list allows the user to assign called numbers to
codes “20” through “49.”

A business customer group subscriber may have a short and/or a long speed
call list. The short list allows the user to assign designated numbers (up to 24
digits) to codes “zero” through “nine.” The long list (which can consist of

30, 50, or 70 numbers) allows the user to assign designated numbers to
codes “00” through “69” provided they do not conflict with codes used for
other features.

The speed calling feature is available to individual lines, two-party lines, and
individual members (some or all) of a multiline hunt group. For business
customer group subscribers, speed calling lists assigned to individual lines
may be shared by other lines at the customer’s request.
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The addresses in a speed calling list are placed in the list by direct input
from the customer. In the case of POTS only, the customer speed calling lists
are also accessible and modifiable by the operating company.

01-02-1102 Customer changeable speed calling

Customer changeable speed calling is a feature that provides the services
described for the speed calling feature (see Feature 01-02-1101) and permits
initial entry and changing of a speed calling list by direct input from the
associated customer’s line.

01-02-1106 Business group speed calling (short list)

A business customer subscriber group short list allows the user to assign ten
designated numbers to codes zero through nine. The use of the speed calling
short list is limited to speed calling individual.

01-02-1106 Business Group Customer/Changeable Speed

Calling (Long List)

A business customer subscriber group long list allow the user to assign 30,
50 or 70 (maximum) stored numbers. Stored numbers are assigned speed
calling location codes from 00 to 69. The long List group list are line
designated as the controller and only the controller can add, delete or change
numbers from the list. Any other member of the group is restricted to the use
of the feature only and cannot change the contents of the list.

Changes to speed calling lists are made by overwriting an existing number.

01-02-1200 Call waiting features

01-02-1201 Call waiting

The call waiting feature allows a line in the talking state to be alerted by a
call waiting tone when another call is attempting to complete to that line.
The call waiting tone is only audible to the line with the call waiting feature
activated. Audible ringing is returned to the originating line. The service
also provides a hold feature that is activated by a switchhook flash.
Consecutive flashes allow the customer, with the service activated, to
alternately talk to the original party and the new calling party. If the
customer with the service activated hangs up while one party is on hold, the
customer with the service activated is automatically rung back, and upon
answer is connected to the held party.

01-02-1202 Call waiting originating (CWO)
Call waiting originating is a service which applies call waiting service
capabilities on a called line.

When an MDC line with the CWO feature calls a busy MDC line within the
same customer group, the caller hears audible ringing, recorded
announcement or music instead of busy tone while the called party is
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informed through a special tone burst that a new call is attempting to reach
him. The called party could then place his current call on hold and answer
the calling party. If the called party goes on hook, the station will ring and

on answer be connected to the calling party. Call waiting originating service
essentially allows the customer to assign call waiting (terminating) service to
a called party for the duration of a call. This service is restricted to MDC
intraoffice/intragroup calls only.

01-02-1203 Dial call waiting

Dial call waiting permits a station user to impose call waiting on a busy
station by dialing the call waiting feature activation code followed by the
station DN. If the called station is busy, the caller will be call waited. While
call waited, the originator will hear either audible ringback tone, recorded
announcement or music. This feature is restricted to intraoffice/intragroup
calls between MDC stations (500/2500 sets).

01-02-1204 Cancel call waiting — POTS

This feature will allow the POTS customer with call waiting service to
inhibit the operation of call waiting for the duration of a single call. The
customer dials the call waiting access code, obtains special dial tone, and
places a call normally. Call waiting is disabled for the duration of the call
and is automatically restored to the line upon disconnect by the subscriber.
Calls incoming to a line which has deactivated call waiting are routed to
treatment, such as tone or announcement.

01-02-1205 Business group call waiting (BGCW)

Business Group Call Waiting includes these four features: 01-02-1208,
01-02-1210, 01-02-1202 and 01-02-1203. With this feature, an incoming call
encountering a busy station receives audible ringing, while the called, busy
station receives a call waiting tone. The called, busy station can then
acknowledge the incoming caller and place the existing caller on hold (and
alternate between the callers) or can abandon one of the calls. The basic Call
Waiting feature applies to attendant extended, Direct Inward Dialing (DID),
Enhanced Private Switched Communication Service (EPSCS), and tie-trunk
calls. An additional feature, Call Waiting, Intragroup, can be assigned to any
line that has the basic Call Waiting feature.

01-02-1208 Call waiting terminating

Call Waiting Terminating (CWT) informs a busy subscriber in a business
group, by the application of a call-waiting tone, that an additional call
directed to the subscriber’s line is present at the switch. The call-waiting
tone is applied only once for a given additional call and only for the line to
which the call is directed; the calling line receives audible ringing as if
terminating to an idle line and the other party on the original connection
receives no indication. The subscriber may accept the incoming call by
either disconnecting from the existing call or executing a switch-hook flash.
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01-02-1210 Call waiting-incoming only

Two options are available to stations in a DMS-100 business customer group
which are assigned the call waiting feature. The basic Call Waiting (CWT)
feature will apply to all calls incoming to the customer group from the DDD
world. As a further refinement, trunk groups incoming to the customer group
(tie, CCSA, and so forth) may be designated as “external” for the purpose of
invoking this feature. An additional feature, Call Waiting Intra-group (CWI),
can be assigned to any station which is already assigned the basic call
waiting feature. CWI allows call waiting on intragroup calls in addition to
those allowed with CWT.

01-02-1240 Business group automatic callback

Business Group Automatic Callback (BGAC) allows a calling party
encountering a busy station on an intrabusiness group call to be notified
when the called station becomes idle. (An intrabusiness group call is a call
between two lines in the same business group that is dialed using the
intercom dialing plan). If the caller responds appropriately to the
notification, the the original call is attempted by the switch.

01-02-1241A MDC - station message waiting

This feature provides notification to MDC station users that a message has
been queued against their directory number. A message waiting lamp may be
provisioned on the set for visual indication or, if the lamp is not provisioned,
an audible indicator (for example, a stuttered dial tone) will inform the user
that a message is waiting. The feature can be implemented by either using a
message center (see Feature 03-02-0020) where unanswered or busy calls
are diverted, or by using a message queuing capability without the use of a
message center.

The message center application allows an incoming trunk call and/or an
internal call to be automatically routed to the message center if the call is not
answered or is busy at the original destination. The called station is provided
with an audible or visual indication that a message is waiting, and can
retrieve the message by directly accessing the message center.

The message queuing capability of the feature operates as follows: station A
calls station B, and B is either busy or does not answer. A flashes the
switchhook and dials the call request activate feature code. B, who is
provided with an audible or visual indication that another station wishes to
be called back, originates and dials the call request retrieval feature code,
and A is automatically rung. Since multiple call requests are supported,
retrievals will be served in the order of their arrival. Originating and
terminating stations must be within the same DMS.
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01-02-1242A Voice messaging service

In addition to the station message waiting (see Feature 01-02-1241)
capabilities, the DMS-100 switch can provide an integrated interface to
VMX, Inc.’s Voice Message Exchange (VMX). The VMX stores spoken
messages that can be retrieved at a later time. Upon retrieval, the user hears
the message in the sender’s own voice. As a VMX user, the following voice
messaging features and capabilities are available.

« Avisual (message waiting lamp) or audible (stuttered dial tone)
indication is given at the user’s telephone when there are “unread” voice
messages in the user’s personal Voice Mailbox.

« \oice messages can be composed, reviewed, edited, erased, saved,
and/or sent to another VMX user.

« \oice messages that are deposited in the user’s mailbox can be
redirected, together with any voice comments the user may want to add.

+ Incoming calls to the user’s telephone can be forwarded to the VMX for
answering.

« A personal greeting can be composed by the user to greet callers when
the user has call forwarded his telephone to the VMX.

Simplified Message Desk Interface (SMDI), a messaging interface designed
to provide a universal connection to a variety of voice messaging machines,
is planned.

01-02-1250 Automatic call back

This CLASS feature will permit a customer, after reaching a busy station, to
hang up and dial the activation code and the busy station directory number
to activate automatic call back. When the busy station goes on-hook and the
calling station is on-hook, the calling station will receive a distinctive

ringing pattern. When answered, a call is automatically completed to the
previous busy station.

CLASS features are based on Signaling System No. 7 and its ISDN user
part.

01-02-1255A Ring again

This feature allows an MDC station user to be automatically recalled when a
previously called busy station becomes idle. When encountering a busy
station, the caller flashes the switchhook, dials a code and goes on hook.
When the busy station becomes idle it is automatically connected to the
originator and rings his set. A distinctive ringing code is used.

This feature only applies if both the originating and terminating MDC
stations are served by the same DMS-100. Both stations must belong to the
same customer group.
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01-02-1256A Last number redial

The last number redial feature enables a subscriber to redial the last called
number by dialing a single digit rather than the entire number. This feature is
available in the MDC environment for both 500/2500 sets and electronic
business sets.

01-02-1260A Automatic recall on MDC

This CLASS feature will permit a customer to have a call automatically
returned to the last calling party. If the customer’s last calling party is busy
when the recall attempt is made, the call is queued until both the customer
and the last calling party are idle. When this occurs, the system will re-ring
the customer. When the ringback is answered, the last calling party receives
power ring, and when answered, the call is completed.

CLASS features are based on Signaling System No. 7 and its ISDN user
part.

01-02-1265A Executive busy override (EBO)

This feature allows a station to gain access to a busy station by flashing
during busy tone and dialing a feature code. The EBO originator must be an
MDC line, connected to busy tone, and assigned the EBO line option. The
EBO terminator must be an MDC line in the same customer group as the
originating line, in the talking state, connected to a line or trunk and not
assigned the Executive Busy Override Exempted (EBX) option. EBO
warning tone is provided to alert the terminator prior to establishment of a
three-way connection.

01-02-1270A Distinctive ringing/call waiting on MDC

This CLASS feature permits a customer to obtain a distinctive alerting/call
waiting indication when called by a selected list of directory numbers. The
selected list of directory numbers may be 7 or 10 digit DNs or may be a
function of a group of stations belonging to one customer or may be
geographic in preference by NPA/NXX. On an originating basis the

customer may dial an access code prior to the called station so that the called
party receives distinctive ringing or tone.

CLASS features are based on Signaling System No. 7 and its ISDN user
part.

01-02-1300 Multiway calling service features

01-02-1301 Three-way calling (TWC)

Three-way calling is a feature that allows a station in the talking state to add
a third party to the call without operator assistance. To add a third party to
the call, the three-way calling customer flashes the switchhook once to place
the other party on hold, receives special (for example, stutter) dial tone, dials
the third party’s telephone number, and then flashes the switch hook again to
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establish the three-way connection. The second switchhook flash may occur
any time after the completion of dialing.

After the three-way connection has been established, the customer with the
service activated may disconnect the last party added by a single switchhook
flash. The customer with the service activated may terminate the three-way
call by disconnecting. Should either of the other two parties hang up while
the service-activating customer remains off-hook, the three-way call is
returned to a two-party connection between the remaining parties.

01-02-1302 Recursive calling
Recursive calling permits an individual line or a two-party customer to ring
and establish a talking connection with the other extensions on that line.

01-02-1302A Three-way calling enhanced

This feature enhances the basic 3WC service (Feature 01-02-1301) to
include recursive 3WC capabilities. A noncontrolling party in an existing
three-way call is allowed to flash and add another party, thus linking
(chaining) two or more three-way conference bridges together.

01-02-1304 Usage-sensitive — three-way calling

This feature will allow a subscriber to activate three way calling and be

billed on a per usage basis. To activate the Usage Sensitive Three Way
Calling feature, the customer goes off-hook, dials a service access code,
receives recall dial tone, and places two calls in sequence as in normal 3WC.

01-02-1305 Add-on — transfer and conference calling

Add-on Transfer and Conference Calling Features provide, to the user, the
capabilities to handle more than one call at a time on a given line. The
features included in this FSD provide the capability to hold a call and
originate an additional call (Call Hold), the capability to form a three-way
conference (for example, Three-Way Calling), the capability to redirect a
call to another line (Call Transfer), and the capability to create a larger
conference (Conference Calling-Six-Way Station Controlled).

01-02-1310 Add-on — consultation hold — incoming only

Add-on is three-way calling excluding intragroup calls. When the call does
not meet this criteria the flashes of three-way calling are ignored by the
system.

As in three-way calling, the add-on feature allows “consultation- hold”
whereby the incoming call prior to the third party add-on is retained in hold,
and private consultation between the called and third party is in effect. A
subsequent called party switchhook flash removes the hold and enables the
three-way transmission path. Once the three-way connection is established,
normal TWC operation is provided.
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01-02-1320 Call transfer individual — all calls

A business customer group station user may transfer any established call to
another station. The station user may make the transfer by hanging up or
may utilize a switchhook flash to consult with the third party prior to
transferring the call.

This assignable feature also includes three way calling.

01-02-1321 Call transfer — internal only

This service is a restricted form of the call transfer — all calls feature. It is
available to members of an MDC customer group and restricts the allowable
transferred-to-terminals to those which are also members of the customer
group. The called party system interaction is similar to that during TWC
except that when the party with the feature hangs up the incoming or
outgoing call is transferred to the third party. The system will disconnect all
parties when a transfer is attempted to any party outside the group.

01-02-1322 Call transfer — individual — incoming only

This is a variation of the call transfer feature which provides the capability
to restrict a station’s call transfer feature so that only calls from outside the
customer group to the station may be transferred.

01-02-1323 Call transfer — outside

This service permits business group stations to transfer calls to stations
outside of the business group when the original connection originates or
terminates outside the business group or intrabusiness group. Call transfer
on controlling party disconnect occurs only if at least one remaining
terminal has received valid answer supervision and one terminal remaining
on the call will guarantee control of supervision.

01-02-1324 Call transfer — add-on to fully restricted station

This feature allows a station user with three-way Conference/Call Transfer
feature to transfer calls to restricted stations (that is, stations with the Denied
Termination option assigned).

01-02-1325 Call transfer — inter-centrex screening
This service restricts transfer calls originating outside the business group
only to extensions within the Centrex complex. See Feature 01-02-3000.

01-02-1326 Dial transfer to tandem tie line

The call transfer feature is compatible with tie lines. When the consultation
hold function is invoked and dial tone is obtained, the station which
normally has access to tie lines may dial a call through the tie line and after
using the three-way calling feature, transfer the original call over the tie line.
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01-02-1330 Call transfer attendant

A station user connected to an incoming call can recall the attendant, by
either flashing the switchhook or flashing the switchhook and dialing 0, to
transfer the call to another station line.

01-02-1340 Conference calling — six-way station controlled

This feature enables an MDC station user, after dialing a conference access
code, to sequentially call up to five other parties and add them together to
make up a six-way call. The procedure followed by the station user after
dialing the access code consists of calling each party, consulting with them
privately, and then adding them to the conference. To add additional parties,
the originating station user flashes the switchhook, receives a distinctive dial
tone, and dials the next potential conferee. The conferees can include lines
within the customer group, lines belonging to other customer groups, and
stations reached through trunks. A variation of this feature is planned for
POTS subscribers.

01-02-1341A Station controlled conference

01-02-1342A Conference calling — station controlled 30-party

This feature enables an MDC station user to establish a conference call of up
to 30 conferees without the assistance of the attendant. Seven feature
variants exist, allowing the station (based on its feature assignment) to
establish a conference consisting of 6, 10, 14, 18, 22, 26 or 30 parties. The
conferees can include lines in the same conference group, lines belonging to
other customer groups, and stations reached through trunks.

01-02-1343A Conference calling — meet-me

A station in a DMS-100 business customer group can arrange a meet-me
conference consisting of up to six parties or up to 30 parties (customer group
option) by obtaining the DN of a conference bridge from the attendant, if

one has not been previously assigned to the station user. At the specified
time of the conference, all conferees can then dial the directory number and
be connected together in a conference.

01-02-1344A Conference calling — preset

This feature allows an MDC station, trunk or attendant console to establish a
preset conference with up to 25 conferees by dialing a specific directory
number and invoking simultaneous ringing of the pre—selected conference
numbers. The conferees are specified in advance in a data table indexed by
the conference DN. When the first conferee answers the conference begins.
As others answer they too are added to the conference. The conference is
terminated when all of the conferees have disconnect
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01-02-1350 Call hold (CHD)

Call Hold (CHD) allows an MDC station user with a 500/2500 set to put a
call on hold by flashing the switchhook and then dialing a hold code, for
example, 9. This frees the line to originate another call. Only one call per
station line may be held at a time. The held call cannot be added to the other
call; however, the user can toggle between the two calls. The original
connection can be retrieved by dialing the hold code a second time. If the
station user hangs up with a party on hold, the user will be rung back and
reconnected to the held party when answered.

01-02-1352A Permanent hold (HLD)

This feature allows an MDC station user with a 500/2500 set to hold one
active call against its own directory number without attendant assistance.
This is done by the station with the permanent hold option (HLD) flashing
and dialing the permanent hold access code. The holding station may then
go on-hook, but cannot perform other tasks such as originating a second call,
etc. The held call may be retrieved from the same station by going off-hook.
A reminder ring and recall options are available with this feature.

01-02-1400 Call forwarding features

01-02-1401 Call forwarding variable

With this feature calls attempting to terminate to a line are redirected to
another customer specified line served by the same office or by another
office. The customer must activate and deactivate the forwarding function
and specify the desired terminating address during each activation
procedure. When activated, calls forwarded while the line is idle cause a
short (approximately 0.5 sec.) ring on the forwarding line as a reminder that
the service is active.

If the call from the calling party to the forwarding line is chargeable, the
calling party is billed for that part of the call. If the forwarded leg of the call
is chargeable, the forwarding line is billed for the forwarded leg of the call.

01-02-1402 Remote call forwarding (RCF)

With the RCF feature, all calls to a telephone number are always forwarded
to a remote address. This service is similar to call forwarding service with
these exceptions:

1 forwarding is always activated and not controlled by the customer

2 no local office terminal is associated with the dialed number from which
forwarding occurs

The number of simultaneous calls which can be forwarded from a specific
RCF directory number is definable up to a maximum of 512 through the
DMO process.
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RCF calls are billed on a per call basis. If the office is equipped with Local
Automatic Message Accounting (LAMA), then regular LAMA billing
procedures are used. If not, then the calls are routed over a separate
Centralized Automatic Message Accounting (CAMA) trunk group which is
used exclusively for RCF calls. The separate trunk group is provided to
prevent calls encountering ANI failure being routed to the CAMA operator
at the CAMA office.

01-02-1403 Call forwarding — usage sensitive pricing

This feature will allow subscribers to use call forwarding and be billed on a
per usage basis rather than a flat rate monthly basis. The difference between
subscribers who are flat rate users and those who have usage sensitive
pricing is determined by the AMA billing record in conjunction with the
telephone operating company downstream processor.

01-02-1404 Call forwarding — busy line (CFB)

When a DMS-100 business group station with the CFB feature is busy,
terminating calls are automatically routed to a predefined station within the
customer group.

Three options are available to stations with this feature:

1 Allcalls (DDD, tie trunk, intragroup calls) will be forwarded if the base
station is busy.

2 Intragroup calls will receive busy. All other calls will be forwarded

3 External (outside the customer group) calls will receive busy. All other
calls will be forwarded.

01-02-1405 Call forwarding — busy line inhibit make busy

This feature associates a new Make Busy feature key with a line that has
Call Forward Busy (CFB) or Call Forward Busy Line (CFBL) service. When
the key is activated, all incoming calls to the base station are always call
forwarded, regardless of the busy idle status of the base station.

01-02-1406 Call forwarding — busy line inhibit line busy

This feature is implemented by service order and introduces the following
two new line options — Inhibit Make Busy (IMB) and Inhibit Line Busy

01-02-1407 Call forwarding — don’t answer — all calls

For a DMS-100 business customer group station with the Call Forwarding —
Don’t Answer feature, a terminating call is automatically routed to another
designated station within the same customer group or to the attendant if the
call is not answered within a prescribed time. The answer time-out interval
(12 to 60 seconds) may be specified on a per line or per customer group
basis.
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Three options are available to stations with this feature:

1 All calls (for example, DDD, tie trunk, or intragroup calls) will be
forwarded if the base station does not answer within the prescribed time.

2 Intra-group calls will continue to ring the idle station. All other calls will
be forwarded.

3 External (outside the customer group) calls will continue to ring.
Intra-group calls will be forwarded.

01-02-1408 Call forwarding over private facilities

This feature is only applicable to centrex customers who possess call
forwarding service and dial access to private facilities. Normally, during the
activation of call forwarding, the desired rerouting directory number is
specified during the activation procedure and the calls are placed and
re-routed over the DDD network. If the centrex customer possesses private
outgoing facilities such as FX lines, WATS, CCSA, etc., and has dial access
to these facilities, this feature will permit the customer to use the private
facilities during the call forwarding activation process. The customer dials
the call forwarding activation code, followed by the private facility dial
access code, followed by the desired directory number. This feature includes
the optional capability for validation of the forward-to number.

The following validation options are offered on a customer group basis:

« Terminating Validation—Call completion results in activation with
subsequent call forwarding of incoming calls being made over the
private facilities. Failure of call completion requires a subsequent
activation within two minutes in order to produce activation.

+ Routeable Validation—The forward-to number is translated to validate
routeability, no call is placed.

« No Validation—Forward-to number is not validated.

Billing of forwarded calls occurs as in normal call forwarding, however,
there are no DDD charges associated with the forwarded leg since private
facilities are used.

01-02-1409 Remote activation of call forwarding

A customer subscribing to call forwarding may optionally obtain the remote
activation feature, which will provide a dedicated DN per local switch that
can be used for remote activation. Any customer may place a call to this
remote activation directory number from any station. Calls to this number
are answered with a tone or announcement. The caller then dials, through
DTMF, their base DN followed by a security code. If the dialed DN and
security code match and the customer subscribes to remote activation,
confirmation tone followed by dial tone is returned. The customer
subscribing to remote activation to call forwarding proceeds with the call

PLN-5001-001 Standard 02.09 February 2000



Features 3-31

forwarding activation/deactivation procedure as if at home. This capability is
available to both POTS and MDC stations.

01-02-1410A Selective call forwarding on MDC

This CLASS feature allows customers to have only those calls which are
from selected parties forwarded. The Selective Call Forwarding (SCF)
customer specifies the callers which are to receive special treatment by
including their DNs on a screening list. If a call is received from a DN on

the customers SCF screening list, the call is forwarded to the remote station.

CLASS features are based on Signaling System No. 7 and its ISDN User
Part.

01-02-1420 Call forwarding — incoming only

When a station assigned Call Forward, Busy is busy, all calls are forwarded
to a predetermined station within the customer group. An option is available
with this feature to prevent the forwarding of intragroup calls. Where a high
proportion of incoming calls are of an intragroup origin, this option prevents
the remote station from being flooded with calls. This applies where several
stations have Call Forward, Busy or Call Forward, No Answer activated to
the attendant station. When the base station does not answer an incoming
call within the time prescribed by a customer group, the call is routed to
either a remote station or the attendant station. An option is available with
this feature to prevent the forwarding of intragroup calls to a remote station

01-02-1421 Call forwarding — within group only

This feature is a modification of basic call forwarding service in that it
validates, at the time that DMS-100 attempts to forward the call, that the DN
to which the call is to be forwarded is an intra-group extension number. If
this is not the case, the call is routed to treatment

01-02-1430 Call forwarding — busy line — incoming only

This subset of the call forwarding — busy line feature (Feature 01-02-1404)
permits forwarding of external (outside of the customer group) calls only.
Intra-group calls which attempt to terminate to the busy station will receive
busy treatment.

01-02-1440 Call forwarding — don’t answer — incoming only

This subset of the Call Forwarding — Don’t Answer feature (Feature
01-02-1407) permits forwarding of external (outside of the customer group)
calls only. Intragroup calls will continue to ring the idle line.
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01-02-1450 Call forwarding — sub-features

Call Forwarding sub-features, (CF) provides its customers with the ability to
redirect calls automatically from the customer’s network address to another
network address. Sub-features of CF provide, for example, redirection of
calls when the user’s address is busy or redirection of calls when the user
does not answer. Sub-features of CF include:

« Call Forwarding Variable (CFV) (Feature 01-02-1401)
+ Remote Call Forwarding (RCF) (Feature 01-02-1402)

« Call Forwarding — Usage Sensitive Pricing (USCF) (Feature
01-02-1403)

« Call Forwarding Busy Line (CFBL) (Feature 01-02-1404)

« Call Forwarding Busy Line — Inhibit Make Busy (CFBL) (Feature
01-02-1405)

+ Call Forwarding Busy Line — Inhibit Line Busy (CFBLILB) (Feature
01-02-1406)

+ Call Forwarding — Don’t Answer (CFDA) (Feature 01-02-1407)

« Call Forwarding Over Private Facilities (CFPF) (Feature 01-02-1408)

« Call Forwarding — Incoming Only (CFIO) (Feature 01-02-1420)

« Call Forwarding Intragroup (CFIG) (Feature 01-02-1421)

+ Call Forwarding — Busy Line — Incoming Only (CFBLIO) (Feature
01-02-1430)

+ Call Forwarding — Don’'t Answer — Incoming Only (CFDAIO) (Feature
01-02-1440)

« Call Forwarding Variable — Basic Business Group (CFVBBG) (Feature
01-0201451)

01-02-1451 Call forwarding — variable — basic business group

This feature provides business group customers with the ability to activate
and deactivate a business group version of the Call Forwarding Variable
(CFV) feature (see Feature 01-02-1401). This feature enables Meridian
Digital Centrex Call Forwarding, Intragroup (CFIl) to automatically validate
the directory number entered as the forwarding DN when a MDC station
activates CFU/CFI. The following validation options are offered only on a
customer group basis:

« no validation of forward-to-DN (current option)

- validation of the correctness of the DN as a routeable number (routing
option)

- validation by attempting to complete the call to the target station upon
feature activation (terminating option).

PLN-5001-001 Standard 02.09 February 2000



Features 3-33

01-02-1452 Overflow registers for remote call forwarding
Overflow registers are provided in the DMS-100 Family and are inherent in
the Operational Measurement features.

01-02-1500 Compatibility with radio and concentrator systems

The DMS-100 is compatible with various radio and concentrator systems.
Nortel Networks will, upon request, advise of the compatibility of a
particular system being considered for application.

01-02-1600 International direct distance dialing (IDDD)

01-02-1601 IDDD through an operator system

This feature provides for routing and customer charging of IDDD calls
through an operator system. The arrangement provides for direct dialing of
station-to-station calls without operator assistance (except for calling party
identification where required) for individual, two-, four-, and eight-party,

and other customer line types. The arrangement also provides for coin calls
and special toll calls, such as person-to-person calls, and calls where the
domestic operator can request, in advance, overseas operator assistance.

IDDD calls routed through an operator system are billed through the
operator system and require ANI. The calling number must be forwarded to
the operator system through ONI when it cannot be done with ANI.

This feature is implemented through DMS-100 translations, primarily the
pre-translator (see Chapter 4).

01-02-1602 IDDD local billing control

International direct distance dialing local billing control provides for
customer dialing of station-to-station overseas calls without operator
assistance. Customers dial 011 to indicate a direct dialed station-to-station
call followed by a seven- to 12-digit international number consisting of a
country code and a national number. Calls with invalid country codes are
screened out. IDDD calls are routed to an international gateway. Billing
information is recorded by LAMA or forwarded to an automatic message
accounting center, depending on the billing methods used by the local office
for domestic calls. Operator assisted international calls (prefixed by 01) and
special international toll calls (prefixed by 010) are routed through (and
billed by) the operator system.

01-02-1700 Flat rate charge service

Flat rate charge service is a feature that, for a fixed monthly charge, permits
an unlimited number of completed calls from a local non-coin line to a

group of specific destinations. The group of destinations is referred to as a
flat rate area and is usually located within a geographic boundary
surrounding the central office. Two or more flat rate areas may be specified
for a central office with some destinations assigned to more than one flat rate
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area. No charge recording is required for completed calls to destinations
within the originator’s flat rate area.

01-02-1800 Message rate charge service

Message rate service is a feature which facilitates charging of local calls.
Lines subscribing to this service are billed an amount proportional to the
number of local calls. Toll calls are recorded for normal toll billing.

Message rate service is available in DMS-100 on an individual line basis by
line class-of-service. Full detailed billing records are provided for local calls
from message rate lines. Message rate service requires the DMS-100 to be
equipped with LAMA.

Multi-Unit Message Rate (MUMR) service whereby a subscriber has access
to several message rate areas or destination code groups is available for
DMS-100. The group of destination codes is referred to as a message rate
area and may include single message unit and multi-message unit destination
codes. A message rate area may include several destination codes from the
Home Numbering Plan Area (HNPA) and selected destination codes from
Foreign Numbering Plan Areas (FNPASs) (see Chapter 6).

01-02-1900 Customer premises message registers

This feature provides the capability to operate remotely a customer premises
message register to visually display the accumulated number of calls
originated from certain lines. Full detail billing records are provided for

local calls from message rate lines. The number of message units assigned to
each destination code within a message rate area is available to the system.

The customer can have the capability to reset the message rate register.

With the availability of the MUMR (Feature 01-02-1800) a customer
premises message register may be arranged to display the accumulated
number of message units expended on calls from that line.

01-02-2800 Call pickup features

01-02-2801 Call pickup

An MDC station may answer a call which has been terminated to another
station in its Call Pickup group. This is accomplished by dialing a pickup
access code while the called station is being rung. If more than one station in
the group is being rung, the order of pickup is dependent on the linking of
the station numbers (it is circular).

The user must be idle prior to dialing the pickup code. If the station is busy,
then the old call must be terminated or held (using the Call Hold Feature
01-02-1351) before the new call can be picked up.
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01-02-2802 Directed call pickup — barge-in (DCBI)

The DCBI feature permits an MDC station to answer a call that is ringing

any other line within the same customer group and served by the same DMS
switch.

To answer a ringing set within the same group, the station dials the feature
code followed by the extension number of the ringing line. If the called
station has already answered the call by the time the instigating station has
completed the pickup sequence, the instigating station will barge-in to the
answered call and be connected into a three-way call. A warning tone may
be applied to both parties of the existing call before the activating station is
barged-in. Application of this tone is a customer group option. This feature
is available to an MDC user with either a Dial Pulse/Dual Tone
Multi-frequency (DP/DTMF) set or an electronic business set.

A terminating line option, directed call pickup barge-in exempt, blocks any
attempt by another station with this feature to barge-in.

A terminating line option, directed call pickup exempt, blocks any attempt
by another station to pick up a call by means of directed call pickup, either
barge-in or non barge-in.

These options are station features; neither can be assigned to attendant
consoles.

01-02-2803 Directed call pickup without barge-in

The Directed Call Pick-Up Non-Barge-In feature permits an MDC station to
answer a call which is ringing any other line within the same customer group
and served by the same DMS switch. This feature is available to an MDC
user with either DP/DTMF set or electronic business set.

To answer a ringing set within the same customer group, the station dials the
feature code assigned to directed call pickup followed by the extension
number of the ringing line. If the line being picked up has already answered,
the party dialing the pickup code is routed to reorder.

01-02-2804 Trunk answer from any station

With this feature, an incoming call to the listed directory number of a
DMS-100 business customer group will ring one (or more) suitably located
common audible device(s) when all attendant positions are unattended. Any
customer group station, subject to class-of-service restrictions, may answer
the call by going off-hook and dialing an answer code. The answering
station may complete the call to another station in the customer group by
means of call transfer.

01-02-2900A Call park features
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01-02-2901A Station call park

This feature allows an MDC station user to park a call against their own
directory number. The parked call may then be retrieved from any station in
the customer group by dialing a code and the directory number against
which it is parked.

01-02-2902A Directed call park

This feature provides the capability for an MDC station user to park an
active call against a directory number other than his own. The user parks the
call by dialing a feature activation code followed by the valid MDC

directory number that the call is to be parked against. The call can then be
retrieved from any station in the customer group by dialing the call park
retrieval code and the directory number against which it is parked. An option
of requiring a security code for retrieval of the parked call is provided.

01-02-3000 Centrex complex

MDC stations in different customer groups may call each other using
abbreviated dialing, in the same manner that callers in the same customer
group may call each other by dialing two through five digits. The customer
group dialing plans must be non-ambiguous, the same four-digit extension
cannot appear in the different customer groups. In addition to this basic
capability, the MDC customer group transparency feature provides the
ability to associate multiple customer groups with a single common
“complex”. This feature will enable the operating company to define

through datafill the degree of transparency in dialing and feature operation
between various customer groups in the same switch. Each customer group
can be transparent to other customer groups on the switch, transparent to
some subset of the other customers, or non-transparent to other customer
groups. Calls between customer groups which are defined as transparent to
each other are treated as intragroup calls. Intra/inter-group distinctions in
feature operation are enforced accordingly.

01-02-3010 Airport centrex service
See Centrex Complex (Feature 01-02-3000).

01-02-3020 University dormitory service
See Centrex Complex (Feature 01-02-3000).

01-02-3100 Main — satellite service

When a business customer receives business group service at two or more
separate switching systems in the same geographic area, but wishes to obtain
the same service as if he/she were served by a single switch, main-satellite
operation is provided. One of the business customer serving switches is
designated as the main and all attendant services are provided from this
location. The other serving switches are designated as satellites and all
attendant functions are remoted to the main location. Only the main location
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has a listed directory number and all Direct Inward Dialing (DID) calls are
completed through the main. All the switches are interconnected through the
tie trunks for intercom dialing between locations. A separate tie trunk group
is used for attendant completed calls, DID calls, and dial O calls to the
attendant, at the main. Switches serving as satellites should be able to route
all requests for attendant service to the main location. Switches serving as
the main should be able to recognize calls from tie trunks and flashes over
the special tie trunk groups as requests for attendant assistance.

01-02-3200 Attendant service

The Network Attendant service (NAS) feature enhances current Attendant
Services by enabling the attendant to extend control over calls where the
attendant and other callers are Connected to different switches but are in the
same customer group.

01-02-3300 Release link operation
(Planned for future release — BCS to be determined)

01-02-3400 LATA wide centrex
(This feature planned for BCS33 release.)

This feature allows Extended Area Service (EAS) and Meridian Digital
Centrex (MDC) types of traffic, each including multiple customer groups, to
be served by one trunk group. The result is increased trunking efficiency and
simplified provisioning and administration.

CCS7 shared trunking allows a trunk group to maintain the private or public
network identity of each call while carrying multiple traffic types and
multiple customer groups. The presence of the new CCS7 parameter called
Multiswitch Business Group (MBG) gives each private call its own identity.

In addition to providing transparent support of many of the features
associated with ISUJP MDC trunking, for MBG calls routed over POTS
trunks, some of the customer features that are currently only supported over
ISUP MDS trunks are also supported, including:

« Connected Number Display
« Connected Name Display

+ Reason Display

+ Network Ring Again

01-02-3500 Improved centrex industrial package

01-02-3900A LATA wide centrex billing

This feature enhances the service feature field (Table 12) of the Bellcore
AMA Call Code 032 to include information relating to the number of
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subscriber digits dialed. This provides the telephone operating company with
a method of billing multi-location centrex users (within a LATA) who chose

to utilize the Public Switched Network for their private inter-company
communications.

In a LATA wide billing configuration, supported originators (MDC lines,
attendant consoles, and virtual lines through Direct Inward System Access)
are routed through a VFG which has been designated as a Tandem Tie Trunk
(TDMTT) facility. The information contained in service feature field Call

Code 032 serves as an indication that the TDMTT service is provided

through the DDD network as opposed to private point-to-point tie line
facilities.

01-02-4100 Customer owned premises wiring acceptance test

(COPWAT)

The Customer Owned Premises Wiring Acceptance Test (COPWAT) permits
a telephone customer to make a dial tone and ringback test to verify that
premises wiring from the Network Interfaces (NI) has been installed
correctly. A rotary or DTMF dial telephone set that responds to 20 Hz
ringing is used to make this test.

02-00-0000 Private facility access and services
02-01-0000 Private facility access

PVN allows Local Exchange Carriers (LECS) to provide business customers
with Private Network functionality that uses any combination of public
network and leased facilities through a cost effective customized network
from his telephone operating company with access on a per call basis to any
interexchange carrier (IEC) or private virtual network for interLATA needs.

In conformance with Bellcore specification TR-TSY-000402 (Issue 1, Nov.
1987), PVN service can be provisioned at a DMS-100 end office or a
DMS-100/200 access tandem. The DMS-100 Family Service Switching
Point (SSP) interconnects over a CCS7 network with a centralized PVN
database at a Service Control Point (SCP) conforming to Bellcore
specification TA-TSY-000460.

With PVN enhancements, the following additional features can be
provisioned:

The DMS-100 Family SSP accepts Automatic Identification of Outward
Dialing (AIOD) signaling from a subtending PBX and inserts the specific
DN of the calling station into the PVN database query.

Special users can have their line exempted from the Automatic Call Gapping
controls that are implemented during network overload.
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CCS7 Trunk Interworking allows the DMS-100 Family SSP to accept PVN
calls incoming over CCS7 facilities (see the CCS7 Trunking)

Access to Meridian Network Centrex (MNC) features MNC/PVN
interworking provides PVN access to Number Delivery, Name Delivery and
Network Ring Again.
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02-01-0010 Foreign exchange (FX) lines

An FX line terminates in a distant central office different from the one which
would normally provide service to the customer. The customer pays monthly
mileage charges for the distance between the normal serving office and the
distant (foreign) exchange office to be served from. A customer originating a
call on the foreign exchange line essentially draws dial tone from, and dials
into the distant exchange and all calls are billed as if dialed from that distant
central office. In the DMS-100, FX service may be provided over external
facilities connected to an analog line card or may be provided using direct
digital interface. 800 service is a terminating-only service that allows a
subscriber to receive message calls originating within specified service
areas, with the call charges billed to the called party instead of the calling
party. The service is provided to one or more dedicated access lines. The 800
service billing information and appropriate service measurements are
registered by the AMA recording arrangement serving the terminating
exchange. See Chapter 4.

20 02-01-0021 800 Service — virtual facility group (VFG)

With this feature, the number of simultaneous 800 service (see Feature
01-02-0020) calls is restricted by software VFG rather than by the physical
size of a dedicated trunk group. This service is only applicable to MDC
customers.

02-01-0022 Regulatory — two way WATS

This feature provides Wide Area Telephone Service (WATS) capabilities to
the residential environment. The capabilities provided are Enhanced
Outward WATS (EOW), Enhanced Two Way WATS (ETW), Inward WATS
(INW), Outward WATS (OWT) and Two Way WATS (2WW).

With this feature, the Enhanced WATS capability can be provided to the
residential environment by adding the Enhanced WATS package.

02-01-0030 Outward Wide Area Telecommunication Service

(OUTWATYS)

OUTWATS is provided over one or more dedicated access lines to the
serving central office. The service allows customers to make calls to a
certain zone(s) or band(s) on a direct dialing basis for a flat monthly charge
or for a charge based on accumulated usage. Outward WATS lines can dial
station-to-station calls directly to points within the selected band(s) or
zone(s), or to reach a WATS operator for assistance.

02-01-0031 OUTWATS - virtual facility group (VFG)

With this feature, the OUTWATS service as described in Feature
02-01-0030, is not provided by a dedicated trunk group. Instead, the
OUTWATS traffic shares a trunk group with other outgoing traffic. The
restriction on the number of simultaneous OUTWATS calls is achieved by a
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virtual facility group, whereby the switching system keeps track in software
of the number of simultaneous OUTWATS calls and routes to reorder the
attempts that overflow the VFG size. This service is only applicable to MDC
customers.

02-01-0040 Tie facility access

In the DMS-100 system dial access by stations and/or the attendant may be
provided by cut-through or senderized operation. Digits dialed after the
access code are received by the distant customer group switch and are
treated as if they were originated by a station in the distant switch. Calls
incoming over the tie trunk from the distant switch are interpreted in
accordance with the customer group dialing plan.

02-01-0110 Electronic tandem service (ETS) access

When a customer subscribes to ETS at a distant switch, an MDC customer
group served by the DMS-100 may desire access to that ETS. The access is
provided using private facilities. Stations or the attendant in the MDC
customer group dial the ETS access code and are cut through to the tie line
connecting to the ETS switch. Further dial tone and digit collection are
accomplished by the distant ETS switch according to the ETS dialing plan
and features assigned to the tie line. The DMS MDC system recognizes
seizure and performs digit collection and interpretation through the customer
group dialing plan for calls terminating from the ETS through the tie lines.

02-01-0120 Enhanced private switched communication service

(EPSCS) access

When a customer subscribes to EPSCS, the DMS-100 MDC system
provides for the ability to terminate access lines to the EPSCS switch. These
access lines provide for station and/or attendant origination capabilities and
network call completion capabilities. The customer group stations dial the
EPSCS access code and gain cut-through access to the EPSCS facilities
using the dial access to private facilities feature (see Feature 02-01-0150).
Second dial tone is provided from the distant EPSCS switch and the
remaining dialed digits are passed or repeated through the local office to the
EPSCS switch. The DMS-100 will recognize a seizure of the access line,
collect digits, and interpret them through the customer group dialing plan for
calls terminating from the EPSCS switch.

02-01-0130 AIOD for EPSCS access
(This feature is currently not planned.)

02-01-0140 Common control switching arrangement (CCSA)

access

When the customer has subscribed to a CCSA service, a facility is
subscribed which provides access to the CCSA network. The access lines(s)
provides the capability for stations of this customer to gain access to the
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CCSA network and/or to receive calls from the CCSA network. Access to
the network may be through the attendant, restricted to attendant access, or
by the station on a dial-up basis (using the dial access to the private facility
feature). When dial access is provided, it may be cut through or senderized.
The station dials the access digits (usually the single digit ‘8") and after an
optional second dial tone completes dialing per the CCSA numbering plan.
The DMS-100 will recognize a seizure of the access line, collect digits, and
interpret them through the customer group dialing plan for calls terminating
from the CCSA switch.

02-01-0150 Dial access to private facilities

When a Centrex customer has private facilities, these may be directly
terminated to various customer premise equipment such as a telephone, key
set, or Private Branch Exchange (PBX). As an option the Centrex customer
may choose to have the facility terminated at the central office and have
access to the facility by dialing a unique access code per facility. Thus the
customer may go off-hook, dial the appropriate access code, obtain a second
dial tone and dial the call as if he/she were directly connected to the selected
facility. The private facility may be accessed on a cut-through or senderized
basis. In cut-through operation, the DMS-100 seizes the private facility upon
recognition of the access code and passes or repeats customer dialed digits.
In senderized operation the DMS-100 collects customer dialed digits; seizes
the appropriate private facility and then outpulses the dialed digits.

02-01-0160 Tandem tie facility dialing

When a business has several business customer groups located in different
switches and inter-connected by dial repeating tie facilities, the customer
may request the MDC cut-through dialing feature. This feature is provided
by the DMS serving the customer group which has tie lines to two or more
different locations. This feature permits calls coming into the customer
group to dial digits which are the access digits for another tie facility.
Tandem tie facility dialing returns second dial tone to the distant switch and
receives further digits which are tandemed through this office to the second
distant office selected by the access code dialed by the customer in the first
distant office. This tandeming process may again be repeated in the next
office based on the digits dialed by the originating party and the originating
capabilities assigned to the tie line in each office.

02-01-0190A Direct inward system access (DISA)

The MDC DISA feature permits selected outside callers to dial from the
switched network directly into the DMS-100 and gain access to network
facilities without attendant assistance.

The caller dials a seven- or ten-digit-DISA directory number or an
INWATS-DISA number which provides automatic answer. The caller then
enters an authorization code and the called number.
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02-01-1000 Paging services
02-01-1010 Radio paging access
This feature allows a subscriber to dial a directory number and alert a person

on the move by an audible signal from a portable radio receiver associated
with the dialed number.

The terminating office outpulses four DTMF digits on a trunk group
connected to a control unit external to the switching system. The “thousand”
numbers of the directory numbers are usually grouped in several number
blocks. The incoming call is completed to the control unit which returns
answer supervision and appropriate tones and announcements to the calling
end.

02-01-1020 Improved radio paging

This feature simplifies and enhances Loudspeaker Paging for users of
Attendant Consoles (ACs), Meridian Business Sets (MBSs), and 500/2500
sets by enabling the party being paged to respond by entering a simple
answerback code and a one or two digit call-park index code (against which
the call is parked) and allowing the paging party to talk to the party being
paged (when required), before the final connection is established by the
original caller. This feature permits MDC stations and attendants to access
customer provided loudspeaker paging equipment. Access is provided for
the following paging system configurations:

+ single paging system/single zone

+ single paging system/multiple zone

« multiple paging systems/single zone per system

« multiple paging systems/multiple zone per system

These configurations are accessed by dialing an appropriate access code, one
for each paging system. Multizone systems are supported for DTMF
outpulsing only.

02-01-1040 Code calling access

This feature permits MDC station users to access customer-provided code
call equipment by dialing an access code (Ixx) and a called party code. The
called party code is transferred to the code call equipment, which in turn
activates customer-provided visual/audible signaling devices to alert the
called party. The called party can be connected to the calling party by dialing
a code call pickup code from any unrestricted MDC station within the
system.

02-01-1050 Dictation access and control

This feature provides access to and control of customer-owned dictating
equipment by station users within a customer group.
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A code is keyed to access the dictation recording equipment and control
signals are sent by DTMF transmission lines over the voice path. Access to
dictation equipment control is subject to originating class of service
restriction.

02-01-1060 9.6 kb/s data switching

Datapath provides circuit-switched digital data services for synchronous and
asynchronous data up to a rate of 64 kb/s. It uses a standard, non-loaded,
two-wire subscriber loop for distances up to 18 000 feet (5.4 km) on 22
gauge cable. It provides Datapath users with a list of features which includes
auto dial, speed call, modem pooling, and ring again. Datapath links
computers and computer terminals through public or private networks (see
Chapter 10).

The implementation of Datapath presents the main advantages of dial-up and
point-to-point systems as it provides access through the switched network as
well as digital transmission. It offers other capabilities:

« use of existing subscriber loop (no coaxial cable) RS-232C or V.35
interfaces

« elimination of most fixed data configurations

« sharing of modems if needed to communicate with analog trunks or end
user modems (modem pooling)

- efficient use of computer ports through queuing and hunting features of
the DMS-100 Family

+ use of selected DMS-100 Family system and station features

02-01-1070 Switched modem pooling

Datapath uses the end-to-end Data Unit (DU) communications protocol to
transmit and receive data over digital facilities. Modem pooling is used to
effect data transmission between two DUs over an analog transmission path,
or to allow a DU to communicate with an end user modem. As a supplement
to the Datapath offering, modem pools are provisioned at the central office.
These pools are engineered for a desired grade-of-service, alleviating the
need for one modem per line.

Modem pooling allows the DU user to select a variety of modems with
different speeds and/or options. The modem pools are stored, processed and
manipulated by the Network Resources Selector System (NRS). The NRS
tables are datafilled by the customer to meet the customer’s needs.

02-02-0000 Private facility features

02-02-0010 Customer control

Customer Data Change (CDC) offers business users a command method of
inputting station moves and changes. This capability is provided by a secure
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partitioned access to the DMS-100 SERVORD, allowing customers access
only to their own stations for all MDC features.

In Business Network Management (BNM) application, this feature allows
the end user to control both packet and circuit switched ISDN terminals.

02-02-0020 Customer station change rearrangement

This feature allows customers to logon to the DMS-100 through dial-up or
dedicated circuits and make changes to line data. The changes will only be
allowed using the Service Order System (SERVORD). The end user will be
allowed to:

+ move station numbers

« put lines in/out of service
- add/delete line options

+ query lines and DNs

02-02-0030 Selective control of facilities

This feature allows the customer to logon to the DMS and change the
Network Class of Service (NCOS) assigned to their groups of lines, trunks
and authorization codes. As the NCOS defines the privilege level of a
particular originator, this feature permits the end user to control the dialing
capabilities of the various parts of their customer group.

02-02-0040A Customer testing of facilities

This feature allows a business group customer to access the Trunk Test
Position (TTP) level of the DMS-100 MAP for the purpose of testing that
customer’s own (private) trunk facilities. The user is restricted from testing
any facilities on the DMS other than their own private trunks and are
restricted from accessing any of the other DMS maintenance levels.

02-02-0090A Business network management interface

Business Network Management (BNM) provides enhanced network features
to the users of DMS-MERIDIAN Digital Centrex service. The functionality
provided gives the end user control over their Centrex network services from
their own premises (see Chapter 5). Nortel Networks’ Dynamic Network
Control system (DNC) with BNM software interfaces with one or several
DMS-100 MDC switches to provide such features as:

+ Call Detail Information

« Traffic Reports

« Automatic Trunk Test Reports
+ Network Status/Change

« Trunk Testing

» Killer Trunk Reports
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« Station Moves/Changes

02-02-0100A Tie trunk features

A tie trunk, by definition, connects two business customer groups. The
business customer groups may have a Central Office base service
(Centrex-CO) or they may be served by a customer premises switch. Usually
all the customer groups are branches of the same corporation. The tie line is
a wire pair terminated on the switches serving the two customer groups
which are interconnected. The tie line may be used for calls only in one
direction or both directions.

02-02-0200 Outgoing facility group queuing

The DMS-100 trunk queuing package permits improved usage of facilities
(both physical and virtual facility groups) in a private network by allowing
the calls to be queued as described in Features 02-02-0201 through
02-02-0206. The package consists of an MDC queuing feature set and a
MERIDIAN Switched Network (MSN) queuing feature set. The MDC and
MSN feature sets are packaged together and are not available as separate
offerings. All of the features of the package are available to MDC
subscribers.

02-02-0201 Deluxe queuing
See Feature 02-02-0200.

02-02-0202 Off-hook queuing (OHQ)

The off-hook queuing feature allows the caller to remain off-hook and wait
for a busy facility to become idle. Indication that the call has been placed in
gueue can be given to the caller by tone or announcement. The caller is held
in the first level of queue for a specified time (up to 60 sec.). After this time,
other options for completing the call (for example, more expensive route,
second level queue) are attempted by the switch. Four levels of queue
(maximum four minutes) may be provided.

02-02-0203 On-hook queuing

Call-back queuing (also known as on-hook queuing) provides a ring back to
the on-hook calling line when a facility for which the call is queued becomes
available. CBQ can be activated by the caller after receiving no circuit
treatment, after receiving Expensive Route Warning Tone (ERWT) (see
Feature 02-02-0360) or during the off-hook queue tone or announcement.

02-02-0204 Post-queue routing

The MDC trunk queuing package provides a mechanism for handling
gueued calls which have remained in queue the maximum interval allowed.
The options are specified by datafill and include, but are not limited to,
completion of the call over alternate facilities (for example, expensive
routes) or routing the call to treatment.
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02-02-0205 Priority queuing

In the DMS MDC trunk queuing package, distinctions are made between
Off-Hook Queuing (see Feature 02-02-0202 ) and Call-Back Queuing (see
Feature 02-02-0203). OHQ calls are always higher in priority then CBQ
calls. In addition, OHQ calls are given a priority of either O or 1. Priority 1
(usually assigned to trunks) is higher than priority 0 (usually assigned to
stations). CBQ has four priority levels: 0-3, level 0 is the lowest and level 3
is the highest. Each class of service assigned to a line has a CBQ Start
Priority (CBQSP) assigned in datafill. The CBQSP specifies at which level
in queue calls will initially be placed.

02-02-0206 Service protection

The MDC trunk queuing package provides for priority advancement to
ensure at least a minimal level of service for low priority calls.

The placement of a station on a call-back queuing request is based on its
CBQ starting priority (0-3). If a low priority call is still queued after a
specified length of time, the stations request will be dequeued and requeued
at the end of the next higher level. This will continue until the CBQ reaches
the maximum priority specified by customer datafill.

02-02-0300 Automatic flexible routing

02-02-0310 Automatic route selection (ARS)

The ARS feature allows an outgoing call from a DMS-100 business
customer group to be automatically completed by the customer’s most
preferred route available. If the primary route is busy, the ARS feature
automatically tries alternate routes. The order of search is specified by the
customer and is usually specified from the least cost route as the first choice
to the most expensive route as the last choice.

Routing alternatives available to a specific station are dependent upon that
station’s NCOS which points to a translator which, in turn, points to a route
list. ARS is based upon automatic alternate routing, but introduces the
additional feature of call queuing.

02-02-0320 Deluxe automatic route selection

Deluxe ARS provides efficient use of off-network calls. A list of facility
groups for a given destination is searched (for idle facility) in the order
specified by the customer. The routing algorithm may be arranged to take
into account time-of-day/day-of the week information in order to increase
efficiency. Calls may be routed over private or public facility groups.
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02-02-0325A Time-of-day NCOS routing

This feature provides the capability of mapping normal class of service
values into new values based on the time of day, day of week, or day of year,
as well as the capability for conditional routing based on Network Class of
Service (NCOS). This feature applies whenever requirements call for a
time-dependent NCOS; for example, a customer may wish to impose a more
restrictive NCOS on calls made after normal business hours or on weekends.

Conditional routing based on NCOS allows for flexible screening of class of
service values at the routing stage of the call. For example, calls with a more
restrictive NCOS could be routed to treatment while calls with a less
restrictive NCOS would be routed over a particular trunk group.

02-02-0330 Automatic alternate routing

Automatic route selection (see Feature 02-02-0310) and time-of-day routing
(see Feature 02-02-0320) are applicable to both off-network and on-network
calls.

02-02-0331 Uniform numbering

The simplified dialing feature allows a customer to adopt a destination code
based dialing plan for the private network of which MDC is a part. The
customer assigns a destination code to each point in the private network that
can be reached by the customer’s tandem tie trunk network.

This allows subscribers served by MDC to dial a fixed number of digits to
reach a called party, regardless of the number of points in the connection.
The dialing plan is similar to the DDD network where a subscriber dials; for
example, NPA-NXX-XXXX.

Typically, the destination code is composed of an access code to identify
access to the customer’s private network plus a location code which
identifies the end PBX. At the end of dialing, the DMS transforms the fixed
length number dialed by the subscriber into a series of access codes and the
extension number of the called party. These are then outpulsed in the
appropriate format.

02-02-0332 Off-network-to-on-network conversion

The MSN Network Automatic Route Selection (NARS) feature provides
least-cost routing to any on-net or off-net location using any suitable
combination of on-net and off-net resources. The route taken is transparent
to the user and not directly dependent on the digits dialed (see Feature
02-02-1300 for a description of MSN).

02-02-0333 On-network-to-off-network conversion

On-network-to-off network-conversion provides off-network routing of
on-network calls when no on-network path is available (for example,
because of failure or overload).
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02-02-0335A Random conditional routing

This feature provides the capability to distribute calls over several lists of
trunk groups on a percentage basis when the MDC Automatic Route
Selection (ARS) feature is provided.

ARS completes calls on the first idle trunk in a route list. Through datafill,
the operating company can specify how calls should be distributed over
several route lists, with a certain percentage going to each list.

02-02-0340 Facility restriction level (FRL)

Facility Restriction Level (FRL) provides control of access to outgoing
facility groups. Incoming facility groups and lines are assigned incoming
permission levels. Outgoing facility groups are assigned outgoing
permission levels. A particular call is eligible to use a given outgoing facility
group provided that the permission level associated with the outgoing
facility group does not exceed the permission level associated with the
incoming facility group or line. The default FRL is an integer associated
with a facility group to represent the permission level. (“Default” is prefixed
to distinguish this FRL, which is normally associated with a facility group or
line, from alternate FRLs resulting from application of a conversion table.)
Default FRLs may also be associated with Traveling Class Marks (TCMs)
and authorization codes.

02-02-0341 Attendant control of trunk group access

This feature permits the attendant to control access to outgoing trunk groups
by the operation of corresponding keys.

As stated in Feature 02-02-0340, the DMS-100 implementation of calling
privilege control is based on NCOS, LSC, and LSC flag values. Outgoing
and two-way trunk groups to which LSC is applicable are also assigned an
alternate LSC flag. When attendant control is activated, access to the
controlled group will depend on the originators LSC corresponding to the
alternate LSC flag. In this way a customer ¢ an selectively allow/deny access
to a trunk group affected by attendant control. LSC can be associated with
incoming trunks, stations and authorization codes.

02-02-0350 Traveling class marks (TCM)

The Traveling Class Marks (TCM) feature provides a mechanism for
network class of service. Two switches providing private network service to
a single customer may be interconnected over private facilities. In this
situation, the origination switch may be arranged to signal more than just
called-number information to the terminating switch (over the private
facility). The TCM represents this additional information and consists of one
or more digits appended to the called number. The purpose of the TCM is to
allow the passage of class-of-service information through the private
network and to influence call routing.
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02-02-0360 Expensive route warning tone (ERWT)

This feature provides a per-call method of controlling cost. The customer
may designate certain route list elements as expensive for a given
destination. When a call is to be routed over an expensive route list element,
the caller hears ERWT. After ERWT is heard, the caller has three options:

« remain off-hook and allow the system to complete the call on an
“expensive” route

« abandon the call by going on-hook

« activate CBQ (see Feature 02-02-0203). This places the call in queue for
the “cheap” routes

02-02-0370 Tab manual/time-of-day routing control

Provides customer control of routing algorithm. Allows manual or automatic
changes of the active list of facility groups over which automatic flexible
routing hunts to complete a given call.

See Feature 02-02-0010.

02-02-0380 Special calls

The DMS is capable of providing basic uniform numbering (see Feature
02-02-0331) plus access to special dialing patterns such as 10XXX +, 1+,
0+, 011+ and N11. The special pattern must be preceded by the off-network
access code (for example, 9).

02-02-0390 Seven-digit home numbering plan area (HNPA)

dialing

The DMS is capable of providing access to stations not on the customer
network (but within the HNPA), without the need for 10 digit dialing. The
dialed number must be preceded by the off-network access code (for
example, 9).

02-02-0400A Network speed calling (NSC)

This feature allows a customer to define a list of NSC numbers. The NSC
list is defined by using the table editor level of the Maintenance and
Administrative Position (MAP). The NSC list may be changed or added to
only from the MAP. Each customer group may define up to 1000 NSC
numbers which can be assigned, using the MAP, to on-net or off-net
numbers. The NSC numbers have priority and restriction class marks
available so that low priority users can have their calling class upgraded for
pre-programmed business destinations.

The NSC feature is accessed by the system users by means of a dialed
feature access code.
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02-02-1000 Authorization/account codes

02-02-1010 Authorization code for automatic flexible routing

(AFR)

Authorization codes are a set of digits dialed by an MDC/MSN station user
and serve the following purposes:

+ Identify an authorized user of the network and exclude unauthorized
users.

« Record an authorization code in the SMDR record for billing purposes,
analysis, and so on.

« Assign a network class-of-service designation to a person rather than to a
station or incoming trunk group. A network class-of-service is assigned
to each authorization code.

Authorization codes can be from 2 to 14 digits in length and are composed
of two parts:

« An authorization code, which can be from 2 to 10 digits. The
authorization code portion is fixed in length on a per customer group
basis.

+ A security code, which can be from 0 to 4 digits length, on a per
authorization code basis. In other words, a security code is optional on a
per authorization code basis.

Security digits, where used, always follow the authorization code. Security
digits are transparent to the user and serve to make authorization codes more
secure by seemingly varying the total authorization code digit length for a
customer group.

An authorization code entry does not give a user access to the ‘world’.
Authorization code entry gives the user, for this call only, a different NCOS.
The NCOS specifies what Code Restriction Level (CRL), LSC, and so forth
which will be applicable to any number the authorization code user
subsequently dials.

Once a valid authorization code is input, the attributes of the authorization
code, not those associated with the line or incoming trunk group, will prevail
for this call.

02-02-1020 Account codes for AFR

This feature allows a business customer group customer to add an account
number to his own MDC SMDR record for customer allocation of charges.
The account code may be entered by the station user at any point during a
call originated or terminated by the user. The SMDR record generated will
list not only the call detail but also the dialed account code. The account
code is specified by the customer and may range from 2-14 digits long;
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however, within a customer group, the number of digits in the account code
is fixed.

02-02-1030 Customer dialed account recording (CDAR)

This feature allows a customer to add an account number to their own AMA
record for customer allocation of charges on billable outward calls. The
account code can be entered: prior to dialing the called number, after dialing
the called number when prompted by a special dial tone, or during the
talking stage of the call.

Customer Dialed Account Codes are also available through SMDR (see
Feature 02-02-1020).

02-02-1100 Message detail recording

02-02-1110 Message detail recording (MDR)

Message Detail Recording (MDR) provides recording the capability of
transmitting MDR information to the operating company revenue accounting
office (RAO) in the same data stream that is used to transmit AMA billing
data. MDR data in the AMA stream allows MDR information from an
integrated business network (IBN) customer group to be transmitted to the
operating company in the same data recording stream used for AMA billing
data.

Authorization codes are used to identify the user, excluding unauthorized
users, assign a network class of service (NCOS) to a user rather than a
station and record the authorization code in either a station message detailed
recording or an AMA record fo r billing or analysis purposes.

02-02-1115 Generic requirements for MDR access interfaces

An access interface to a COSS permits the MDR customer to obtain MDR
data directly from the switching system. This feature enables the switching
system to establish a connection and to transmit the MDR data toward the
MDR customer who obtains MDR data through the MDR-CP arrangement.

02-02-1120 Message detail recording of private facility calls

through revenue accounting office (MDR using RAO)

The Message Detail Recording using Revenue Accounting Office (MDR
using RAO) feature provides a capability for transmitting Message Detall
Recording (MDR) data records to the operating company Revenue
Accounting Office (RAO) in the same data stream that is used to transmit
AMA billing data records for the switching system. As the RAO processes
the received data stream, the MDR data records are separated from the
billing data records and the MDR records are forwarded to the customer.
The MDR record data is not used for charging purposes.
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In addition to the SMDR capabilities discussed above (see Feature
02-02-1110), MDC/MSN (private facility) detail recording in th e Bellcore
AMA format is also available. This feature expands the supported Bellcore
AMA call codes to include:

+ 021 (CCSA Sampling)

+ 032 (Tandem Tie Trunks)

« 007 (WATS Station Message Detail)

- 011 (FX on AFR)

+ 085 (Electronic Tandem Switched Call)

A complete listing of the Bellcore AMA call codes supported in the
DMS-100 Family is provided in Chapter 5 of this document. Appropriate
records will be flagged for SMDR segregation.

02-02-1125 AMA data records for derivation of SMDR data at the

revenue accounting office

Station Message Detail Recording (SMDR) is a method of providing
Message Detail Recording (MDR) data for a business customer. The MDR
data is derived by the Revenue Accounting Office (RAO) through
processing of the customer’s billing records and from some records that are
not normally used for billing purposes.

02-02-1130 Automatic customer message outputting system

(ACMOS)

This feature provides an interface to a customer owned hotel/motel property
management system from the SPCS in order to provide call data. ACMOS
provides the capability to report all completed local message unit calls to the
customer for immediate billing and to identify the calling and called lines on
selected intercom calls.

02-02-1200 Traffic data provision features

02-02-1210 Traffic data to customer

The DMS-100 provides the capability to transfer Operational Measurements
(OM) over a communications link to the Dynamic Network Control (DNC)
system for the implementation of Business Network Management (see
Feature 02-02-0090).

02-02-1220 Customer polled traffic data

This feature will permit the customer, using the DMS-100 DPP, to poll the
DMS-100 and obtain a prestored set of traffic measurements relating to their
private facilities, business group, or both.

02-02-1230 Non-usage trunk scan
In the DMS-100 the killer trunk feature is provided to detect faulty trunk
circuits or facilities that are not detectable by normal call testing. The
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characteristic for analysis is abnormally long or short holding times.
Assignable registers on a trunk basis accumulate the attempts and connect
duration on the trunk. Periodically a process runs through the registers and
computes the average call holding time for each trunk instrumented.

Average Holding Time = accumulated usage/accumulated attempts

If this value is above the long holding time threshold (slow release) or below
the short holding time threshold, a report is printed identifying the trunk.
This feature will also identify trunks which are always busy (36CCS) or
always idle (0CCS).

The killer trunk feature provides information for a selected set of trunk
groups. Each trunk group CLLI is classified as being telephone company or
customer owned. Depending on this classification, the KT data associated
with a CLLI may be output through the office log system or through the
DIRP file for later polling by a downstream processor.

02-02-1240 Locked-up trunk scan
See the non-usage trunk scan Feature 2-02-1230.

02-02-1250 Automatic circuit assurance

The Automatic Circuit Assurance (ACA) feature provides a business group
customer with private facility status information. The switch compares the
duration of each private facility call to a short holding time bound and to a
long holding time bound. The switch records an ACA referral when the
number of calls with a call duration less than the short holding time bound
exceeds a short calls threshold or when a single call with a call duration
exceeding the long holding time bound is detected. The switch sends the
ACA referrals through an interface to the customer’s premises.

02-02-1260 Virtual facility group (VFG) usage data

This feature provides a unique identification number for each individual
“trunk” in a WATS simulated facility group and records the number on the
AMA tape. The number will be used to provide per “trunk” usage data to
customers. This feature applies to both INWATS and OUTWATS simulated
facilities.

The operational measurements available per VFG are:
+  VFGTOTAL—number of outgoing call attempts

+ VFGBLCKD—number of outgoing call attempts which were unable to
find an idle resource

+  VFGLSCBL—number of outgoing call attempts which were blocked by
screening code restrictions
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+  VFGTRU—indication of the amount of traffic using each VFG during
the measurement interval. The usage will be accumulated using a 100-s
scan rate. Every 100 s VFGTRU will be incremented one for each
member in the VFG which is call process ing busy.

02-02-1270 Management information system for automatic call

distribution

The Management Information System will provide selected agent/traffic
measurements for a group of stations assigned as an Automatic Call
Distribution group (see Feature 03-02-0060). Information available reflects
gueue status and agent performance, and can be used to adjust staffing
levels, forecast force requirements, optimize attendant work schedules, and
so forth. Queue and call volume data is collected and can be transmitted to
the customer premise on a near real time basis.

02-02-1280 Bulk calling line identification

This feature allows the telephone operating company to deliver key
information about incoming calls to the premises of individuals or groups of
subscribers for immediate use or for storage and later use. Available
information—sent for all lines in a BCL ID group—includes the date and
time the call was received, the calling and called directory numbers, the
busyl/idle status of the called line, and the calling line type (that is,
unigue/nonunique). The information is sent to the customer’s printer,
computer, or other customer premises equipment of an BCLID data link
using CLASS Modem Resource (CMR) technology.

02-02-1290 Automatic route selection traffic measurements

This feature allows operating companies to collect OMs on a per route basis
as well as on a per customer group basis. The queuing OMs provided by this
feature can be used as a measure of traffic on various routes.

02-02-1300 Electronic tandem switching (ETS)

Nortel Networks’ MSN features enable multi-location business customers to
establish a private communications network consisting of a number of
nodes. The nodes, which are accessible to each other through on-network
links, also have access to the public network and to specialized carriers. In
the DMS-100 context, MSN is an extension of the MDC environment.

The routing strategies used by MSN permit cost-effective use of available
network resources, least-cost routing to any on-net or off-net location using
any suitable combination of on-net or off-net resources is available. The
route taken is transparent to the user and not directly dependent on the digits
dialed.

02-02-1320 Improved electronic tandem service/network

This feature package allows MDC subscribers to access IDDD by Automatic
Route Selection (ARS) through the subscriber’s private network. Enhanced
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ARS also provides enhanced routing capabilities and allows the subscriber
to regulate access to IDDD calls at any point within the private network.

02-03-0000 Private virtual network (PVN)

PVN allows Local Exchange Carriers (LECS) to provide business customers
with private network functionality that uses any combination of public
network and leased facilities. Thus, the end user enjoys a cost-effective
customized network from his telephone operating company with access on a
per-call basis to any interexchange carrier (IEC) or private virtual network
for his interLATA needs.

In conformance with Bellcore specification TR-TSY-000402 (Issue 1, Nov.
1987), PVN service can be provisioned at a DMS-100 end office or a
DMS-200 access tandem.

03-00-0000 Attendant features
03-01-1000 Operational features
03-01-1010 Nondata Link Attendant Console

New Feature: NTX877AB AL0612 (BCS30) — Requires nondata link
console such as the Conveyant Systems TeleDesk or AT&T 50B.
MB50193.03/09.

In a business group, a particular station may be designated as an attendant by
the customer. This station may assist other stations in the business customer
group in making calls and may be designated to receive calls to the

advertised or Listed Directory Number (LDN) for the whole group.

Business group stations may access the attendant by dialing the single Digit
‘0. In order to speed call completion and aid in the identification of calls
terminating to the attendant, the attendant may be provided with a special
telephone called a console. The console may be used to terminate separate
loops from the SPSCS to aid in segregating different types of calls
terminating to the attendant (dial O calls may terminate separately from LDN
calls or there may be several LDNs). The console usually has keys with
lights and audible indicators to indicate to the attendant that calls are
terminating. Likewise, private facilities may be terminated at the attendant
console. When the console functions are entirely provided by customer
premises gear, the console is of the nondata like type.

03-01-1020 Attendant console

An attendant console may be provided for business services customers. The
console will have a line peripheral interface using three tip and ring pairs
onto three standard line circuits. One pair is used for voice and two are used
for full duplex FSK data. The line cards can be located in either a DMS-100
host office or a DMS-100 remote.
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Trunks and lines do not have direct terminations on attendant consoles; a
virtual loop concept is used. An attendant is involved only for the length of
time required to complete or otherwise dispose of a call. As soon as the
attendant keys a destination number, which can be a station served by the
DMS-100 switch, a station served by a PBX through tie trunks, or a number
accessed using the public network, the attendant can release the call from the
loop. The attendant can also hold the call on loop and make the console
available for new calls while still receiving call status information.

DMS-100 console data permits multiple console operation. A maximum of
255 consoles per DMS-100 switch can be assigned (see Chapter 5).

03-01-1030 Attendant access to code calling

This feature allows an attendant to access customer-provided code call
equipment by dialing an access code and a called party code.

The called party code is transferred to the code call equipment, which
activates customer-provided visual/audible signaling devices to alert the
called party. The called party can be connected to the calling party by dialing
a call pick up code from any unrestricted station within the system.

03-01-1040 Attendant conference

An attendant is able to initiate a conference call of up to 30 parties (excludes
attendant). The selection of a special conference attendant can be done from
any station within the same customer group by dialing a particular access
code.

03-01-1050 Attendant Camp-On (Non-Data Link Console)

This feature allows 50B attendant consoles (non-data link) served by the
DMS-100 switching system to extend incoming calls whether or not a
private announcement of the call is required. If no private announcement is
required, the attendant leaves the call in a “ring” state. However, to ensure
that the call is handled properly, the attendant is provided with a timed
reminder if the call remains unanswered. If answered, the call is
automatically released from the console loop.

03-01-1060 Attendant camp-on

This service feature allows calls incoming to an attendant console to be
transferred to a busy station by the attendant. When the attendant uses the
camp-on feature in transferring a call to a busy station, the busy station may
receive an optional indication of camp-on tone (see Feature 03-01-1070)
each time the attendant leaves the loop (release key, hold key, automatic
hold). The call being transferred is held waiting and receives, as a customer
group option, silence, an announcement or music while waiting for the busy
station to answer the call. If the called customer hangs up the station rings,
and if the user then goes off-hook, it is connected to the waiting party. If the
called customer flashes, the third party is put on hold and the incoming call
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is completed. The camped-on call may be routed back to the attendant if the
busy station has not answered within a specified period of time (12-60 sec.).
The attendant can then again camp-on the call.

03-01-1070 Indication of camp-on

Camp-on tone is a customer group option associated with the attendant
camp-on feature. When the attendant uses the camp-on feature in transfer
ring a call to a busy station, the busy station receives an indication of
camp-on tone. The tone consists of 440 Hz at —13 dBm and is applied for the
duration (0 to 1500 ms) specified for the customer group.

03-01-1075A Attendant call park

This feature allows an attendant to park calls against any directory number
in the attendant’s customer group. The parked call may be retrieved from
any station, by the attendant parking it or by another attendant by dialing the
feature access code for retrieval plus the DN against which the call is
parked.

03-01-1080 Night service

Night service routes calls normally directed to the attendant to preselected
station lines within or outside the customer group when the regular consoles
are not attended. The routing is provided to the customer on a fixed basis.
Flexible night service allows attendant modification of the night routing.

03-01-1085A Attendant autodial

This feature permits the attendant to dial frequently called numbers by
depressing a single key. Each Autodial key can have only one number
assigned to it at a time, but the console can have as many as 42 feature keys
designated as Autodial (42 being the total numbers of feature keys on the
console). Once a feature key has been designated as an Autodial key, it may
be programmed either from the console or by filling the appropriate data
tables from the MAP.

03-01-1090 Power failure transfer — attendant

The MDC Attendant Console may be powered directly from the DMS-100
peripheral module in applications where the loop length is less than 600 feet
(183 m). (Beyond this a local power supply is provided). An optional battery
backup can also be supplied, providing continued service in the event of a
customer premise power failure. If the battery backup is not provided, (in
applications of greater than 600 ft. [183 m]), calls normally directed to the
console may be transferred to the night service number in the event of a
customer premise power failure.

03-01-1100 Attendant control of facilities

The feature permits the attendant to control access by all stations to selected
trunk groups and/or virtual facility groups by operating corresponding keys.
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When such control is activated, calls to these facilities are routed to
specified treatment on a customer group basis: route to the attendant, route
to reorder tone, route to announcement.

03-01-1110 Dial through attendant

This feature allows the attendant to select the facility and pass dial tone to an
MDC station in the same customer group. The station user then dials the
called number. This feature is usually used to override outgoing station
restrictions.

03-01-1120 Attendant busy verification — stations

This feature allows the attendant to verify the busy or idle state of lines

within the customer group. When a station is busy, the attendant can break in
on the busy connection. If the station is idle, the attendant can cause the
station to be rung by depressing the signal source key.

03-01-1130 Attendant tie trunk busy verification

This feature provides the attendant with the ability to gain access to a
specific member of a busy trunk group for the purpose of verifying a busy
condition. If the trunk is idle a momentary burst of tone will be returned to
the attendant, and a call may be completed. When the trunk is busy the
attendant, upon hearing busy tone, may elect to intervene (barge-in) into the
connection and both parties involved in the busy connection will hear busy
verification tone. The attendant cannot force release the connection but may
request that the parties go on-hook.

03-01-1140 Attendant call through tests on tie trunks

(Currently not planned for release.) NTX717AB can be provided for
verification of trunks from a designated station.

03-01-1150 Attendant emergency override
(This feature currently not planned.)

03-01-1160A Attendant activation/deactivation of call forwarding

This feature allows attendants to query, activate, deactivate and program call
forwarding for MDC stations equipped with the basic Call Forwarding
(CFU) or Call Forwarding - within group only (CFI).

A console feature key must be assigned to a CFS. There are four attendant
keying sequences:

To query current state — CFS + Station DN + CFS
To deactivate — CFS + Station DN + CFS + # + CFS
To activate — CFS + Station DN + CFS + * + CFS
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To program and — CFS + Station DN + CFS + * + Call Forward
activate DN + CFS

03-02-0000 Advanced features

03-02-0010 Attendant ID on incoming calls

This feature provides for the identification, using Incoming Call Indication
(ICI) lamps on the attendant console, of LDN calls directed toward different
listed directory numbers.

03-02-0015A Priority console alerting
This feature allows an attendant to be alerted to a queued emergency call
while the console is in any of the following states:

- idle

« active on any type of call

« position busy or night service
+ programming a feature

Calls to emergency numbers can be datafilled to appear at an ICI key/lamp
on the console. Each customer group equipped with this feature can have up
to five emergency ICls assigned. The attendant is alerted that the call is an
emergency by the emergency ICI flashing. An optional audible indication is
also available.

03-02-0020 Message desk service

This feature allows attendant consoles (up to 255) to be used as the message
center for a number of MDC station users. The basic service consists of:

« automatic forwarding of calls from a station to the message center on a
busy, don’t answer and/or an all calls basis

+ direct calling to the message center

« queuing and distribution of incoming calls to individual consoles at the
message center

« display of call type, calling and called party identification at the console
+ message waiting indication at the station

An outboard device is required for message entry and retrieval by the
message center attendants.

In addition to the above capabilities, station message features are available
to MDC users as described in Features 01-02-1241 and 01-02-1242.

03-02-0030 Station billing on attendant handled calls

Station billing on attendant handled calls for all AMA records, automatically
replaces the attendant’s billing number in the AMA record with the billing
number of the “source” party. This is a business group option.

PLN-5001-001 Standard 02.09 February 2000



Features 3-61

03-02-0040 Trunk group busy indication

The feature permits the display of trunk group and/or VFG status on the
attendant console. The lamp state associated with a trunk group will be off if
one or more trunks in the group is idle, or on if all trunks in the group are
busy.

03-02-0050 Call waiting lamps for attendant

With this feature, the CALLS WAITING lamp turns on at all consoles with a
headset jacked in whenever at least one call is waiting in a queue. The
CALLS WAITING lamp will flash whenever calls are waiting in the queue
for a period greater than or equal to a customer specified threshold.

03-02-0060 Automatic call distribution

Automatic Call Distribution (ACD) allows a large number of incoming calls

to be answered by a cluster of individuals serving as an ACD group.
Incoming calls are served on a first-in basis and distributed among members
of the ACD group on a most-idle basis. The automatic call distribution

group can also be equipped with supervisory positions that allow the
supervisor to display queue status or monitor the current status of an agent.

In addition to basic call distribution capabilities, ACD is designed to meet
end user needs for management reporting and load management. ACD
extends the capabilities of the Uniform Call Distribution offering
(01-02-0805) by providing management statistics on a per agent basis in
addition to the usual per directory number statistics.

ACD is intended primarily for applications with 40 or more agents, and has

a capacity for 4000 agents per system divided among 256 ACD groups.

There can be up to 256 agents and supervisors per group, and one supervisor
can serve 48 agents. ACD can serve multiple locations through host office
and DMS remote lines.

03-02-0070 Uniform call distribution from attendant queue

This feature provides for a uniform distribution of calls from the attendant
gueue to a group of attendant consoles. As the consoles become idle,
incoming calls are distributed on a first-in, first-out basis. All new call
arrivals, including recalls to the attendant console, are placed in queue in the
order of their arrival. While queued, audible ringback is provided to the

caller by the DMS-100 except where ringing is provided by the originating
office. Audible ringing will be provided until the call is answered or
abandoned.

The length of the queue can be limited based on the maximum permissible
time that a call can wait in the queue. Calls which will exceed the estimated
time threshold are routed to either busy tone or announcement. The
diversion threshold can range from four seconds to 17 min. in four-second
increments, or be specified as infinite if desired.
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The attendant can obtain a display of the call queue status by activation of
the Display Queued Calls feature key, which indicates the number of calls
gueued to be answered and the time the oldest call in the queue has waited.
This information can be displayed for the entire attendant subgroup or for a
particular In coming Call Identification (ICI) key.

03-02-0090A Attendant console display

The console display includes a 16 character alphanumeric display to assist
the attendant in the handling of calls. The attendant console display can store
up to 32 characters, but only 16 characters are displayed at one time. For
some types of calls, the call information must be displayed in two stages. A
display control function key is provided to handle the two stage display
format. This display provides the attendant with information such as the
calling station number for station to attendant (dial “0”) calls, class of

service, the trunk group number, held call information, queue status, and so
forth.

04-00-0000 Customer switching system features
04-01-0000 Private branch exchange (PBX) line

A Private Branch Exchange (PBX) is a central office line connected to a
customer premises switching system and used as an originating, terminating,
or two-way facility for calls to/ from stations served by the PBX.

04-01-0100 PBX line interface features

The PBX connection to the DMS-100 may be provided by way of line (Line
Class Code PBM or PBX), analog trunk (trunk type P2), or digital trunk
(trunk type PX). The features available for line access are shown in the Line
Class Code (LCC) options compatibility tables included in Chapter 5. For
features available for digital trunk access, refer to 297-2101-451, section
186. Analog trunk access features are found in 297-2101-451, section 617.

04-02-0000 Direct inward dialing (DID)

DID is a feature that allows an incoming call from the exchange network
(not FX or WATS) to reach a specific PBX station line without attendant
assistance. With DID, the central office seizes a DID trunk and outpulses the
station line number to the PBX. If the called station’s line is idle, and not
restricted from receiving terminating calls, the PBX alerts the called station
and returns audible ringing on the incoming connection. If the called
station.’s line is busy, the PBX return s busy tone. If the called station is
restricted from receiving terminating calls, the incoming call is routed to an
announcement, reorder tone, or to the attendant by the PBX.

04-03-0000 Automatic identified outward dialing (AIOD)

AIOD provides a means of billing outgoing calls from a PBX to the
individual PBX stations originating the call.
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The telephone call from a PBX may appear to DMS on a PBX line or a PBX
trunk. AIOD information relating to a telephone call on a particular PBX

line or PBX trunk is provided over a separate data link between the PBX and
the host DMS-100.

There may be one or more data links between the PBX and the host office
active when standby data link configurations are available.

04-04-0000 Toll diversion
All attempted toll calls from a PBX line with the Toll Diversion Option
(TDV) will cause a toll diversion signal to be sent from the DMS-100 to the
PBX. The toll diversion signal can be either a battery reversal or an
operating company specified wink (50 to 500 ms in 10 ms units). Upon
receipt of the toll diversion signal the PBX takes the appropriate action (for
example, route to attendant).

After sending the toll diversion signal, DMS-100 waits for an operating
company defined period (nine to 1000 ms in 10-ms units) for a disconnect
from the PBX. If the disconnect signal is not received, DMS-100 advances
the call.

All toll calls or customer specified three digit codes can be diverted.

04-05-0000 Routing of hotel/motel calls

This feature provides the capability to route outgoing hotel/motel guest-line
non-coin toll calls to an operator system and promptly receive an
automatically computed record of the call charges. Hotel/motel guest-line
calls can be routed from the serving central office to an operator system over
a combined trunk group. In such case, calls from hotel/motel are identified
by the information digit “6” in the ANI signal.
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04-06-0000 Outward calling features for PBX

This customer feature allows a PBX (a customer premises switch) to take
advantage of business group features relating to outgoing private facilities.
Instead of terminating outgoing private facilities directly onto the PBX, the
customer may instead terminate the outgoing facilities at the local switching
system. The PBX is connected to the local automatic route selection and
may also include authorization codes, outgoing trunk queuing, and so on.
The PBX customer may therefore have their stations dial the outgoing
private facility access code, have the PBX seize the special lines to the local
switch, and have the local switch:

1 recognize the PBX seizure on these special lines as a request to use the
private facilities

2 return dial tone directly to the PBX station
3 collect the digits associated with the called number

4 route the call over the appropriate private facility based on the particular
outward calling features selected

The capability of the outward calling features extends sophisticated
DMS-100 routing and control functions to a PBX which may not be able to
provide such features by itself.

04-07-0000 DTMF outpulsing to PBX

With this feature, the central office uses DTMF (instead of dial pulse)
address signaling to the PBX on DID calls (see Feature 04-02-0000).

05-00-0000 Customer interfaces
05-01-0000 Loop signaling interfaces

05-01-0100 Analog asynchronous signaling data interface

This feature provides the requirements for an analog, asynchronous,
relatively low speed (300 to 1800 baud) data signaling interface between the
SPCS and the customer premises equipment. The interface is intended to
apply to existing customer loops and will allow full duplex data transmission
during established call as well as when no call is present (regardless of
whether the line is off-hook or on-hook). It may be used to transmit data
such as the calling directory number from the SPCS to the called party.

05-02-0000 Data line interfaces

05-02-0100 Dedicated inband analog signaling data interface

This feature provides a full duplex data link for the exchange of information
between a SPCS and terminal equipment located on the customer premises.
The data link, which utilizes an analog signaling technique, terminates at the
SPCS and the Customer Premises Terminal Equipment (CPTE) at a modem.
Depending on the traffic generated by a particular customer, one of several
specified data rates is chosen to accommodate the user’s needs.
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The purpose of this data link is to support those network services that
require the exchange of information between the customer premises and the
serving SPCS.

Note: The DMS-100 supports data interfaces of the speeds and types
described, however, full definition of the requirements and interactions
between the switch and the proposed Features (05-01-0100 and
05-02-0100) are not yet available.

05-02-0200 PBX separate channel analog signaling interface
(Currently not planned for development.)

05-02-300 Suppressed ringing for telemetry services

This feature provides the capability to establish connections to customer’s
lines for the purpose of telemetry services for information gathering, without
applying power ringing. When it has been verified that the line is in an
on-hook state, a connection is completed to provide access for various
telemetry services such as meter reading, and so forth, without alerting the
customer. All incoming calls to the customer’s line should receive a busy
tine when encountering a busy condition due to telemetry services.

05-02-0600A Datapath

05-02-0601A Datapath — low-speed data unit

The LSDU is a microprocessor-based data set that uses Time Compression
Multiplexing (TCM) technology to map data and signaling information
between an RS-232 interface and a two-wire loop leading from the Data
Unit to a Data Line Card located in the DMS-100 . The TCM circuit

provides a clear full duplex 64 kb/s data channel and an 8 kb/s signaling
channel. The two-wire connection is supported up to a maximum distance of
3.4 miles (5.7 km) using 22/24 gauge wire or 2.7 miles (4.3 km) using 26
gauge wire. This part of the DMS-100 Datapath offering allows the

customer to use the switched telephone network for data calls. In addition,
two LSDUs may be connected “back-to-back” to provide a simple
point-to-point data communications facility. The LSDU supports data rates
at the RS-232 interface of 300 b/s to 19.2 kb/s asynchronous and 1.2 kb/s to
19.2 kb/s synchronous (see Chapter 6).

05-02-0602A Datapath — high-speed data unit

The HSDU is a microprocessor-based data set that uses TCM technology to
map data and signal ing information between a V.35 interface and a
two-wire loop leading from the Data Unit to a Data Line Card located in the
DMS-100. The TCM circuit provides a clear full duplex 64 kb/s data

channel and an 8 kb/s signaling channel. The two-wire connection is
supported up to a maximum distance of 3.4 miles (5.7 km) using 22/24
gauge wire or 2.7 miles (4.3 km) using 26 gauge wire. This part of the
DMS-100 Datapath offering allows the customer to use the switched
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telephone network for data calls. In addition, two HSDUs may be connected
“back-to-back” to provide a simple point-to-point data communications
facility. The HSDU supports data rates at the V.35 interface of 48, 56, and 64
kb/s synchronously (see Chapter 6).

05-02-0603A Datapath — coax eliminator data unit system

The function of the Coax Eliminator Data Unit system is to replace a
dedicated 3270 type coax link with a two-wire loop, allowing for both back
to back or DMS-100 circuit switched operation. To accomplish this, two
separate data units (DUs) are provided: the Terminal Interface (TIF) to
interface an IBM 3270 terminal, and the Control Unit Interface (CUIF) to
interface an IBM 3274 control unit. Both of these DUs utilize Time
Compression Multiplexing (TCM) technology to convert the coax interface
to the two-wire loop. The TCM circuit provides a clear full duplex 64 kb/s
data channel and an 8 kbps signaling channel. The 64 kb/s channel is used
for sending IBM session information embedded within a/ HDLC protocol
running synchronously at a rate of 56 kb/s. The 8 kb/s channel is used for
messaging between the data unit and the DMS-100 switch.

05-02-0605A Asynchronous interface module

The Asynchronous Interface Module (AIM) is designed to serve the data
switching needs of low speed (up to 19.2 kb/s) asynchronous ASCII terminal
users who are interested in a more cost effective, but less powerful,
alternative to the Low Speed Data Unit (see Feature 05-02-0601). Like the
LSDU, the AIM is equipped with an industry standard RS-232C interface
connection to the user’s data terminal equipment. The AIM converts the
RS-232C signals to RS-422 signals, which are sent from the AIM to an
Asynchronous Interface Line Card (AILC) located in the DMS-100.

The major differences between the use of the LSDU and the use of the AIM
are:

+ The RS-422 connection between the AIM and the DMS-100 is a
four-wire connection, as opposed to the two-wire connection supported
by the LSDU.

« The maximum distance from the AIM to the DMS-100 is 4000 ft. (1219
m). The maximum loop length of the LSDU is 18 000 ft. (5486 m).

« The AIM has no keypad, therefore all dialing and feature activation must
be performed directly from the terminal keyboard.

« The AIM operates in asynchronous mode only.

05-02-0606A Asynchronous interface line unit

The Asynchronous Interface Line Unit (AILU) is an RS-232C to RS-422
cable line driver that can be used as an alternative to the AIM (05-02-0605)
for interface to asynchronous ASCII terminal devices and the DMS-100
Asynchronous Interface Line Card (AILC). The AILU allows users of
standard RS-232C data terminal equipment to operate in a full-duplex mode
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at speeds of up to 19.2 kb/s. As with the AIM, all dialing and feature
activation must be performed directly from the terminal keyboard.

05-02-0607A IBM PC interface card

The IBM PC Interface Card connects an IBM personal computer directly to
the DMS-100 system. The PC Interface Card provides an RS-422 interface
instead of the RS-232C interface normally found on these personal
computers. This PC card performs a function similar to that of the AIM and
uses the Asynchronous Interface Line Card to connect to the DMS-100.

A personal computer, using Nortel Networks’ Personal Computer Interface
Card, can be directly connected to the Asynchronous Interface Card through
two-twisted pairs. The PC Interface Card is installed in the personal
computer’s backplane slot.

Standard Communications Software (for example, Crosstalk, Smartterm)
can be used to transfer files between personal computers, or between a
personal computer and a host computer. The card is asynchronous and
allows a personal computer to communicate with an asynchronous host
computer connected to the DMS-100 system up to a speed of 9.6 kb/s. (This
speed is limited due to the communications speed limitation of the personal
computers.) A personal computer using such a card can be located up to
4000 feet (1219 m) from the DMS-100 system.

The PC Interface Card users can take advantage of various DMS-100 system
features, such as port contention/concentration and use of twisted-pair
distribution. The PC Interface Card offers DMS-100 data call processing
features such as Auto Dial, Speed Call, Ring Again, and so forth. These
features are available for use directly from the personal computer keyboard
without the use of a telephone.

05-02-0608A DATAPATH loop extension

The DATAPATH Loop Extension (DPX) channel unit is provided to extend
the basic DATAPATH capabilities beyond the two-wire loop limit using T1
facilities. The DPX uses one DS-0 channel of a DS-1 digital carrier to
transport digital information from the channel bank associated with a
customer premise data unit to the DMS-100 switch. This is accomplished
with the DATAPATH extension card which plugs into the Nortel Networks
DE-4E channel bank. The card performs the functions of the data line card
and provides the interface to the DS-1 channel terminating on the switch and
to the data unit terminated on the loop from the channel bank. The DPX will
only provide basic data transport without the usual DATAPATH convenience
features such as Ring Again, modem pooling, and Speed Call.
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05-03-0000 Integrated services digital network (ISDN) basic

access

The ISDN basic access interface allows the simultaneous transmission of
voice, circuit-switched data, and packet data over a single customer line
connecting customer premises equipment and a DMS-100 Family system.
The basic access allows the provision of two 64 kb/s B-channels, which may
be used to carry voice, circuit-switched data, or packet data, and a 16 kb/s
D-channel, which can carry signaling information and packet data. The
ISDN basic access feature package will be provided through a controlled
introduction over several BCS releases.

05-04-0000 ISDN primary rate access

The ISDN primary rate access will be implemented over a DS-1 rate

(1.544 Mb/s) system using the 23 B + D format. Clear channel capability is
provided for all channels, B and D. Primary rate access can be used to
connect an ISDN PBX to a central office as well as to connect other service
providers to a central office.

05-04-1000 PBX separate — channel digital signaling interface

This Primary Rate Interface feature provides the capability to network ISDN
services between the DMS-100 and digital private branch exchange (PBX)
equipment, such as the Nortel Networks SL-1. The PRI uses DS-1 facilities
and provides 64 kb/s clear B channels that can be used to transport voice or
data. Signaling is handled out-of-band on the PRI D channel.

10-00-0000 Coin and charge-a-call features

See Chapter 5.

10-01-0000 Coin line — coin first

Coin first coin service is a feature that requires deposit of a coin(s) before
dial tone is returned and a call can be initiated. Deposit of the local initial
rate and the station off-hook closes a conducting path from the ring terminal
at the central office to ground at the coin station. The central office responds
to this origination signal by returning dial tone.

10-02-0000 Coin line — dial-tone-first

Dial-tone-first coin service is a feature that provides dial tone without an
initial coin deposit. On coin-paid local calls the deposit of initial rate must
be made prior to the completion of dialing. The central office tests for the
initial rate by connecting negative battery to the tip conductor. All other calls
may be dialed without a coin deposit. Positive battery is connected to the
ring conductor on calls to operator systems when the latter are in a coin
deposit monitoring state.
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10-03-0000 Coin collect and return signaling

Coins are collected or returned by the application of coin collect or coin
return battery by the central office. Coins are collected at the end of all
sent-paid charged calls and just prior to the end of the initial period on calls
that go into overtime. The return of coins on free calls can be optionally
made initially, or upon disconnect. Coin deposits are returned at disconnect
on calls that cannot be completed as requested. If the central office cannot
collect or return coins, a stuck coin trouble record is made identifying the
station. An option is provided for using coin collect and return signals of
opposite polarities (see Chapter 6).

10-03-0010 Creation of AMA Records local MUMR 1 zone coin
calls
(This feature is planned for future release.)

Local Multi-Unit Message Rate (MUMR) service is provided for coin lines
in this feature, which permits calls made from a coin station to be billed in
AMA records with call codes 001 through 005. This feature also allows the
DMS-100 system to prompt for the correct initial coin deposit and all
overtime deposits based on the distance dialed for the call and the time of
day or day of the week the call is made.

This feature requires additional recording capability in the DMS-100 switch
Digital Recorded Announcement Modules (DRAMs) (NT-TBD), and a
receiver to detect and decode the tones provided by the coin station to
indicate the deposit and denomination of the coins (NT3X08AA).

10-04-0000 Coin with or without local overtime charging

Coin service with local overtime charging provides operating company
selectable timed initial and overtime periods. Coins are collected shortly
before the end of each charging period. At the end of each period an
overtime coin test is made by applying th e appropriate battery polarity to

the tip conductor. If a coin is present, timing for the next period commences.
If no coin is present, an announcement is returned to instruct the customer to
make an overtime deposit. Another coin test is performed after the
announcement, and, if no coin is present, the call is terminated.

Coin service without local overtime charging permits unlimited conversation
time on local calls at no charge beyond the initial coin deposit.

10-05-0000 Coin distance dialing with an operator system

This feature permits the handling of customer dialed toll calls from coin
stations. An operator (or the Automated Coin Toll [ACT] service equipment

at an operator system) is connected to request and monitor the initial deposit,
to notify the customer at the end of the initial period, request and monitor

the initial deposit, to notify the customer at the end of the initial period, and
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to request and monitor overtime deposits. The operator also provides
assistance on “0 +”, seven and 10 digit special toll calls (collect, credit card,
person-to-person, and so forth). The operator signals the central office to
collect and return coins and to ring back the coin station on these types of
calls.

10-06-0000A Coin line — semi-post pay

Dial tone is returned immediately upon off-hook condition at the coin station
and dialing can commence prior to any coin deposit. Calls to operators or
free numbers complete successfully with two-way conversation possible,
and no coin deposit. All other calls are completed but transmission is
blocked and calling party can not be heard until a coin deposit is made. No
refund is possible.

10-08-0000 Expanded inband signaling

Expanded inband signaling allows the DMS-100 to receive expanded inband
t ones used by an operator system. The inband signal (MF tone transmission)
is monitored by the DMS-100 for coin collect, coin return, operator attached,
operator released and combined coin collect and operator released MF tones.

This feature also allows the DMS-100 to perform red box fraud prevention
on specially equipped sets served from dial tone first lines. This is done by
blocking the transmission of coin deposit tones fraudulently simulated by the
user. The operator released signal enables the DTMF pad, thus allowing
end-to-end DTMF signaling.

This feature also permits operator ringback on non-coin lines.

10-09-0000 Improved public telephone service

10-09-0001 Local rate flexibility

This feature provides the capability for the DMS-100 to process single and
multi-message unit coin calls without routing them to an operator system or
an operator. It provides for independent and variable initial overtime rates
and timing of local coin calls. The initial and overtime rates and timing of
MMU calls can be changed with time of day and day of week.

10-09-0002 Coin box accounting for collection scheduling
(This feature is planned for development but currently has not been targeted
for release in a specific BCS.)

10-09-0003 Coin box accounting for revenue allocation

This feature allows the generation of an AMA record for all calls made from
a coin line with a call code of 136. Thus, the operating company can track
and account for all calls made, including the number dialed and the duration
of each call, so that the billing requirements for private coin line companies
and interexchange carriers can be reconciled accurately in order that the
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revenue levels of telephone operating company-owned coin stations caOn be
verified. This feature will require a coin detection circuit pack
(NT3XCO8AA).

10-10-0000 Charge-a-call (coinless public telephone service)

Charge-a-call permits the customer to make INWATS, directory assistance,
0- and 0+ non-sent-paid calls (credit card, third number, collect) with no
coin deposits from a special public phone which has no coin handling
capabilities. Charge-a-call calls are routed to the operator station and
identified by the ANI information digit “7.”

10-11-0000 Stuck coin administration

Stuck coin administration permits the operating company to print out the
directory number of coin lines with stuck coins at a repair service bureau or
automatic line insulation test teletypewriter.

10-12-0000 Inband signaling

Inband signaling is used by an operator system and cord boards on trunks
handling coin calls. With this signaling method, an on-hook wink from the
operator system requests the local office to connect an MF receiver and
prepare to receive an inband signal. The inband signal (MF tone) requests
the local office coin collect, coin return or ringback actions on the coin
station (see Chapter 6).

10-13-0000 Coin line activity monitoring (CLAM)
(Currently not planned for development).

15-00-0000 Public safety features
15-01-0000 Basic emergency service (911)

The basic 911 emergency service feature provides a three-digit universal
telephone number (911) which gives the public a direct access to an
emergency service bureau, usually without charge to the calling subscriber.
The emergency service is one-way only, terminating to the service bureau.
The emergency service bureau is usually located within a police department,
although in some communities it is located in a fire department or in an
independent agency serving as a communications center. A given local
switching system may serve more than one emergency service bureau.

When the originating line and the emergency service bureau are served by
the same switching system, the bureau has the capability of holding and
disconnecting the connection, monitoring the supervisory state and reringing
the originating station.

When the local switching system is in an area with Expanded Emergency
Service (E911), served through a tandem switch, the emergency call is
advanced to the tandem switch with calling line ANI.
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15-02-0000A Enhanced (E911) emergency service

The DMS-100/200 serving as an E911 tandem office will control routing of
the call to the correct Public Safety Answering Point (PSAP) trunk and
provide ANI for display at the PSAP answering position.

The E911 feature will allow each 911 call to be routed to a particular PSAP
serving the calling telephone location in spite of conflicts between central
office and municipal boundaries. It will provide for an ANI display of the
calling telephone number at the answering position and will allow the
primary PSAP attendant to transfer a 911 call to any one of a number of
secondary PSAPs or to any telephone number. With E911 service, each 911
call will be routed over a dedicated trunk group from the originating central
office to the tandem office.

15-03-0000 Tracing of terminating calls

This feature provides identification of the calling number on intraoffice
calls, or of the incoming trunk on incoming calls, for call s terminating to a
specified directory number. When this feature is activated, the originating
directory number or incoming trunk number, terminating directory number,
and time and date are printed out for each call to the specified line.

15-04-0000 Outgoing call tracing

This feature allows the tracing of nuisance calls to a specified directory
number suspected of originating from a given local office. The tracing is
activated upon entering the specified directory number. A printout of the
originating directory number, outgoing trunk number or terminating number,
and the time and date are generated for every call to the specified directory
number.

15-05-0000 Tandem call trace

This feature identifies an incoming trunk of a tandem call to a specified
office directory number.

The feature is activated by entering the specified distant office directory
number for tandem call trace. A TTY printout is generated for every call to
the specified directory number. The printout contains the incoming and
outgoing trunk numbers, the DN of the called party, and the time and date of
the call.

15-06-0000 Trace of a call in progress

This feature identifies the originating directory number or incoming trunk

for a call in progress. The feature is activated by authorized personnel
entering a request that includes the specific terminating directory number or
trunk involved in the call. This feature is provided through the MAP and
provides a real-time display of connected terminals.

PLN-5001-001 Standard 02.09 February 2000



Features 3-73

15-07-0000 Group alerting

The DMS-100 is compatible with various outboard group alerting systems,
such as Tellabs Model 291 and Wescom Model 931. When a particular
group alerting system is planned for use with a DMS-100, Nortel Networks
will, on request, advise on the compatibility of that particular unit.

In addition to the above capabilities, the Preset Conference Feature
01-02-1344 is available to MDC users.

15-09-0000A call hold on malicious call trace

The called party can hold the connection within the office on a malicious
call by flashing the hookswitch and staying off-hook. An alarm and a log
report (trace information) are generated in the DMS-100 upon receipt of the
hookswitch flash.

If both the calling and called parties are terminated on the DMS-100, the
entire connection will be held until the called party goes on-hook. If the call
arrived on an incoming trunk and terminates within the DMS-100 office, the
connection will be held ba ck to the incoming trunk.

For lines equipped with three-way calling and call transfer the activation of
the malicious call trace feature differs from that of ordinary lines in that a
two-digit code (operating modifiable) is required after the hookswitch flash.

20-00-0000 Miscellaneous local system features
20-01-0000 Loop range features
See Chapter 5.

20-01-0300 Compatibility with 1500 ohm loops

The DMS-100 line circuit provides for 1900 ohm external resistance,
including the subscriber’s instrument, for standard customer lines. For coin
lines, external resistance of up to 1500 ohms may be used.

20-01-0400 2800 Ohm subscriber line service — selected lines

The DMS-100 plan permits extending the conductor loop resistance of
customer lines to 2800 ohms (outside plant) through an external per line
range extension device (see Feature 20-01-0410).

20-01-0410 Compatibility with external per-line range extension

devices

This feature applies to the arrangement whereby voice frequency gain,
equalization, and signaling enhancement for subscriber lines exceeding 1500
ohm conductor loop (outside plant) resistance is obtained by wiring to range
extension equipment installed on frames external to the switching system.
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20-01-0420 Integrated per-line range extension
(This feature currently not planned for release.)

20-01-0430 Concentrated range extension
(This feature currently not planned for release.)

20-01-0500 Integrated 2800 ohm subscriber line service
(This feature currently not planned for release.)

20-01-0600 Compatibility with dial long line circuits

Dial long line circuits are circuits that are used to extend the range of
customer loops. The range may be extended by repeating supervision and
dial pulses from the customer to the central office and by repeating ringing
from the central office to the customer. A variety of dial long line circuits
may be required dependent upon their capabilities to provide necessary
service features and for meeting transmission and range requirements
associated with these services. When a particular dial long line circuit is
planned for use with a DMS-100 system, Nortel Networks will, on request,
advise on the compatibility of that particular circuit.

20-02-0000 Pair gain interfaces

20-02-0100 Integrated pair gain interfaces

An integrated Pair Gain System (PGS), in DMS-100 context, is a PGS that
terminates directly into the serving switch over digital facilities without the
need for central office (CO) terminal equipment. The functions of the CO
terminal are integrated into the DMS-100. This arrangement allows the line
on the pair gain system to meet the requirements of lines served by the CO
dependent upon the capabilities of the remote terminal.

Integrated operation is available for the Nortel Networks DMS-1R and for
the AT&T’s SLC-96 and is planned for the Nortel Networks DMS-1U (see
Chapter 2).

20-02-0200 Compatibility with conventional (non-integrated) pair

gain systems (PGS)

A PGS is a device used to reduce the quantity of outside plant facilities
needed to serve telephone customers in a local switch by multiplexing
and/or concentrating N lines onto some smaller number of facilities. It is
composed of three subsystems. A conventional PGS is a PGS whose central
office equipment expands the outside plant facilities back to N analog line
appearances independently of the local switching system used. When a
particular PGS is planned for use with a DMS-100 system Nortel Networks
will, on request, advise on the compatibility of that particular PGS.

1 terminal equipment located in the serving office
2 aremote terminal located outside of the serving office
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3 outside plant facilities interconnecting the first two subsystems

20-02-1000 Integrated digital loop carrier (IDLC) systems
Note: To successfully activate this feature, the operating company must
have a peripheral module that is compatible with the DMS remote
subscriber carrier.

An Integrated Digital Loop Carrier (IDLC) system is a composite system

that consists of an intelligent Digital Loop Carrier (DLC), Remote Digital
Terminal (RDT) and digital elements of the Message Telephone Service
(MTS) switch, the Local Digital Switch (LDS). The distinguishing
characteristic of IDLC systems from universal DLC systems is the absence
of per customer access line equipment and/or analog to digital conversion at
the interface to the LDS.

20-02-1100 Generic IDLC interface
Note: To successfully activate this feature, the operating company must
have a peripheral module that is compatible with the DMS remote
subscriber carrier.

See Feature 20-02-1000.

20-02-2010 Bridged services on an IDLC system
Note: To successfully activate this feature, the operating company must
have a peripheral module that is compatible with the DMS remote
subscriber carrier.

A necessary feature for an IDLC system is to provide bridged services when
one or more lines are served on IDLC (see FSD 20-20-1000 for background
information on IDLC systems). The elimination of the Subscriber Main
Distributing Frame (SMDF) for lines terminated on IDLC eliminates the CO
point of access when lines have been traditionally bridged, physically
opened and electrically tested. Digital bridging is feature of LDS,
necessitated by IDLC systems, that simulates standard CO bridging when at
least one of the lines does not have a CO analog appearance.

20-02-2100 Operator systems interface for an IDLC system
Note: To successfully activate this feature, the operating company must
have a peripheral module that is compatible with the DMS remote
subscriber carrier.

A LDS will have an interface to operations systems. The collection of LDS
equipment, firmware and software needed to implement this interface is
referred to as the Operations Interface Module (OIM). IDLC systems use the
OIM of the local switching system to communicate with operations systems.
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Because the local switching system’s OIM needs added functionality to
implement the IDLC system to operations system interface.

20-03-0000 Line signaling

20-03-0100 Loop start line

In a loop start line arrangement the central office supplies battery between
the ring and the tip conductors. The central office detects a loop closure
from the customer station as a seizure, after which it provides dial tone on
the tip and ring conductors as a start dial signal.

20-03-0200 Ground start line

In a ground start line arrangement the central office provides battery through
a ground detector to the ring conductor and leaves the tip conductor open.
The customer station or PBX seizes the line by applying a ground to the ring
conductor. The central office responds by returning ground on the tip
conductor and dial tone across the tip and ring as start dial signals. Upon
detecting the tip ground from the central office, the customer station or PBX
changes to loop closure for the off-hook state. Alerting the customer or PBX
is done by connecting 20 Hz ringing to the ring conductor and ground to the
tip conductor.

20-03-0300 Line — sleeve lead control

Line sleeve lead control is a feature that, by means of a third wire, permits
operation of a device in an equipment unit external to the switching system
but directly associated with the line. The system is capable of identifying

any line equipped with a sleeve lead and provides the functional operation of
the sleeve lead in accordance with the application of the device associated
with that line and/or detect a change of state of the sleeve lead.

20-04-0000 Emergency ringback

Emergency ringback is a feature associated with basic 911 emergency
service that is used to recall a customer’s station immediately following
disconnect from and at the request of an emergency bureau. The request for
emergency recall is transmitted from the emergency bureau to the central
office as either a regular flash (450 ms to 2 sec) or a fast flash (80 to

130 ms). In the latter case the fast flash option is used.

Ringback is implemented as follows:

« Single party on-hook — The line is rung in the normal manner with
audible ringing being sent to the emergency bureau.

+  Multi-party on-hook — For two-and four-party lines which can be
identified (that is, ANI), only the calling party receives ringback. For
greater than four party, and also in cases where the two or four-party line
cannot be identified, the flash is ignored and the emergency bureau
continues to receive hookswitch status tone.
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« Single and multi-party off-hook — A one-to ten-second (data base
settable) bursting of Receiver at Off-Hook (ROH) is sent to the calling
party. The tone burst may be repeated by additional flashes and the talk
path is reestablished after each burst.

An additional feature (timed ringback) is available to superimposed and
frequency ring lines. This feature basically limits the ringback to a specified
number of cycles (operating company defined).

20-05-0000 Two-digit translation on incoming trunks

Two-digit translation on incoming trunks is a system-related feature that
provides for address signaling from incoming trunks where one digit of a
three-digit address is suppressed by the originating office. DMS-100 Family
equipment is capable of determining the valid three-digit address from the
digit(s) received and routing the call to its intended destination.

An example of this feature is a 411 (directory assistance) call where a
step-by-step office would suppress the first digit and only send the second
and third (11) digits of the intended address. The receiving office will
recognize the received address as a valid 411 address and route the call to a
directory assistance operator.

20-06-0000 Announcements

20-06-0100 Recorded announcement service (local)

Recorded announcement service is a system-related feature that provides a
verbal announcement to originating lines which have voluntarily requested
access to a recorded announcement (time, weather, and so forth) or have
been routed to an intercept announcement for calls that cannot be completed
as dialed.

Calls routed to an announcement, in response to a voluntary customer
request, receive charge treatment. Calls routed to an intercept announcement
are not charged to a customer. Therefore, answer supervision is not returned
to the originating office for interoffice calls routed to an intercept
announcement (see Chapter 1).

20-06-0500 Special information tones (SIT)

SITs are machine detectable tone sequences that precede announcements
given to uncompleted calls. SIT permits the automated analysis of call
disposition.

In the DMS, SIT tones may be a maximum of 32, each composed of three
different frequencies and durations as specified by CCITT.

20-06-0600 Digital recorded announcement system (DRAM)

DRAMs are utilized in the DMS-100 Family of switches. The DRAM
provides recorded announcements, stored in digital format, which are
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accessible on either a “barge-in” or “non barge-in” basis. A set of standard
announcements are available on Programmable Read Only Memory
(PROM) cards while others may be made on site by the operating company
using RAM or Electronically Erasable Prom (EEPROM) cards.

The DRAM may be utilized for Local Recorded Announcements (Feature
20-06-0100), Special Information Tones (see Feature 20-06-0500), or
custom applications such as Calling Number Announcement (see Feature
20-06-0601) and Mechanized Calling Card Service (MCCS),
announcements in an operator services environment (refer to Chapter 1).

20-06-0601A Calling number announcement (CNA)

The CNA feature is offered as an alternative to the hardware Automatic
Number Announcement (ANA) circuits. With CNA, the DMS DRA
facilities are utilized to playback the calling number to a line or to a
loudspeaker. This capability may be utilized by the operating company
personnel for functions such as verification of service order/line transfer
cross-connects and assignment records.

20-07-0000 Ringing

In the DMS-100, programmable ringing generators are supplied in each line
concentrating equipment frame. Cadence of ringing (based on a six-second
period), frequency and amplitude, and dc offsets of ringing voltages are
programmable. ac/dc, superimposed, coded and frequency selective ringing
schemes are supported (refer to Chapter 5).

20-07-0100 Individual line ringing

Individual line ringing requires the application of an ac/dc ringing signal to
activate a ringer bridged across the line within the telephone set (refer to
Chapter 5).

20-07-0200 Two-party line ringing

Two-party line ringing normally requires the application of an ac/dc ringing
signal to activate a ringer from either the ring side of the line to ground
within t he telephone set for party one or the tip side of the line to ground for
party two. This method of ringing is referred to as two-party full selective
ringing (refer to Chapter 5).

20-08-0000 Multiparty ringing

Multiparty ringing is a system-related feature that provides each party of a
four-, or eight-party line with a unique ringing alert signal or coded ringing.
DMS-100 provides both ac/dc and superimposed ringing capabilities for
ringing party line stations.

The system provides optional ringing method s that include fully selective
ringing, semi-selective ringing, and coded ringing. Fully selective ringing
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provides for ringing each station without ringing any other station sharing
the line. A common ringing code is used for all parties. Semi-selective
ringing provides for the simultaneous ringing of no more than two stations
with a unique ringing code for each of the two stations. Coded ringing
provides for the simultaneous ringing of no more than four stations with a
unique ringing code for each stat ion.

Fully selective or semi-selective ringing is available for four party lines.
Semi-selective ringing is available for eight-party lines (refer to Chapter 5).

20-09-0000 Audible ringing tone

Audible ringing is a system-related feature that provides a ringing tone to
inform calling customers that the called destination is being alerted. The
signal is applied as soon as possible upon connecting to the called line.

The audible ring tone signal is applied in a manner that does not permit an
electrical voice connection between the calling and called lines before
answer (refer to Chapter 5).

20-10-0000 Reverting call service

When party A calls party B sharing the same cable pair, party A gets a
recorded announcement or other treatment from the DMS-100 that instructs
the party that the call is for someone on his line and that he should hang up
and wait for his phone to stop ringing, then pick up his phone. The ringing is
applied to both parties and, when answered, ringing is tripped and a
connection is established. As an option party B may get a zip tone that alerts
him that party A is calling (refer to Chapter 5).

20-10-0100A Single party revertive calling (Intercom)
This feature allows a single line subscriber to use their phone as an intercom.
Feature function is as follows:

« Subscriber dials their own number and is connected to a recorded
announcement.

« Subscriber goes on-hook and ringing voltage is applied to the line. Since
the ringers of the main and extensions are tuned to the same frequency,
all phones will ring.

« When the person at the extension goes off-hook, ringing will stop at all
phones and the initiator of the call can go off-hook and engage in
conversation.

20-11-0000 Bridge lifters

Bridge lifters are devices that electrically or physically isolate bridged
telephone pairs at the central office to reduce the transmission losses they
produce. Saturable inductors, relays, and semi-conductor devices are
sometimes used as bridge lifters. An example of a bridge lifter application
might be a two-party line bridged at the central office. If only one party is
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off hook, the on-hook party is bridged through an inductor that isolates the
on hook loop at voice frequencies yet allows dc access. For this application,
20 Hz ringing signals will pas s through the bridge lifter device. This
example may not be applicable to all two-party lines.

20-14-0000 Class-of-service

Class-of-service is a feature that permits the system to identify service
requirements for lines and inter-system facilities. Each line and inter-system
facility terminating in a central office requires individual treatment based
upon its electrical characteristics, privileges, restrictions, call processing
features, charge treatment, routing, screening, and so forth. The information
used to define these attributes is referred to as “class-of-service information”
(refer to Chapter 4).

20-16-0000 Nailed-up connections

This feature provides an option whereby a permanent (nailed-up) trunk to
trunk path through the DMS-100 network may be established. The
connection is commonly used for special purposes, such as computer links,
and can be made over analog or digital trunks. The nailed-up connection will
handle both inband and standard supervision signals in both directions.

20-18-0000 Subscriber loop echo return control

This feature provides for limiting echo return from subscriber loops under
software control (refer to Chapter 5).

20-20-0000 Automatic number identification (ANI)

This feature causes the local switching system to outpulse the calling
customer’s station identity to a CAMA office, or other office requiring
calling number information (refer to Chapter 4).

20-20-0100 Flexible ANI information digit assignment

This feature provides a telephone operating company with the ability to
assign a specific Automatic Number Identification (ANI) information digit
pair to a call base on the specific line calls of service and on the facility digit
dialed. This permits identification of unique call types to operator systems
for special handling of the calls.

20-20-0110 Flexible ANI information digit assignment

The flexible ANI information digit assignment feature permits the telephone
company to associate ANI information digits to features by means of
originating lineclass of service routing and screening translations or with a
“simulated facility” group that can be associated with a class of service.

20-21-0000 Software controlled connection loss

To assure transmission stability in conformance with the network
transmission requirements, interoffice calls may require the insertion of one
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of several loss values (including zero loss), depending on the connection
type and the interfacing facility (for example, toll connecting, direct
interlocal, analog, digital). Usually these losses are fixed and traditionally
provided on analog facilities external to the switching system.

This feature provides for the insertion, when required, of any of several
possible loss levels (0 to 7 dB in 1 dB steps) at the subscriber loop port side.
The determination of each loss level is under software control and is a
function of the transmission loss requirements for the connection.

In addition, digital pads associated with the DMS-100 Switching Network (O
to 7 dB in 1 dB steps) are used to implement various connection losses. Loss
inserted using network digital pad switching complements the subscriber
loop port level adjustments mentioned above and is an additive (that is,
connections invoking a line can have a total of 14 dB loss as viewed at the
receive side of the line). The net work pad values are software selected on a
per call basis. Transmit and receive directions are handled independently.
The pads can be automatically disabled in digital data connections.

20-22-0000 Synchronization to incoming DS-1 facilities

With the hierarchical synchronization plan used in the operating companies,
a switching system derives its clock rate from an accurate frequency signal
arriving from another office. With this feature, the DMS obtains the primary
or backup reference signal for synchronization of its clock from the DS-1
signals of designated digital facilities (refer to Chapter 8).

20-24-0000 InterLATA-Carrier/International — carrier interconnection
feature group D (FGD)

The DMS-100 equal access end office feature allows direct interconnection
to InterLATA Carriers (ICs/International Carriers (INCs) desiring to service
non-overlapping exchanges known as Local Access Transport Areas
(LATAS).

To access an IC/INC, the subscriber in the DMS-100 dials 10XXX + (0/1) +
7/10 digits or 10XXX + (011/01) + CC + NN where XXX serves to identify
the specific carrier. If the subscriber designates a Primary Interexchange
Carrier (PIC), he dials only 7/10 digits to access the IC or only dials the
standard sequence to access the INC. The DMS-100 receives all of the
dialed digits, determines the carrier and establishes a connection on an
outgoing trunk. DMS-100 will outpulse carrier selection digits (if required)
and ANI, prior to completion of dialing, if specified in translations.
Depending upon traffic between the DMS and IC/INC, a trunk connection
can be either direct or through an Access Tandem (AT) to the appropriate
IC/INC. An AMA record in equal access Bellcore format can be generated
for both originating and terminating calls.
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The DMS-100 Family offers the capability to receive or send only three
winks on INC calls when the connecting switch is not capable of generating
or interpreting the standard four wink signaling sequence (refer to Chapter
6).

20-24-0010 Signaling on international carrier calls

This feature provides information on equal access measurements for each
carrier that connects to the AT. Measurements are made for each InterLATA
carrier (IC) or International Carrier (INC).

20-24-0020 Facility/service selective dialing, switching and

signaling requirements

This feature provides for processing calls that apply Facility/Service
Selective (FSS) options. With FSS options, a subscriber can dial a Facility
Code (FC) and/or a Service Code (SC) to assure that selection of a particular
facility and/or service on domestic and international calls. The FSS dialing
procedure and the associated switching and multifrequency signaling
requirements necessary to define FSS call processing are specified. These
new capabilities are intended for end office and access tandem systems
located in the operating company LATA environment. Compatible signaling
arrangements should be provided in connecting IC and INC switching
equipment to permit transport of FSS calls beyond LATA interfaces.

20-24-0000A LATA equal access system (LEAS)

The LEAS feature will allow a DMS-200 Access Tandem to provide Equal
Access-like service to nonconforming end offices. A call placed by a
subscriber in the nonconforming office will be routed to the LEAS Access
Tandem by way of an ANI trunk. The ANI spill will be used as the line
identifier for interrogation of the internal LEAS database, which contains the
per line Equal Access information required to process the call such as, PIC
or Carrier Toll Denial.

The LEAS arrangement will use traditional signaling sequences to set up the
call from the end office and either traditional or Equal Access Plan signaling
for call set up to the IC.

20-24-0030 Exchange access operator service system (EAOSS)

signaling

Exchange Access Operator Services System (EAOSS) signaling will be used
between an Equal Access End Office (EAEO) and an AT associated with an
Operator Services System (OSS) to combine traffic requiring the telephone
company operator services system with other types of traffic on a single
trunk group or a number of trunk groups. It will also be used between an
EAEO/AT and an IC on calls requiring special functions such as coin

control, ringback, and hold.
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20-24-0040 Presubscription indicator

The presubscription indicator feature provides for the transmission of an
indication to an IC/INC of whether or not the calling station is presubscribed
to that carrier.

20-24-0040A Presubscription reports

This feature provides, upon request, a listing of POTS directory numbers
and associated line equipment for each interLATA carrier assigned in the
DMS-100 switch. Reports may be generated from a MAP for either:

« asingle interLATA carrier

+ all interLATA carriers

« asummary of one or more carriers
« carriers by Numbering Plan Area

+ carrier by LATA

A total of the number of directory numbers assigned to the carrier by
presubscription is provided at the end of each report. If necessary, the DMS
may be queried for the total number of presubscribed directory numbers
without invoking the directory number listing. The feature also permits a
listing of all directory numbers that do not have a Primary InterLATA

Carrier (PIC) assigned.

20-24-0050 Feature group C (FGC)
FGC is the traditional interface between the operating company and AT&T.

20-24-0060 Integrated multiple access switched service (IMASS)
This feature is planned for a future BCS release.

20-24-0070 IC Interconnection multiple 10XXX code indication
This feature is planned for a future BCS release.

20-24-0080 Data collection by feature group and IC

20-24-0200 Feature group A (FGA)

FGA provides interconnection to carriers as a line-side appearance. FGA
calls terminate or originate at designated FGA lines serving a carrier. The
FGA line is virtually indistinguishable from any other line served by the
switch. The only substantial difference is that AMA records are generated
for all calls terminating or originating at the FGA line. The address digits of
the called line are sent directly to the carrier by the customer using DTMF
signaling.

20-24-0300 Feature group B (FGB)

FGB provides for trunk-side interconnection to ICs and INCs. A uniform
access code of 950-WXXX* is used for FGB switching. One uniform access
code for domestic communications, and another for international
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communications are assigned to the IC, if required. The originating calls
may be routed directly from the serving office to the IC or through a tandem
switch. In either case, an AMA record is generated on all calls dialed
950-WXXX. The address digits of the called line are sent directly to the
carrier by the customer, using DTMF signaling. Terminating calls are also
AMA recorded and may be routed directly to the switch serving the called
line or through a tandem switch. FGB may be provided in the DMS-100
independent of the provision of other forms of interconnection to ICs.

*Where — W=0/1
X =0-9

20-24-0400 Customer changeable primary carrier designation
(This feature currently not planned for development.)

20-24-0500 Feature group E (FGE)
(This feature currently not planned for development.)

20-24-0600 Feature group F (FGF)
(This feature currently not planned for development.)

20-25-0100 AMA capabilities for type 1, 2A and 2B

This feature, Multifrequency (MF) Monitor for Type 2A Cellular

Interconnect, improves billing procedure by allowing the access tandem to
monitor the MF digit stream of Feature Group D calls from a cellular mobile
carrier (CMC) in order to include calling and called numbers in Automatic
Message Accounting records for compliance with Bellcore FSD 20-25-0100.

The signaling on Feature Group D calls from a CMC over a Type 2A
interconnection to an IC is identical to that provided on connections from
Equal Access End Offices. The access tandem receives the signal from the
CMC, establishes the connection to the IC, and puts the connection through.
The MF outpulsing, consisting of the calling and called numbers, then
passes directly from the CMC to the IC normally undetected by the access
tandem. This feature permits the DMS-200 access tandem to attach an MF
monitor to collect the requisite digits.

25-00-0000 Interoffice features
25-01-0000 Interoffice address signaling

Refer to Chapter 5.

25-01-0200 Revertive pulsing

Revertive pulsing is a dc signaling type which consists of transmitting the
pulses backward from the terminating office to the originating office. A
start/seizure signal received on an incoming trunk causes this trunk to
commence transmitting pulses back to the originating office. The originating
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office counts the pulses and sends a stop signal to the terminating office to
indicate end of selection. The terminating office stores the pulse count and
the cycle repeats until all the selections are received. The terminating office
then sends an incoming advance signal to indicate it has successfully
received all the selections. The originating office should establish the talking
path upon reception of this incoming advance signal.

The translation and routing systems used in the DMS-100 provide the
capabilities required to support:

« incoming RP calls with low/high five
« outgoing RP calls with low/high five
« andem RP calls with low/high five

25-01-0300 Dial pulsing
Dial pulsing is a feature that provides the capability of transmitting and
receiving dc address signals between offices.

Dial pulse address signals are sent as trains of on-hook pulses with the
number of pulses in the trains corresponding to the digit of the address. The
trains of digit pulses are separated by longer off-hook intervals called
inter-digital times. The time interval from the start of an on-hook pulse to

the start of the next on-hook pulse in the same digit is the pulse period. The
reciprocal of this period is the pulsing speed and it is expressed as pulses per
second. The on-hook pulse duration is called the break time and the off-hook
remainder of the period is called the make time. The break time, expressed
as a percent of the period, is a characteristic or measure of the dial pulsing
called percent break.

For reception of dial pulse addresses, the system recognizes dial pulse
signals at a nominal rate of 10 pulses per second.

A dial pulse sending circuit outpulses at the nominal rate of 10 pulses per
second and 60% break (refer to Chapter 5).

25-01-0400 Multifrequency pulsing

Multifrequency pulsing is a feature that provides the capability of

transmitting ac address signals between offices. Each address digit is
transmitted as a pulsed pair of frequencies (from a set of six). Pulses are
transmitted at a nominal rate of seven pulses per second (refer to Chapter 5).

25-01-1000 Common channel signaling

The DMS-100 family of switches supports both Common Channel
Interoffice Signaling No. 6 (CCIS 6) and Common Channel Signaling No. 7
(SS7). Both follow the same basic principle (separation of signaling and
voice paths), but vary in their implementation. A description of Common
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Channel Signaling (CCS) and its implementation in the DMS-100 Family of
Switching Systems is provided in NTP 297-1001-137 (refer to Chapter 5).

25-01-1100 CCS exchange access interface

This feature allows the local carriers equal access end office (EAEO) to
establish interLATA connections for signaling contain carrier information to
the AT by means of CCS7 signaling. This feature allows the local exchange
carriers AT to transmit Feature Group D signaling containing carrier
information between the EAEO and the IEC’s switch by means of CCS7
signaling.

25-02-0000 Address pulsing control

25-02-0100 Immediate start

Immediate start (by-link) is a feature that provides inter-system address
signaling between the DMS-100 Family system and a system that transmits
and/or receives address signals without special address control signals. For
the reception of digits from offices requiring immediate start, the system is
prepared to recognize the first dial pulse promptly after the connect signal is
received. For transmission of address information to an office requiring
immediate start, the system delays outpulsing after sending the connect
signal to assure that the distant office is ready.

The transmitting office verifies that battery and ground are of the proper
polarity at the time of seizure. Failure to detect the proper condition results
in a retry of the call on another trunk and a failure recorded (refer to Chapter
5).

25-02-0200 Wink start

Wink start is a feature that provides control for address signaling between
systems arranged with wink start as a special address control signal. The
wink start signal is applicable to specified incoming, outgoing, and two-way
trunks and is used to inform the calling office that the called office is
prepared to receive address signals.

A wink start signal consists of a brief off-hook. If the calling office receives
an off-hook signal of more than the expected wink duration on a two-way
trunk, the signal will be interpreted as a glare condition. (A glare condition
is the result of nearly simultaneous seizures of a two-way trunk at both
ends.)

For wink start operation, the transmitting DMS-100 Family office will test
for the detection of the brief off-hook as a signaling integrity check (refer to
Chapter 5).

25-02-0300 Delay dial
Delay dial is a feature that provides control for address signaling between
systems arranged with delay dial as a special address control signal. The
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delay dial signal is applicable to specified incoming, outgoing, and two-way
trunks and is used to inform the calling office that the called office is
prepared to receive address signals.

The delay dial state is an off-hook signal and the start dial signal is a change
of state from off-hook to on-hook. The called office may have a delay dial
trunk in the delay dial state (off-hook) prior to receiving a connect signal or

it may place the trunk in the delay dial state upon reception of a connect
signal.

For delay dial operation, the originating DMS-100 Family system will detect
the on-hook to off-hook transition of the delay dial signal shortly after
sending the connect signal. Receipt of the on-hook to off-hook condition is
an indication of signaling integrity (refer to Chapter 5).

25-02-0400 Stop-go

Stop-go is a feature that provides control of inter-system address signaling
between a local switching system and an intertoll trunk that is arranged for
stop-go signaling.

Stop-go operation is similar to delay dial except that the delay dial signal is
sent during interdigital time after one or more digits have already been sent
on an immediate start basis. The off hook transition constitutes a stop
pulsing signal and the transition back to on-hook is the go signal. This
operation is only required where a local switching system is establishing a
call over a toll connecting trunk using an intertoll step-by-step system to a
common control system that does not have immediate start capability or in
certain tandem tie trunk networks. Dial pulsing is always used.

In the toll connecting application, the stop signal is generated first by the
intertoll step-by-step system when it is about to seize a trunk to the called
office. This stop signal is then extended by an overlapping delay dial signal
from the called office until it is ready to receive dial pulses. The local
switching system is capable of detecting the stop dial signal during
interdigital time. After detecting the go signal the local switching system
resumes outpulsing of the address digits. The local switching system is not
required to generate stop-go signals (refer to Chapter 5).

25-03-0000 Call state supervisory signaling

25-03-0100 Loop signaling arrangements

Signaling arrangements where dc supervisory, address and control signals
are superimposed on the same conductors that are used for transmission are
referred to as loop signaling arrangements. The following are supervisory
states which are available for various loop signaling arrangements.
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25-03-0101 Reverse battery (RB)

The trunk circuit at one end of a variety of loop signaling trunks applies
battery and ground through suitable resistance to the tip and ring conductors.
One polarity on the tip and ring leads is used for the on hook state and the
reverse is used for the off hook state. The trunk circuit at one end of a
variety of loop signaling trunks provides supervisory signaling by means of
loop signaling states. On a loop signaling trunk, the on-hook state is an open
infinite resistance across tip and ring. The off hook state is a relatively low
resistance across tip and ring (refer to Chapter 5).

25-03-0102 High-low

The trunk circuit at one end of a variety of loop signaling trunks provides
supervisory signaling by changing the impedance it applies across the tip
and ring conductors. A high-low trunk indicates the on-hook state by a high
resistance across tip and ring. The off-hook state is a relatively low
resistance across the tip and ring.

25-03-0200 E&M lead interfaces

E&M lead trunks make use of separate leads for signaling. Either E&M

leads or E, M, SG, and SB leads are used. Ground and open states are used
for off-hook and on-hook, respectively, on the E lead for signaling from a
trunk facility to a trunk circuit. Battery and ground or battery and open states
are used for off-hook and on-hook, respectively, on the M lead for signaling
from a trunk circuit to the trunk facility. The SG and SB leads may be used

to supply the signaling ground and battery when a looped conductor
arrangement is desired (refer to Chapter 5).

25-04-0000 Intraoffice connecting arrangements

An intraoffice connecting arrangement is provided to establish a connection
between two customers served by the same switching system.

25-05-0000 Incoming interoffice trunks

25-05-0100 Inter-end office — RB supervision, MF or DP

A local incoming trunk with loop supervision is used to complete a call from
a distant local office to a customer served by the home office. The home
office uses reverse battery supervision toward the distant office. Either dial
pulsing or MF signaling may be used (refer to Chapter 5).

25-05-0200 Inter-end office — E&M lead supervision, MF or DP

A local incoming trunk with E&M lead supervision is used to complete a
call from a distant local office to a customer served by the home office.
Supervision is handled over the E&M leads. Dial pulsing will be received on
the E lead and MF signaling will be received over the transmission leads
(refer to Chapter 5).
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25-05-0300 Tandem — RB supervision, MF or DP

A tandem incoming trunk with loop supervision is used to complete a call
from a distant office to a customer served by the home office or to another
distant office. Reverse battery supervision is used toward the originating
distant office (refer to Chapter 5).

25-05-0400 Tandem — E&M lead supervision, MF or DP

A tandem incoming trunk with E&M lead supervision is used to complete a
call from a distant office to a customer served by the home office or to
another distant office. Supervision is handled over the E&M leads. Dial
pulsing will be received on the E lead and MF signaling will be received
over the transmission leads (refer to Chapter 5).

25-05-0500 Immediate start — RB supervision, DP

An immediate start incoming trunk with loop supervision is used to
complete a call from a distant non-common control step-by-step office to a
customer served by the home office or to another distant office. Immediate
dial operation is used with the incoming dial pulsing being either loop

or battery and ground pulsing. Reverse battery supervision is used toward
the originating distant office (refer to Chapter 5).

25-05-0600 Immediate start — E&M lead supervision, DP

This immediate start incoming trunk is similar to the immediate start coming
trunk with loop supervision, except the E&M lead supervision is used.
Incoming dial pulsing is on the E lead (refer to Chapter 5).

25-05-0700 Tandem connecting trunk

Incoming tandem connecting trunks are used to complete calls from a
tandem office to a customer served by the local switch office. Supervision
and address signaling are handled as described above for the loop and E&M
lead local incoming trunks.

25-05-0800 Common channel signaling (CCS) incoming trunks

Incoming CCS trunks are used to carry voice signals between offices,
address and supervisory signals are exchanged over signaling links. The
DMS-100 Family of switching systems supports both Common Channel
Interoffice Signaling No. 6 (CCIS 6) and CCS No. 7 (SS7) trunking.

25-05-0900 Switchboard or desk
See Chapter 5.

25-05-0901 Switchboard, distant building

A variety of trunks are used to complete toll calls from switchboards in
distant buildings to customers served by the office. Supervision may be
high-low, reverse battery, or by E&M leads. Address signaling is by either
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dial pulsing or MF signaling. Coin control signals are handled by inband MF
signals. Re-ring is controlled either by wink or inband MF signals.

25-05-0902 Terminating switchboard, same building

When the 3CL switchboard is in the same building as the central office,
trunks used to complete toll calls to customers served by the central office
may use trunks using four conductors, in addition to those trunks used when
the switchboard is in a distant building. The multiwire trunks use sleeve lead
supervision and MF signaling.

25-05-0903 Verification connections

Verification service is a feature which permits operators to establish a
connection to a customers line to verify a busy condition. Operator access
for verification is provided over dedicated facilities and special verification
trunks which interconnect local offices and operator systems. In the local
office the verification access is obtained using incoming “no-test” trunks and
associated facilities. The facilities may connect directly to a manual
switchboard or to a switched verification network accessed by remote
operator systems. The trunks may use reverse battery loop or E&M lead
supervision, with MF or dial pulse signaling. In DMS-100 the verification
operator can both talk and listen over the established connection.

25-05-0904 Operator’s clearing

Trunks are used to establish a connection to a 3CL switchboard when a
customer does not complete dialing (partial dial), or the customer line is
persistently off-hook (permanent signal).

25-05-0905 Local test desk or cabinet access

Test trunks are used to establish test connections from a local test desk or
cabinet to a customer line through the local switching system. These
connections are required for testing, maintenance, and busy verification.
Access to both busy (no test) and idle (regular test) lines is available. The
switching system provides a ringing source for these test facilities.

25-06-0000 Outgoing interoffice trunks

Outgoing interoffice trunks are used to handle calls between two local
offices or from a local office to a tandem office.

25-06-0100 Loop supervision, MF or DP

Outgoing loop trunks use loop or high-low supervision toward the distant
office. Reverse battery supervision is returned from the distant office.
Address signaling is by either dial pulsing or MF signaling (refer to Chapter
5).
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25-06-0200 E&M lead supervision, MF or DP

Outgoing trunks may use E&M lead supervision. Address signaling may be
by MF signaling over the transmission leads or dial pulsing on the M lead
(refer to Chapter 5).

25-06-0300 Directory assistance

Directory assistance trunks are used to complete calls to operators when the
customer has dialed the directory assistance number. These types of trunks
may use reverse battery loop supervision or E&M lead supervision, and they
may be used to or from centralized locations in distant buildings.

25-06-0400 Common channel signaling (CCS) outgoing trunks

Outgoing CCS trunks are used to carry voice signals between offices,
address and supervisory signals are exchanged over signaling links. The
DMS-100 Family of Switching systems supports both CCIS 6 and CCS No.
7 (SS7) trunking.

25-06-0500 Switchboard or desk

25-06-0501 3CL-type operator switchboard interface

One-way trunks may be provided to a 3CL switchboard in the same or in a
distant building when a customer dials a “0” call for operator assistance. A
class-of-service tone to identify the customer’s class of service may be used.
Either reverse battery, high-low or E&M lead supervision analog trunks or
DCM/DTCs may be used to a distant building. Sleeve lead supervision is
used within the same building.

25-06-0502 Direct trunk interface to IC operator system

Trunks to IC Operator Systems are provided for “0”, “0+”, and “1+” calls.
Both coin and noncoin stations may be served. High-low-reverse battery, or
E&M lead supervision is used. Address signaling is by DP or MF signaling.
Address signaling is followed by ANI. Multiwink, inband coin control and
ringback signals are used. After address signaling, the connection can be
released only after the operator system returns on-hook supervision.

25-06-0503 Repair service bureau access

This access provides a routing arrangement by which a customer dialing 611
or a designated seven-digit number is connected to a repair service bureau
for the purpose of reporting trouble.

25-06-0504 Access to local test desk

Test trunks are provided to complete calls to a local test desk or other test
equipment for test and maintenance purposes. These are used by
craftspersons at the customer’s station (refer to Chapter 5).

DMS SuperNode Technical Specification BCS36 and up



3-92 Features

Intercept trunks are used to complete calls to an operator or an
announcement machine when the called number has been disconnected, has
been changed, or is out of order.

25-06-0505 Centralized intercept

Intercept trunks are used to complete calls to an operator or an
announcement system when the called number has been disconnected, has
been changed, or is out of order.

25-07-0000 Two-way trunks
Refer to Chapter 5.

25-07-0100 Interoffice (MF And DP)
Two-way trunks may be used to provide the combined functions of the

incoming and outgoing trunks already described. E&M lead supervision is
used.

25-07-0100 Improved glare treatment
This feature is not planned at the present time

25-07-0300 Switchboard and desk

Two-way operator office trunks provide the capability to carry outgoing 1+,
0+, 0—, 01+ and 011+ calls to the toll office and incoming toll connecting
and busy verification from the toll office.

25-08-0000 Outgoing centralized automatic message accounting
(CAMA) trunks

When message billing is provided through a distant CAMA office (see
feature 55-01-0300), dedicated CAMA trunks are used for the completion of
DDD calls through the CAMA office. On CAMA calls, the calling number

is outpulsed through ANI, or when necessary (for example, multiparty calls)
identified by an operator (ONI). An operator system may be used for the
CAMA function, in which case operator system trunks instead of CAMA
trunks are used for completing DDD calls.

25-09-0000 Direct ports to pulse code modulation (PCM) facilities
Direct ports to PCM facilities provide for a direct connection from a
switching network to a PCM digital terminal. The DMS-100 Family systems

use a Digital Carrier Module DCM or DTC to provide this feature (refer to
Chapter 5).

25-09-0100 Direct ports to DS-1 facilities

Direct ports to DS-1 facilities are provided for a direct connection from a
switching network to a DS-1 digital terminal.
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25-09-0200 Direct ports to DS1C facilities
(This feature currently not planned for development.)

30-00-0000 Call processing features
30-01-0000 Overload control and protection of essential services

Overload occurs when traffic is greater than what the switching system can
carry, and cannot meet the service objectives. During periods of heavy
overload and without adequate controls, the throughput of the switching
system will degrade. Throughput of the switching system can be defined by
the number of calls per unit time that progress to completion. This includes
ringing, connection to tones or announcements, or outpulsing. It is the
objective of overload control to maintain or maximize system throughput
during heavy overload and to minimize adverse service effects to other
switching systems and to the network.

Under very severe overload (during catastrophic conditions) it is necessary
to make provision for the continuation of essential community services. This
is accomplished by designating some lines as “essential,” and providing for
priority treatment of originating attempts from these lines over other lines.
This feature is manually enabled and disabled.

30-01-0100 Automatic internal overload control

The DMS-100 Family contains software measures to automatically
safeguard efficiency when the offered load significantly exceeds capacity
(refer to Chapter 1).

30-01-0200 Essential service protection

The purpose of this feature is to assure that lines designated by the operating
company as “essential”’ receive priority originating service during periods of
extreme overload. Each line in the DMS-100 is designated as either essential
or non-essential.

When ESP is activated, those lines designated as essential will be given
preferred service. Originations from these lines will be treated before all
others. Non-essential lines will be given equitable service with the
maximum throughput possible. ESP is activated or deactivated manually.

30-02-0000 Customer line checks

30-02-0100 Power cross test

This test is used to determine if any foreign voltages exist on a customer
line.

30-02-0200 Ringing continuity test
This test is performed to ensure that no open circuit exists on a loop.
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30-03-0000 Numbering plan

The numbering plan is a feature that utilizes destination code numbering to
provide a uniform method for identifying a main station in accordance with
the North American numbering plan (Notes on the BOC IntraLATA
network). A destination code consists of a three-digit NPA code, a
three-digit central office code and a four-digit station number. A destination
code is also referred to as a national number. All ten digits or, more
commonly, the last seven digits of a destination code are referred to as a
directory number or telephone number.

30-04-0000 Direct distance dialing (DDD)

DDD is a feature that permits eligible customers to place calls without
operator assistance by dialing a set of digits in accordance with the
numbering plan (see Feature 30-03-0000).

30-05-0000 Permanent signal

Permanent signal is a feature that tests for the reception of digits after dial
tone has been returned to an originating line. If no digits are received within
a limited time after the start of dial tone to the calling line, the line is
considered to be in a permanent signal state (off hook) and permanent signal
treatment is applied. Permanent signal timing is recommended as 16-24 sec,
but longer intervals may be required for some applications. Permanent signal
treatment consists of a sequence of steps including an announcement
followed by receiver off hook tone to attempt to clear the condition (refer to
Chapter 4).

30-06-0000 Digit interpretation

Digit interpretation is a feature that provides for the recognition of the end of
customer dialing and the recognition of dialed digits as prefixes, central
office codes, NPA codes, and other types of dialed information. The digit
interpretation rules applicable to a local system are office dependent in
accordance with the feature arrangements provided (refer to Chapter 4).

30-07-0000 Digit interpretation timing

30-07-0100 Partial dial

Partial dial timing is activated after each digit is received unless the system
has determined that dialing is complete, critical interdigital timing is
activated, or dialing is invalid. The partial dial timing interval is

recommended to be 16—-24 sec. Certain applications may require longer time
intervals. A time-out after this interval indicates that the customer will be
given partial dial treatment. Partial dial treatment consists of a series of steps
including an announcement followed by receiver-off-hook tone (refer to
Chapter 4).
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30-07-0200 Critical interdigital timing

Critical interdigital timing is activated when the digits received could

provide sufficient information to complete a call, but the possibility of
receiving additional valid digits exists. For example, after the seventh digit

of a ten-digit station call has been received, the system might assume that no
digit will follow. However, one option allows a short period of time for the
customer to continue dialing the eighth digit of a ten-digit call. This period

of time is a critical interdigital timing interval and is approximately four
seconds in duration. A time-out after the critical interdigital timing interval

is treated as a completed dialing condition.

30-07-0300 End of dial

This feature allows the system to determine that dialing is complete and then
process the call with a minimum of delay. A customer alternative to timing

is the use of the # key on the DTMF (or equivalent) set to indicate the
intended end of dialing. The system will in this case interpret the # signal
from a DTMF (or equivalent) set to be the end of dial signal.

30-08-0000 Screening

Screening is a feature that determines the eligibility of a customer to
complete a call as dialed based upon class-of-service information associated
with the line. Prior to routing a call as dialed the system will screen the call
and deny completion of all calls that are found to be ineligible due to
class-of-service restrictions (refer to Chapter 4).

30-09-0000 Routing

Routing is a feature that determines the terminating line or trunk group
based upon an analysis of the digits received, call history, and screening of a
line where required (refer to Chapter 4).

30-10-0000 Alternate routing

The system will attempt to route a call to the trunk group assigned as the
primary trunk group. If no trunk is available in that trunk group, the system
will attempt to route the call in a predetermined sequence over each alternate
trunk group assigned for the destination code requested (refer to Chapter 4).

30-12-0000 Subscriber directory number dialing features

These features relate to the subscriber dialing practices for calls in a given
NPA. In the definitions under this feature set, the symbol “X” denotes any
dialed decimal digit (0-9), “N” denotes digits two through eight, “P”
denotes digits zero or one.

The first three digits of a seven-digit address or digits four through six of a
10-digit address are the office code. The first three digits of a 10 digit
address are the NPA code. NPA codes are of the formal NPX (excluding N11
codes). Office codes are preferably of the format NNX (which are
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distinguishable from NPA codes). However, some NPAs have exhausted all
NNX formats for office codes and had to resort to using office codes of the
NPX format, thus giving rise to code ambiguities. Code ambiguities can be
resolved by the prefix method or a critical (four seconds) inter digital
time-out after the seventh digit, depending on the switching environment.

Subscriber dialing practices are usually uniform for a given NPA, and are
governed by the constraints or capabilities of the exchanges in the NPA
(common control or non-common control), and whether or not NPX formats
are used for exchanges in the NPA.

30-12-0100 Prefix ‘1’ for inter/intra NPA billable calls

The DMS-100 translations permit the use of the prefix ‘1’ for all billable
(non-local) 7 and 10 digit calls. This scheme may be used to provide
uniform dialing within an NPA with Step-by-Step (SXS) exchanges (which
require the ‘1’ prefix for routing to a serving CAMA office for billing). If an
NPA with this dialing arrangement exhausts the NNX format and uses NPX
formats for some office codes, then the code ambiguities can be resolved by
the use of a critical (four second) interdigital time-out after the seventh digit.
Valid call addresses for this arrangement are:

Non-ambiguous codes

« non billable: NNX—XXXX

« 7 digit billable: 1 + NNX-XXXX

« 10 digit billable: 1 + NPX—NXX-XXXX

Ambiguous codes
« non billable: NXX-XXXX
« 7 digit billable: 1 + NPX-XXXX (T > 4 sec.)

« 10 digit billable: 1 + NPX-NXX-XXXX (no critical time-out occurred
after 7th digit)

30-12-0200 Prefix ‘1’ for 10-digit calls

The DMS-100 translations permits the use of a ‘1’ prefix digit to indicate 10
digits follow (‘1’ plus seven digits will be routed to treatment). This
arrangement is used in NPAs where all exchanges are common control and
ambiguous NPX codes are in use (or planned to be used) for office codes.
Codes allowed for this feature are: 1 + NPX-NXX-XXXX.

30-12-0300 No prefix required for 7- or 10-digit calls

This translation arrangement provides for routing of 7 and 10 digit station
calls dialed without a prefix. This scheme is adopted in NPAs where all
exchanges are common control and there are no ambiguous office codes in
the NPA. Features 30-12-0301 and 30-12-0302 are two examples of this
feature.
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30-12-0301 Prefix ‘1’ allowed on 10-digit calls only

With this arrangement prefix ‘1’ is allowed on all 10 digit calls. If less than
10-digits are dialed following the prefix, the call is routed to treatment.
There are three codes allowed:

1 NNX-XXXX
2 NPX-NXX-XXXX
3 1+ NPX-NXX-XXXX

30-12-0302 Prefix ‘1’ allowed on 7- or 10-digit calls

With this arrangement, the prefix ‘1’ is not required, but is permitted, on any
7 or 10 digit call (including 7 digit calls within the same exchange). There
are four codes allowed:

1  NNX-XXXX

2 NPX-NXX-XXXX

3 1+ NNX-XXXX

4 1+ NPX-NXX-XXXX.

30-12-0305A Dialing arrangements for carrier access

There are three general IC/INC access arrangements of specific interest from
a dialing procedure standpoint. These are referred to as Feature Group A
(FGA), Feature Group B (FGB), and Feature Group D (FGD).

Access plan Dialing procedure
Feature Group A NXX-XXXX + 2nd dial tone + ID Code + called
number
Feature Group B (1 +) 950-PXXX 2nd dial tone + ID Code + called
number
Feature Group D*  10XXX (+1) + 7/10 D [(1+) 7/10 D]
10XXX +0+7/10D [0+ 7/10 D]
10XXX + 0 (#) [LOXXX + 0 (#) or (00 {#})]
0 (#) [0 1
10XXX + 01+ CC+ [01 + CC+ NN #) ]
NN (#)
10XXX + 011 + CC + [01 + CC + NN(#)]
NN (#)
10XXX + # [LOXXX + #]

*sequences in brackets [ ] are for calls using the PIC.
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30-13-0000 Foreign area translation (six-digit translation)

Foreign area translation is a feature that provides selective routing for
10-digit calls based upon the requested FNPA code and office code. This
translation is only required for FNPA's which can be accessed by more than
one route (refer to Chapter 4).

30-14-0000 Operator assistance — dial ‘0’

Operator assistance in response to dialing a single digit ‘0’ is a feature that
routes a call directly to an operator for assistance (refer to Chapter 4).

30-15-0000 Dial ‘0’ plus 7 or 10 digits
When a ‘0’ plus 7 or 10 digit call is recognized and dialing is determined to
be complete with a valid destination code, the call is routed to an operator
system. The 7 or 10 digits received are outpulsed to the operator system. The
caller uses this dialing sequence to access an operator system when alternate
billing (calling card) or operator assistance (person-to-person call) is desired.

30-16-0000 Service codes

30-16-0100 Service code N11

Service code N11 is a feature that provides simplified dialing in order to
complete calls to frequently called service facilities. Service codes are of the
form N11, where N is any digit two through nine. When the system receives
a valid service code, as specified by the operating company, dialing shall be
considered complete and the call will be routed to the trunk group associated
with the service requested. Although all service codes are not universally
applied in all central offices, the typical application of service orders is as
follows.

« Local directory assistance — 411
+ Repair-611

« Business office — 811

- Emergency — 911

30-17-0000 Interface to directory assistance system

Directory assistance codes is a feature that routes calls to a local or FNPA
directory assistance operator based upon the digits received. The option of
charging for directory assistance calls is provided.

Directory assistance codes may vary in different areas. The system is
capable of interpreting and routing any one, a subset of all, or all of the
appropriate codes to a directory assistance facility.

. 411
- 1411
- 555-1212
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. 1-555-1212

. NPA-555-1212 (NPA = 3-digit NPA code)

. 1-NPA-555-1212 (NPA = 3-digit NPA code)
«  10XXX-555-1212

«  10XXX-1-555-1212

«  10XXX-NPA-555-1212

«  10XXX-1-NPA-555-1212

30-18-0000 Custom calling service access codes

Custom calling service access codes is a feature that permits the system to
provide custom calling services to the customer with a standardized set of
two-digit codes following a service access code prefix * or 11.

30-19-0000 inter-system address outpulsing (MF and DP)

inter-system outpulsing is a feature that provides the forwarding of MF or
DP address information from a from the DMS-100 Family system to a
distant office. The system provides the following (see Features 30-19-0100
through 30-19-0400) minimum capabilities (customer dialed prefixes are not
normally outpulsed).

30-19-0100 Outpulse 2-15 digits MF and DP

Outpulse the dialed number received (from 2 to a maximum of 15 digits)
(refer to Chapter 4).

30-19-0200 Delete digits (up to 15)
Outpulse the dialed number with the first digit suppressed (on a maximum of
15 digits) (refer to Chapter 4).

30-19-0300 Prefix digits (up to 11)

Outpulse the dialed number received with one to eleven digits prefixed. The
system can suppress up to a maximum of fifteen digits and then prefix up to
eleven digits (refer to Chapter 4).

30-19-0400 Outpulse seven digits for valid service codes

A specified seven-digit number may be outpulsed upon receipt of a valid
service code.

Provision is made for specifying the number of digits to be suppressed,
prefixed, or both based upon each interoffice destination code.

30-20-0000 Reception of outpulsing from other systems

The reception of outpulsing from other systems is a feature that permits the
accumulation of MF or DP address information in order to locally terminate
a call. The number of digits required for each application is dependent upon
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the local office trunk group arrangement, the distant office outpulsing
characteristics, and local office destination code assignments (refer to
Chapter 3).

30-21-0000 Intercept routing for calls to blank, changed, disconnected,
or unassigned directory numbers

Intercept routing for calls to blank, changed, disconnected, or unassigned
directory numbers is a feature that permits the system to alert calling
customers (local or inter-system) to the reason why a call cannot be
completed as dialed. In addition, where applicable, it is desirable that the
calling customer be provided with the correct information required to
complete the call without operator assistance. No charge is made for calls
routed to intercept. Features 30-21-0100 through 30-21-0300 intercept
treatments are provided for these type calls.

30-21-0100 Announcement — local or remote
Calls may be routed to local or remotely provided announcements.

30-21-0200 Operator
Calls may be routed to local or remotely located operators.

30-21-0300 Interface to intercept system

Trunk group type Al is provided to interface with an automatic intercept
system. Calls which cannot be completed as dialed are assigned various
treatments. Any treatment, through translations, can be routed to an Al trunk

group.

30-23-0000 Remote switching units (RSUs)

The DMS-100 Family offers remote switching with a family of remote
modules of various sizes and capabilities. Subscribers served by these
remotes are provided with the same grade-of-service and the same feature
set as that available to subscribers served by the host. The remotes interface
the controlling DMS-100 host office using DS-1 links and offer such options
as intra-calling and Emergency Stand-Alone (ESA).

DMS-100 Family, DMS SN remotes are discussed in Chapter 2.

30-25-0000 Timed release disconnect
An originating office causes a TRD if the calling party fails to disconnect
within an operating company specified (160 ms to 40.8 sec) time after the
called party has gone on hook. TRD timing is not performed by the local
office on calls routed to operator systems.

30-26-0000 Tandem capability

The tandem office feature provides the local switching system with the
capability to serve as a tandem or local/tandem office. The tandem office is
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an intermediate switching center primarily used to switch trunks between
local or tandem offices and other local or tandem offices. Each local office

in an area may have trunks to one or more tandem offices, but each tandem
office does not necessarily have trunks to every central office in the area. In
many cases, local offices are connected with each other by direct trunks that
do not go through a tandem office. Tandem switching is a means of making
economical use of trunks and switching equipment, where otherwise many
small separate groups of trunks would be required to interconnect different
offices in the same general area.

30-26-0100 Limited local tandem switching

This feature provides only the capability for interconnecting an originating
local office to a terminating local office.

30-26-0200 Local inter-tandem switching

This feature provides, in addition to the capabilities of Feature 30-26-0100,
the capability to interconnect local tandem offices and to connect the local
office with another tandem office.

30-28-0000 CLASS - screening list editing

This feature package provides the support capabilities necessary for the
telephone operating company to administer the CLASS and CLASSPLUS
features that use screening lists:

« Distinctive Ringing/Call Waiting (NTXA42AA)
+ Selective Call Forwarding (NTXA95AA)

« Selective Call Rejection (NTXA96AA)

+ Selective Call Acceptance (NTXA45AA)

Screening List Editing (SLE) allows the subscriber to program a list of
directory numbers for one or more of these services as well as to activate
and deactivate the service. With SLE, subscribers have keypad control over
which incoming calls they wish to accept, reject, forward or be identified by
distinctive ringing/call waiting tones. Up to 31 different list entries are
allowed for each service.

The subscriber can activate/deactivate the screening list features, obtain
feature status reports and create or modify the directory number screening
lists. This package is a prerequisite for any of the screening list features
Additional DRAM hardware must be provisioned to support screening List
Editing features.

31-00-0000 Data base services
31-01-0000 Service switching point (SSP)

This feature provides the DMS-100 Family Equal Access End Office or
Access Tandem with 800 SSP functionality. The initial function of the SSP
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is to process calls that require remote data base translations for 800 service

calls. To accomplish this, the DMS-100 recognizes these calls,
communicates with the data base, and then handles the calls in accordance

with the data base instructions. This functionality assumes the
implementation of SS7 in the BOC network.
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31-02-0000 BOC 800 Service
(See Feature 31-01-0000)

32-00-000 Data services
32-10-1000 Public switched digital service (PSDS)

PSDS is a circuit switched digital transport capability that allows a
subscriber to send data at 56 kb/s over the public switched network. PSDS
may be deployed utilizing high-speed DATAPATH capabilities (see Feature
02-01-1060). Data units capable of interworking with AT&T’s Circuit
Switched Digital Capability (CSDC) are available.

35-00-0000 System maintenance features
35-01-0000 Trouble Detection

The DMS-100 uses a variety of methods for determining actual and potential
hardware and software troubles.

35-01-0100 Hardware redundancy

Major system hardware is duplicated and/or arranged so that a failure in a
major system function is detected rapidly, the cause of the failure identified,
and if required, the system provides for the automatic substitution of a spare
standby unit or bypass. With hardware redundancy, failure of a single
hardware unit does not cause a major loss of system call processing.

35-01-0200 Hardware checks

Hardware troubles are detected by means such as redundantly encoded and
checked programs and data, matching of the operation of duplicated units,
and self-checking hardware. The fault detection facilities permit automatic
corrective actions to be taken rapidly to maximize the system’s ability to
respond to real-time inputs or to provide adequate output information and
reduce or eliminate the mutilation of calls being handled.

35-01-0300 Software checks

The DMS-100 uses various trouble detection strategies to detect troubles
before service is impacted.

35-01-0310 Continuous automatic tests

Continuous tests detect troubles, such as continuous data transmission
errors; two types of continuous tests, audits and sanity test, are described in
Features 35-01-0311 through 35-01-0312.

35-01-0311 Audit programs

In DMS-100 Family systems extensive audit programs are provided to detect
and correct data errors before they can propagate and lead to system outages
or significant service degradations. Audit programs are run on a routine

basis and are interlocked with normal call processing (refer to Chapter 1).
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35-01-0312 Sanity tests

Basic checks are continuously made to ensure that the call processing
program modules are cycling in proper sequence and on a timely basis.
Emergency action software is capable of invoking actions to recover from
fault conditions with a minimum degradation of system call processing
capability (see Equal access recording in Chapter 6).

35-01-0320 Per-call trouble detection

Connections set up by the switching system are tested to detect troubles in
equipment such as peripheral modules or network equipment elements
associated with that connection.

35-01-0321 Call processing data base trouble detection

Troubles in the call processing data base resulting from syntactically correct
but functionally incorrect entries (for example, incorrect routing translation
table) are detected and reported by the switching system (for example, as
abnormally high overflows or other call completion problems).

35-01-0322 Call processing resource availability tests

These tests detect the lack of currently available call processing software
resources such as Call Condense Blocks (CCB) and Call Processing (CP)
letters.

35-01-0323 Ineffective attempt detection

Calls that cannot be satisfactorily completed after two attempts will be
routed to treatment. Each failure scores the appropriate equipment failure
peg count (refer to Chapter 6).

35-01-0324 Cut-off call trouble detection

Operational measurements provide a count of all calls cut-off as a result of
CPU restarts.

35-01-0325 Path integrity test
Connections set up through the network are tested before and during use by
the DMS-100 internal integrity checking mechanism (refer to Chapter 1).

35-01-0326 Network path privacy of communication test

This test protects customer privacy of communication by checking for
unwanted connections with other network paths (refer to Chapter 1).

35-01-0327 Tip and ring polarity check test
This test detects tip and ring polarity reversals in the switching system
network.
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35-01-0330 Periodic automatic tests

Periodic automatic tests are performed on standby units of a duplicated unit
pair operating in an active-standby state, on units in a non-duplex

redundancy scheme, and on server groups such as transmitters and receivers.

35-01-0340 Semi-automatic trouble detection tests

Individual automatic tests may be requested from a local, remote, or portable
MAP and the results presented at that location or at a different location, if so
requested.

35-01-0350 Manual tests

Certain testing requires manual assistance or intervention such as the
periodic testing of the person/system interfaces or the ability to remove and
restore power from an equipment unit. These tests are simplified and their
number minimized to avoid procedural errors and reduce the training and
continuing effort required of maintenance personnel.

35-01-0360 Inhibit of trouble detection

The use of manual tests is limited to the type of testing that requires manual
assistance or intervention by the nature of the test (for example, testing of
the person/machine interface).

35-02-0000 Service recovery
Service recovery capabilities are intended to recover the switching system
from detected troubles, both internal and external, in order to protect service
with minimal impact on customers. Service recovery includes automatic
reconfiguration of major functional units such as processors, memories, and
busses to obtain a working configuration.

Service recovery strategies protect stable calls first and transient calls
second. Automatic service recovery strategies are preferred to manual
strategies.

35-02-0100 Fault recovery programs

In the DMS-100 Family, the maintenance system is designed to detect and
analyze faults, to take corrective action, and to alert the maintenance
personnel. The maintenance system is subdivided into several subsystems,
each of which is responsible for its own level of hardware. Each subsystem
has specific responsibilities:

« routine testing

- fault detection

- fault analysis

« error reporting, diagnostic report, and/or subsystem status
+ reporting
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Isolation and recovery software locates the source of the fault, and
reconfigures the system so that subsequent calls will not be affected. To
ensure the integrity of the DMS-100 Family system software, hardware and
software mechanisms are provided to continually verify its sanity. They
include data table indexing range checks, audits of software structures, and
sanity timer which guards against software or micro-program loop errors not
otherwise detectable.

35-02-0200 Initializations

The various levels of “loss of sanity” lead to different levels of initialization
in the central control. The number of levels executed will depend on the
severity of the problem. If, at the highest level, the system fails to initialize,
an activity switch occurs and an attempt is made to initialize on the newly
active machine, with a further activity switch if this too is unsuccessful.
After three unsuccessful attempts to switch activity and resume normal
operation the bootstrap loader is activated in the auto-load mode (refer to
Chapter 1).

35-02-0300 Automatic service recovery and protection

Automatic service recovery and protection features that do not require
manual intervention are provided where trouble conditions affect service to a
group of customers (refer to Chapter 1).

35-02-0310 Automatic treatment of errors

A failure in DMS-100 Family Systems can be diagnosed as either a hard

fault or a transient error. If a failure is diagnosed as a transient error, the
event is entered in the log. If the threshold is exceeded, the status is changed
on the MAP and a trouble record is output. The appropriate equipment

failure register is scored.

35-02-0320 Automatic treatment of faults

Equipment units with detected faults are automatically removed from
service. The equipment experiencing fault conditions is removed from
service as soon as the fault is detected provided system operation is not
severely degraded (see OUTWATS zone support in Chapter 6).

35-02-0330 Equipment selection procedures

Automatic equipment selection procedures are such that calls encountering a
trouble have a reasonably high probability of completion on subsequent
customer or system retries (see Local call detail recording in Chapters 3 and
6).

35-02-0340 Safeguards against taking good equipment out of

service

Safeguards are provided so that trouble conditions within the service
recovery and protection facilities can be detected and the trouble isolated to
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a minimum number of units. A trouble condition will not result in a large
proportion of non-faulty equipment being taken out of service. Thresholds
may be established (see OUTWATS zone support in Chapter 6).

35-02-0400 Manual service recovery
Manually initiated system initializations and re—configurations supplement
the automatic capabilities.

35-03-0000 Trouble notification

Facilities and procedures are provided to alert persons to the existence and
severity of a trouble condition. The notification provides adequate
information for craftspersons, with minimal training, to verify and locate the
trouble condition(s).

35-03-0100 Three-level alarm structure

The office alarm subsystem reports system trouble conditions to office
personnel located on-site or remotely (refer to Chapter 6). The severity of
each trouble is indicated using different levels of urgency:

+ critical alarm — The critical alarm indicates that a severe,
service-affecting condition has occurred and that immediate corrective
action is imperative, regardless of the time of day or the day of the week.
An example of a critical alarm condition is a duplicated memory outage.

« major alarm — The major alarm may be a hardware alarm or a program
alarm. It indicates a serious disruption of service to customers, or
malfunctioning or failure of important circuits. These require immediate
corrective action to restore or maintain system capability. Thus, a major
alarm would justify the calling of a maintenance person at any time of
the day or night to an unattended office. An example of a major alarm
condition is when a trunk group has reached its out-of-service limit.

« minor alarm — This may be a hardware alarm or a program alarm. It
indicates the existence of a trouble that does not have a serious effect on
service to customers, or malfunctioning or failure of circuits that are not
critical to system operation. An example of a minor alarm condition is
when a trunk is removed from service and put on a high-and-wet list.

35-03-0200 Audible alarms
The system provides the software and hardware for generating audible

alarms. Unique alarms are used to distinguish different alarm levels (refer to
Chapter 6).

35-03-0300 Visual alarm indicators

Visual displays are provided to indicate the various types of alarms locally
and at locations other than the maintenance control center in accordance
with local practices (refer to Chapter 6).
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35-03-0400 Output messages

In addition to audible and visual alarms, output messages report alarmed
maintenance information to the operating company personnel. Reference to
paper based documents is not normally necessary to isolate the trouble and
perform further tests.

35-03-0500 Trouble status indicators
Trouble status indicators in the office include:

« system status indicators which display the status of the major units of
equipment of the system

+ state of health indicators which do not necessarily denote trouble but
report such conditions as system load

« other visual indicators such as aisle pilots and exit alarm panels

35-03-0600 Office alarm subsystem

The DMS-100 alarm system is designed to generate audible and visual
indications of trouble conditions detected within the DMS or in associated
equipment (refer to Chapter 6).

35-03-0700 Alarm inhibit
Provision is made in the DMS-100 to selectively inhibit certain non-critical
alarms in special situations where repeated alarms would mask valid alarms.

35-04-0000 Trouble verification

The DMS-100 will take actions to verify that a trouble exists prior to
providing a trouble indication. Additional testing may be invoked prior to
initiation of repair to determine the continued existence of the problem and
to verify that the trouble has been cleared. Thresholding is available for
certain classes of troubles in order to avoid premature service recovery
action and trouble notification.

35-05-0000 Trouble isolation

Test hardware, software, and procedures are provided to locate a defective
unit with no disruption of service once a trouble condition has been detected
and verified.

35-05-0100 Trouble location procedure

In order to facilitate the isolation of faults in DMS-100 Family systems, the
maintenance and administration position is provided with a telescoping
process to determine the smallest number of replaceable units which can be
changed to restore system status to normal (refer to Chapter 6).

35-05-0200 Diagnostics

These programs are provided to identify the failing element in a faulty unit
to a relatively few quickly changeable spare parts (for example, a circuit
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pack or a plug-in module of apparatus). The simplicity and speed of repair is
an essential component of the overall system objective. After a suspected
failed part or parts have been replaced, diagnostic programs can be requested
in order to determine if the trouble has been cleared or the unit is still faulty.

The output of the diagnostic tests of a faulty unit yields direct information as
to the location of the failed replaceable elements. The diagnostic programs
do not interfere with the normal call processing programs or system
operation (refer to Chapter 6).

35-05-0300 Error analysis

As described previously the DMS-100 Family systems distinguishes
between faults and errors. Statistics on errors are kept and analyzed
periodically and the results printed out. When errors exceed a threshold,
which in many cases is customer changeable, the faulty equipment is
automatically removed from service and appropriate messages are routed to
the LOG and/or alarm system (see Features 35-02-0100 and 35-02-0310).

35-06-0000 Repair
In DMS-100 Family Systems, all faults detected by diagnostics will dictate a
repair procedure. To facilitate maintenance and administrative functions at
the equipment location, each line or trunk module frame is equipped with an
I/O port multiple for connection to a portable MAP or other ASCII
compatible 1/0 terminal. An extensive range of interrogation and control
functions are provided. For example, the status of a line or trunk can be
displayed and it can be made maintenance busy. Since trunk circuits may be
packaged two or more to a module circuit board, capability is provided to
display the status of circuits on the board and also to simultaneously busy
them out; that is, park make-busy until all idle.

In the DMS-100 Family equipment identification scheme, a dual

identification code defines each equipment entity down to the card and
circuit level, in terms of its function and location. These codes appear on
each component in the packaging hierarchy (bay, shelf, card) and are also
stored in the system data base. The significance of this feature to the
maintenance personnel is that maintenance actions and equipment faults will
be specified in system output by both location address and equipment
function. As a result, repair time and the chance of human error will be
greatly reduced.

Where practical, hardware change to line circuit cards or trunk circuit cards
can be accomplished by an adjustment which does not require removal of
the card. These adjustments are made by means of switches on the card.

It is not necessary to remove power from a peripheral equipment unit prior
to removal or insertion of circuit packs. It may be necessary, however, to
remove power from some other equipment units prior to removal or
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insertion of circuit packs. Appropriate cautions are clearly identified and
documented.

35-07-0000 Maintenance person switching system interfaces
Refer to Data recording in Chapter 6.

35-07-0100 Maintenance and administration position (MAP)

The MAP provides an interface to assist in the fault recovery, isolation, and
repair processes. The assignment of various maintenance and administrative
functions to specific MAP units is specified by the operating company. A
specific MAP unit may be assigned the capability to perform all functions if
desired. Alternately specific MAP units may be assigned subsets of the total
capability, or single functions (refer to Data recording in Chapter 6).

35-07-0200 Switching system control and display interface

The MAP VDU is the principle man-machine interface between the
maintenance personnel and the DMS system. The VDU screen area
available for system output is 80 characters wide by 24 lines long. In the
maintenance mode, the screen is divided into a number of areas which are
used for displaying various types of information:

+ System status area (3 lines by 80 characters) indicates the alarm and/or
operational status of the system, with immediate automatic updating of
the current display.

« Work area (variable number of lines by 68 characters wide) provides:
— descending levels of subsystem status

— display of working data (posted trunk numbers and voltage an
frequency levels applied and measured)

+ Command menu display area (20 lines by 12 characters wide) defines
the function which can be performed at the position at any given time.

« Command interpreter output area (variable number of lines by 68
characters wide) provides:

— output of system reports (including error, action taken, and
diagnostic messages) upon operator request

— output defining specific components of the system

« Input echo area (1 line by 68 characters) provides an echoed statement of
the most recent operator input command string.

« User identification and time (2 lines by 12 characters) provides the
identification of the user logged into the MAP and the time of day.

Refer to Data recording in Chapter 6.

There are two other system visual displays:
« alarm display panel (refer to Chapter 6).
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« CPU status indicators (refer to Chapter 1)

35-07-0210 Alarm release

Audible alarms in the DMS-100 Family can be cancelled by the removal of
the alarm condition or, if it is a system detected fault, by the operation of a
key on the Alarm Control and Display Unit (ACD) located near the MAP.
Subsequent audible alarms are not inhibited.

Alarm and status indications displayed at the MAP cannot be retired
intentionally until the alarm condition is cleared (refer to Chapter 6).

35-07-0220 Alarms transfer

This feature permits the transfer of major and minor alarm indications, for
the system and its power plant, to a distant office. With the Switching
Control Center System (SCCYS) interface, alarms in the transferred mode will
appear at the DMS office for a short period of time (spurt alarms) and then
automatically retire (refer to Chapter 6).

35-07-0300 System maintenance input/output interface

The MAP provides an interface between maintenance personnel and the
DMS-100 Family of digital multiplex switching systems. The tasks
performed at the MAP include general maintenance functions (error
detection and diagnosis), administration functions (network management,
customer data modification), and trunk testing functions.

The MAP is designed to operate as a single entity for small office
applications, as well as a large system interface where a number of MAP
units can operate concurrently. The basic components of the MAP include a
VDU, with keyboard, a voice communications module, testing facilities and
optional position furniture.

The VDU screen will display system output, and inputs to the DMS system
are made through the VDU keyboard. Other devices such as printers can be
used in conjunction with the VDU. Printers associated with the VDU will
operate in parallel with it.

Compatible input/output devices or terminals may be used in addition to the
standard MAP units for the various MAP functions (refer to Chapter 8).

35-07-0400 Extended maintenance interface (Beltline)

Equipment frames provide jacks on the FSPs so that portable MAP units or
equivalent, may be connected to the system. The configuration allows the
device to transmit and receive input and output messages. The jacks are
placed such that the portable MAP is located near the immediate vicinity of
the equipment undergoing test or repair.
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The frames with electronics are equipped with an FSP as standard
equipment. In the case of double bay frames, each bay is equipped with the
FSP.

35-08-0000 Remote maintenance

This feature provides interfaces permitting full remote maintenance

operation excluding repair requiring physical action on equipment. The

feature allows, at the remote maintenance location, all MAP capabilities
available at the switching system location. These capabilities include: I/0O
messages, visual and audible status indications and alarm conditions,
equipment control, unit isolation, system reconfiguration and initialization,
office data access and change, and control of ac, dc and transmission tests on
trunks. These capabilities allow the craft at the remote maintenance location
to operate, administer and maintain the switching system with the same
effectiveness as at the switching system site.

35-08-0300 Interim defined central office interface (IDCI) to the
switching control central system (SCCS)

This feature provides for three logical channels from a Network Element
(NE) to the SCCS that will enable remote surveillance of the NE from the
SCC. With this interim generic interface, SCCS can provide a remote
surveillance capability that is functionally equivalent to that provided for
embedded SCCS interfaces that conform to 35-08-0100 and 35-08-0200
without requiring any SCCS NE-specific development.

35-09-0000 Maintenance measurements

To assist in the determination of the grade of service provided to the
customer and of the system switching performance, an extensive set of
maintenance measurements is automatically kept by the system (refer to
Chapter 5).

40-00-0000 Trunk, line and special service circuit test features
40-00-1000 Trunk maintenance

Means are provided to detect faulty incoming and outgoing trunks and
service circuits, automatically and/or manually, to protect service from
faulty trunks, to allow verification of a fault, and to allow isolation (refer to
Chapter 6).

40-00-1200 Trunk and line control and display interface

MAPs are provided to permit CO maintenance personnel to maintain trunks,
lines, special service circuits and switching system service circuits (MF
receivers, etc.). Each MAP may be designated as a TTP, an LTP, or a
combined LTP/TTP (refer to Chapter 6).
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40-00-1300 Trunk and line maintenance 1/O interface

A trunk and line maintenance 1/O interface is provided to permit the
craftsperson to enter messages concerning trunks or lines and to receive
appropriate output messages. This is done through a MAP designated as a
trunk test position or line test positions. MAP units may be assigned as
either TTP or LTP or both, as required by the operating company (refer to
Chapter 6).

40-00-1400 Supplementary trunk and line test position (TLWS)

In larger offices, additional trunk test facilities may be required and one or
more additional test positions may be added to the system to provide this

capability. These positions provide the same set of features as provided at
the above test positions.

40-01-0000 Trunk test features at the trunk and line test position (TLWS)
Refer to Chapter 6.

40-01-0100 Diagnostic tests

Outgoing trunks may be checked by placing program initiated and controlled
test calls to test lines in the distant office and detecting the response signals
received over the trunk. Incoming trunks can be tested for the ability to
change state under manually initiated or system controlled process. Test
results are reported on the appropriate MAP channel and when a failure
results, trouble data isolates faulty components.

The system provides diagnostic data results which indicate the results of
each failing test performed by a diagnostic program. A diagnostic test may
be run several times on a specified trunk or service circuit through a single
test request. Means are provided to allow a diagnostic test of an outgoing
trunk to a specified type of far-end operational test line (synchronous or
non-synchronous) or a permanent busy, instead of the normal diagnostic test.

40-01-0200 Outpulsing tests

The outpulsing test is a feature that provides the means to place a call and
talk or listen over a specified outgoing trunk. It is possible to specify the
digits to be outpulsed over the trunk and the supervision returned over the
trunk is displayed at the test position.

40-01-0300 Make busy/make idle control
The make busy/make idle control feature provides the ability to make a
specific trunk maintenance busy or idle by manual request.

40-01-0400 DC voltmeter

In the DMS-100 Family, internal diagnostics will detect faults that are
caused by external dc type troubles. Further dc testing may be performed on
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subscriber loops through a remote dc testing mechanism accessed using the
MAP (refer to Chapter 6).

Metallic trunk access is provided on an optional basis by means of the SAS
manufactured by Telecommunication Technology Incorporated (TTI). The
SAS system has been integrated into the DMS-100 Family by means of
custom-design of the MAP and cabling arrangements (refer to Chapter 6).

DMS-100 Family trunk circuits do not include metallic access to the facility
conductor. VF access for transmission testing is obtained through the PCM
coded path through the network. DC measurements are not possible through
the network.

40-01-0500 Transmission measurements

40-01-0501 Basic transmission measurements

It is possible to send tone and measure received tone level and frequency in
order to make possible two-way determination of the standard transmission
parameters affecting voice communications: loss (level), C-message noise,
C-notch noise, gain-slope, return loss. It is also possible to apply an ac open,
an ac short, or a balance termination.

40-01-0502 Enhanced transmission measurements

It is possible, using external test equipment, to send tone and measure
received tone level and frequency in order to make possible two-way
determination of the standard transmission parameters affecting voice-band
data communications: peak-to-average ratio, intermodulation, impulse noise,
phase hits, gain hits, drop-outs, phase jitter, amplitude jitter, envelope delay
distortion, and frequency shift.

40-01-0600 Supervisory tests

Upon request, the system will display the status of incoming supervision on
trunks and allow control of the state of outgoing supervision.

40-01-0700 Trunk circuit diagnostics

The switching system provides trunk diagnostic results in response to
manual requests.

40-01-0800 Monitor

Capability to monitor a line or trunk that is service busy is provided using an
optional headset trunk.

40-01-0900 Talk

Capability is provided to set up a talk and listen connection, through a
headset trunk to a specific idle trunk without outpulsing digits. Thus, a
craftsperson with the same capability at the far end of the trunk can talk and
listen over the facility on a prearranged basis (refer to Chapter 6).
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40-01-1100 Test set connections

It is possible to connect portable transmission and signaling test equipment
to trunks at the test position. This is accomplished using jack-ended trunks
and headset circuitry (refer to Chapter 6).

40-02-0000 Remote trunk and line maintenance

40-02-0100 Remote trunk maintenance

This feature provides the capability for receiving and executing trunk test
access requests from remote work stations. These requests include
supervisory, outpulsing and transmission tests and remove and restore of
trunks from service, and setting up monitoring and talking connections (refer
to Chapter 6).

40-02-0200 Remote office test line (ROTL)

An ROTL allows two-way transmission tests to be made automatically on
trunks outgoing from the office containing the ROTL. These tests may be
initiated from a remote location. It also allows interrogation of trunk or trunk
group maintenance busy status from a remote location. ROTL is capable of
operating with the Centralized Automatic Reporting On Trunks (CARQOT)
system or with a processor controlled capability which permits locally
initiated semi-automatic ROTL tests (see Traffic separation measuring
system (MSTS) in Chapter 6).

40-02-0300 Remote line maintenance

This feature enables a craftsperson at a remote location, using a connection
to an incoming test trunk to access lines and verify status, and perform basic
tests such as resistance, leakage and current measurements and ringing and
coin control signals. This function may also be performed from a remote
MAP (refer to Chapter 4 [NT2X90]).

40-02-0301 Interfaces to local test desk and related systems

A test trunk (NT2X90) is provided for compatibility between a local switch
and existing maintenance systems such as the No. 14 Local Test Desk, the
Bell System Mechanized Loop Test System (MLT), and the Switched
Access Remote Test System (SARTS) phantom connector.

The switch provides a means for establishing a metallic connection between

a line to be tested and any of the above external maintenance systems. These
systems are equipped for testing using a standard test trunk circuit which
uses sleeve lead signaling. The DMS-100 is also compatible with various
other test desks and automated test systems. Nortel Networks will, upon
request, advise on the compatibility of the particular desk or system being
considered for application (refer to Chapter 4).
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40-03-0000 Local office test lines

Test lines are provided for testing lines and incoming trunks from

connecting offices. The transmission test lines listed in this Section may also
be used for tandem applications but would then be accessed by a 10X code
(see Operational measurements [OM] in Chapter 6).

40-03-0100 100-type test line

A 100-type test line provides a local office with equipment that first applies

a precise (1004 Hz, 1 mW) tone for a timed period, then a balanced
termination for transmission level and noise measurements. Line and trunk
access are provided to the 100-type test line (see Operational measurements
system components and organization in Chapter 6).

40-03-0200 101-type test line
A 101-type test line provides a communication line to a craft position (see

Operational measurements system components and organization in
Chapter 6).

40-03-0300 102-type test line

A 102-type test line applies a precise (1004 Hz at 1 mW) tone for
approximately nine seconds on, one second off, in a repetitive sequence.
Refer to Operational measurements system components and organization in
Chapter 6.

40-03-0500 105-type test line

A 105-type test line, with responder provides for automatic two-way loss
and noise measurements, plus gain slope, return loss, and noise in the
presence of tone on trunks requiring transmission testing (see "Operational
measurements system components and organization” in Chapter 6).

40-03-0600 Synchronous test line

A synchronous test line provides diagnostic tests of incoming trunk
equipment. A total of six supervisor pulses are returned followed by a tone
signal (see Operational measurements system components and organization
in Chapter 6).

40-03-0700 Non-synchronous test line

A non-synchronous test line tests incoming trunk equipment. Supervisory
pulses are repeated until disconnection takes place (see "Operational
measurements system components and organization” in Chapter 6).

40-03-0800 Permanent busy test line
A permanent busy test line returns a permanent busy signal.

40-03-1000 107-type test line
(Currently not planned for release.)
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40-04-0000 Outside plant test lines

40-04-0100 Dialable cable pair locator tone

This feature provides the capability for a craftsperson to locate a specific tip
and ring cable pair among a group of cables in any location. The
craftsperson connects a phone to any tip and ring cable pair and dials a
security access code of three to seven digits followed by the DN of the
desired line. The DMS-100 Family switch connects an external tone supply
to the desired line for a specified duration (refer to Chapter 6).

40-04-0200 Coin station test line access

DMS-100 Family provides metallic access to coin station test lines to allow
testing by the craftsperson at a coin telephone station.

40-04-0300 DTMF station test circuit

This circuit provides the capability for an installer (or customer assisted by
test desk personnel) to test the station ringer and directory number—Iine
assignment in the central office. It is possible to test DTMF stations,
including 12-button sets and repertory dialers such as the
TOUCH-A-MATIC.

40-08-0000 Automatic progression trunk and service circuit testing

DMS-100 Family Systems provide automatic progression trunk and MF
receiver testing which can be scheduled. The trunk and MF receiver tests are
scheduled by means of the automatic trunk testing feature. Before automatic
trunk and receiver testing can commence, scheduling information pertaining
to the trunk group, and so forth, has to be input. Once all the data has been
input, the ATT software will initiate the appropriate test. All circuits failing
tests can be optionally removed from service and detailed trouble reports
provided to highlight failures. Safeguards are provided to limit the number

of circuits that can be removed from service due to failures (see "Network
management” in Chapter 6).

40-09-0000 Automatic line insulation tests (ALIT)

In the DMS-100, the line insulation test will check the loop to determine if
there is a foreign potential on the conductors. Pass/fail thresholds may be
specified and the results routed as desired. This test may be scheduled and
may also be performed routinely on line appearances in automatic sequence.
The test may be requested to test a range of lines or all lines in the office.
Upon request, a craftsperson may perform ALIT tests on a single specified
line appearance (refer to Chapter 6).

40-10-0000 Ground start line terminating loop check

Each time that a call attempts to complete to a ground-start line the
DMS-100 will check that the subscriber loop is open before terminating the
call. If the loop is closed the call will be routed to re-order. This feature
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prevents false charging and premature ringing trip under certain ground start
line fault conditions.

40-11-0000 Test incoming trunks in tandem or local state

This feature is not required in DMS-100 Family Systems. There is no
difference in trunk configuration for local terminating or tandem calls.

40-12-0000 Automatic retest (Treatment) of permanent signals

40-12-0100 Lines

In DMS-100, lines which are not cleared during initial permanent signal
treatment are placed in a Permanent Signal (PS) lockout state. There is no
limit to the number of lines which can be in the PS lockout state. A message
identifying the line is output whenever it goes into the PS lockout state and a
minor alarm together with a TTY (or equivalent) message will be output
whenever the number of lines in the PS lockout state exceeds a certain
threshold.

The line state changes from PS lockout to idle when an on hook is detected.
A printout of lines in the PS lockout state can be requested by maintenance
personnel (refer to Chapter 3).

40-12-0200 Trunks (false seizures)

Trunks causing incoming seizure with no subsequent signaling are removed
from service, monitored for supervision, and restored to service when the
seizure is removed.

40-17-0000 Manual testing

40-17-0100 Manual test of line

This feature provides a craftsperson at an appropriate MAP with line
maintenance capabilities: to remove lines from service, to restore lines to
service, to verify the status of lines, and with access to lines for basic test
capabilities (resistance, leakage, and current measurements, ringing, and
coin control signals).

40-17-0200 Manual test of trunks

This feature provides a craftsperson at an appropriate MAP with trunk
maintenance capabilities: to remove trunks from service, to restore trunks to
service, to verify trunk states, and with access to trunks for basic test
capabilities (resistance, leakage and current measurements, supervisory tests,
Voice Frequency (VF) parameter measurements (see "Network

management” in Chapter 6).
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40-18-0000 Treatment of trunks with machine detected interoffice
irregularities (MDII)

40-18-0100 Removal from service of trunks with machine

detected interoffice irregularities

When this feature is activated, a trunk on which a unexpected stop dial
signal or a stop dial time-out occurred is held off-hook and kept out of
service. On occurrence, a message will identify the affected trunk. For
service protection the number of trunks thus withheld from service may be
limited. Trunk service activation is by a manual input command. This
feature will assist in the location of wiring transpositions external to the
switching system.

40-18-0200 Selective suppression of MDIl messages

This feature permits, when activated, suppression of MDII reports associated
with ineffective call attempts on a message type basis.

40-18-0500 Call irregularities due to trunk failures

40-18-0501 Detection, reporting, automatic diagnostic and trunk

removal safeguards

The system makes four provisions for call irregularities due to trunk failure:

« Call attempts that use a trunk and fail to complete are detected, reported,
and counted. (Calls are completed over other trunks if a failure persists.)

« The information reported includes all equipment involved in the
connection, type of failure, and address information. A retry will be
provided where required to meet blocking objectives.

- Diagnostic tests of suspected units are automatically initiated.

Refer to Chapters 3, 5, and 6.

40-18-0502 Trunk error analysis

The system provides error analysis of call irregularities due to trunk failure.
Consecutive faults on a trunk cause a diagnostic to be invoked and if the
trunk fails the diagnostic it is removed from service. Safeguards prevent
automatic removal of an excessive number of trunks from any trunk group.

40-18-0600 Identification of tip-ring reversals associated with

spurious answer signals

On demand, the system provides a report that identifies the loop supervision
outgoing trunk on which an anomalous supervisory state (false answer) is
detected at the end of outpulsing. This capability is applied to help locate a
probable external source of malfunction.

40-19-0000 Demand listing of trunk numbers of a specified trunk group

Upon request, the system will list all trunk assignments associated with the
trunk group specified (see "Network management [VDU]” in Chapter 6).
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40-20-0000 Print the trunk out-of-service (TOS) list

Upon request, all trunks in a specific state will be output based upon the
sequential assignment of trunk groupings or trunk appearances (see
"Network management [VDU]” in Chapter 6).

40-21-0000 Diagnose the TOS list

Upon MAP request, all trunks in a appropriate out-of-service-state may be
diagnosed (see "Network management [VDU]” in Chapter 6).

40-22-0000 Trunk group — remove from service (make busy)

Upon request, the system places all idle (not traffic busy) trunks in a
specified trunk group in the out-of-service locked out manual, or
out-of-service disabled manual state requested. Traffic busy trunks are
camped-on, and as they become idle, are also placed in the requested state.

This capability is available using standard MAP commands, or optionally
through scan point activation.

40-23-0000 Trunk group — restore to service (make idle)

Upon request, the system provides the ability to restore to service in the idle
state all trunks in a specified trunk group removed from service by use of the
remove from service feature (see Feature 40-22-0000).

This capability is available using standard MAP commands, or optionally
through scan point activation.

40-24-0000 Transmission testing of trunk groups

Upon MAP request, all trunks of a specified trunk group will be
transmission tested (see "Network management [VDU]” in Chapter 6).

40-27-0000 Line access to test position

The system provides craftspersons with the ability to dial directly from a line
to the test position. In the test state, all normal line tests are available.

40-28-0000 Multiple trunk test capability
The system provides the software capability to conduct tests on an
engineered number of trunks in parallel (see 'Network management [VDU]"
in Chapter 6).

40-29-0000 Trunk-to-trunk test connection

This feature provides a capability for establishing and disconnecting stable
connections between trunks or test circuits, in response to manual requests,
for the purpose of special tests (see "Network management [VDU]” in
Chapter 6).
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40-30-0000 Plug-up lists for trouble intercept routing

The system provides for a special case of permanent signal treatment for
lines. Such lines, when in trouble, are placed in the plug-up state by input
request. Calls to lines in this state are routed to a trouble intercept. When the
line changes state (off- to on-hook or vice-versa) it is automatically restored
to service.

40-31-0000 Transmission level point adjustment

The transmission level point adjustment feature provides for manual
adjustment of the trunk test measurement level.

40-32-0000 Carrier group alarm (CGA)

The DMS-100 system provides the capability of detecting CGA for directly
connected DS-1 systems.

A carrier link may be put out-of-service by the system when an alarm is
raised and returned to service by the system when the alarm is dropped.
However, if the alarms occur frequently, the carrier state may bounce
between system-busy and in-service.

To control the number of system Return-To-Services (RTS), a system RTS
counter exists for each carrier. The counter keeps track of the number of
times the carrier is RTS’ed within the audit interval. The counter is
incremented when the carrier is returned to service by the system and is reset
in the next audit.

Should the counter value exceed the maintenance limit, a warning is raised
in the MAP. Should the counter value exceed the out-of-service limit, a
criterion for putting the carrier permanently out of service is said to be
reached. Once a carrier is put permanently out of service, it will remain in
this state until it is successfully RTS’ed by manual action.

40-32-0100 Software carrier group alarm
(Currently there are no plans for development)

40-33-0100 In-service facility performance monitoring

Capability should be provided to detect, on an in-service basis, digital
transmission impairments such as coding violations, out of frames, and slips
on all facilities terminating at the Digital Interface Unit within the switch,

and to gather, store, and perform thresholding on all associated performance
monitoring parameters as stated in FR-NWT-000475, OTG&Rwvork
MaintenanceTransport Surveillance.

45-00-0000 Administrative features

45-01-0000 Data base management — memory alteration
See Chapter 5.
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45-01-0100 Assignments

A means of specifying line/telephone numbers, trunks, routing, and charging
assignments is available. A means of specifying the miscellaneous
equipment assignments is also available.

45-01-0200 Provision driven memory administration (PDMA)

With this feature, DMOs may be activated immediately upon entry or placed
in a POF in the system memory for activation at a later time. These DMO'’s
are input using the File Editor and Table Editor command repertoire. The

file editor is used to create the POF and the table editor DMO commands are
stored within the newly created file. While in the POF, DMQO’s may be
gueried, changed, or deleted. They may also be activated individually or all
at once with a single input command (refer to Chapter 5).

45-01-0300 Initialization and growth

A means is provided to initialize the data model and the contents of the data
base, and for the data base to grow as additional equipment is added in the
office.

45-01-0400 Office records verification and statistics

A means is provided to obtain office records and statistical summaries of the
data base for many operating company functions, perform ad hoc requests
for data in the data base, and audit a data base external to the central office
with the data base contained in the central office.

45-01-0500 Memory, backup and recovery

A means is provided to restore from a second source a damaged data base to
a consistent state (refer to Chapter 5).

45-01-0600 Program alteration

The DMS-100 Family System provides efficient means of altering system
memory data for both emergency and routine situations.

45-01-0700 Interface to centralized database management

centers

This feature allows the implementation of database management functions
from centralized operations support centers external to the switching system,
through remote MAPSs.

45-01-0800 Direct terminal interface for data change and verify

This feature provides the capability to efficiently perform data change and
verify functions locally and/or remotely without assistance from external
operations support systems (refer to Chapter 5).
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45-01-0900 Data base integrity and security

45-01-0910 Data base integrity
Measures are provided to protect the data base contents against invalid
operation and its accidental alteration or obliteration.

45-01-0920 Data base security

A set of protection measures are provided to prevent unauthorized access to
the data base to protect against disclosure, alteration or obliteration of its
contents.

45-02-0000 Monitoring of recent change area

Recent change area is not provided in DMS-100 Family systems (see
Feature 45-01-0200 for description on pending order file).

45-03-0000 Delayed activation of recent change message

Pending order file is provided in DMS-100 Family systems (see Feature
45-01-0200).

45-04-0000 Printout of call forwarding entries

This feature provides a printout that lists all lines with the call forwarding
feature. The information contained on the printout includes the call forward
state for each line, for example, | for inactive, A for active, or W for waiting.

45-05-0000 Teletypewriter input/output

Input/output capabilities for the DMS-100 Family are provided through
MAP units. The units include cathode ray tube type output and keyboard
input capabilities. Optional hard copy printers may also be equipped.
Multiple MAP units are normally provided as required by the operating
company.

Assignment of functions such as maintenance, traffic measurement, service
order or line/trunk testing are flexible. Single or multiple functions may be
assigned to particular MAP units or groups of units.

45-06-0000 Automatic traffic measurements
The system accumulates peg counts and usage data on lines, groups of lines,
trunks, groups of trunks, service circuits, groups of service circuits, and call
processing registers. Peg count and usage data are automatically output
through locally or remotely located devices for the periods consisting of
each quarter-hour, half-hour, and total day (refer to Chapter 5).

45-06-0100 Types of measurements

45-06-0101 Event measurements
Event measurements provide an accumulation of the number of times a
specific system action occurs (refer to Chapter 5).
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45-06-0102 Usage measurements

Usage is the duration of a specified condition, normally the busy condition
of a server. (A server is a system component that performs operations
required for the processing of a call.) It is collected, summed and
accumulated over time intervals which are specified for the type of server
(refer to Chapter 5).

45-06-0103 Data base statistics

Traffic data analysis requires that the switch be capable of reporting the
number of members or groups associated with specific traffic data (for
example, the number of trunks in a trunk group ). The statistics are available
in response to a query.

45-06-0200 Measurement applications
See to Chapter 5.

45-06-0201 Office totals

Office total measurements provide a picture of the system as a total
environment (primarily using type and number of call activities performed),
and an indication of system quality in terms of number and type of
incomplete activities.

45-06-0202 Component measures

Standard measurements are provided for each traffic sensitive system
component. A traffic sensitive component is a group of servers that provide
less than 100 percent switched capacity. This is a group of servers for which,
when all are in use, the probability of another request for use exists. The
term “component” includes hardware and, if appropriate, software server
groups. The measurements are provided on a per group basis and reflect the
sum of the individual servers in the group.

45-06-0203 Network measures

A system network is a set of common paths used to interconnect various
system components required for call processing. The paths are formed by the
use of switched link chains, which has the effect of providing wide access
using limited servers. The network measures are event measures (for
example, terminating calls) or usage measures (for example, service circuits
usage) that relate to the performance of the network.

45-06-0204 Subscriber measures

By providing additional information on origination and termination attempt
counts for each type of line and trunk, this feature enables telephone
operating companies to obtain accurate measurements for input to the
Real::Time tool. TheReal::Time tool allows telephone operating company
personnel to analyze and determine traffic performance for in-service
DMS-100 Family switches.
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45-06-0205 Validity measures
Information is provided with operational measurements which will allow the
data user to judge the reliability of the data.

45-06-0206 Division of revenue measures

The Traffic Separations Measurements System (TSMS) in DMS-100 Family
systems can be used for division of revenue purposes. This TSMS feature is
based on United States Telephone Association (USTA)/Bell “essential traffic
separations data—digital switching systems” (refer to Chapter 6).

45-06-0207 Local point-to-point data collection
(Currently not planned for release.)

45-07-0000 Service measurements

45-07-0100 Customer access service measurements

The measurements provided for this feature are initially very similar to those
described for Feature 45-06-0000, automatic traffic measurements, and
output as Feature 45-09-0000.

45-07-0200 Maintenance service measurements

Maintenance measurements provide data which may be used to evaluate
equipment performance and the impact of troubles on customer service, and
also to calculate an operating company defined performance index.

45-08-0000 Service measurement on special studies

In DMS-100, subscriber line usage registers can be assigned to measure
usage on selected subscriber lines. Up to a maximum of 1140 lines can be
measured in this manner. The measurements can be output using locally or
remotely located devices.

45-09-0000 Traffic measurement output

The DMS-100 provides an interface with the Engineering and
Administration Data Acquisition System (EADAS) for the output of
accumulated traffic measurements. Traffic measurements output is also
available through local or remote MAP channels.

In addition to the above capabilities, the DMS-100 is compatible with
various remotely pollable devices. Use of these devices, together with their
host computer system, permits traffic measurements to be received and
analyzed remotely. Nortel Networks will, upon request, advise upon the
compatibility of the particular vendor equipment being considered for use.

45-09-0100 SPCS/OS interface-EDAS interface

This feature provides the capability for polling of selected OM data by the
EADAS/DC system over a data link using the BX.25 Issue 3A protocol.
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This feature requires the Multi-Protocol Controller (MPC) BX.25 software
package for teleprocessing capability (refer to Chapter 6).

45-10-0000 Network administration center (NAC) I/O channel

45-10-0100 NAC verification of translation data

A MAP may be provided to allow administrative personnel to query the
translation data of the system (refer to Chapter 6).

45-10-0200 System status information retrieval
This feature enables the NAC to use the MAP efficiently:

« Query the switching system for office performance (for example,
processor overload) and control status information,

+ Receive the above information automatically on occurrence of status
changes, and

« Change the control status for Essential Service Protection (Feature
30-01-0200).

45-10-0300 Traffic data query capability

This feature enables the NAC, through the MAP, to query the switching
system for selected traffic data measurements, acting as a backup to normal
data collection and critical network management controls (refer to Chapter
6).

45-11-0000 Verification of traffic schedules

The system will, upon request, produce an output of the traffic report from
the previous collection interval (refer to Chapter 6).

45-13-0000 Service evaluation interface

45-13-0100 Service analysis (SA)

The Service Analysis (SA) feature is designed to appraise the quality of
service provided by the operating company equipment and its personnel.
This is accomplished by monitoring, on a random basis, subscriber dialed
and operator assisted calls in order to obtain data that can be analyzed and
evaluated. This data then provides information as to the quality and
completeness of service offered to telephone users.

Service analysis is initiated and carried out by a service analyst who
interacts with the DMS system. The analyst performs the SA functions by
listening to calls and noting the events in a call as they occur. The events of
interest in service analysis are machine (software) recognized and analyst
detected events. All subjective information (events) pertaining to each call is
contributed by the analyst, while non-subjective data and cumulative timing
is done automatically by the DMS system. In addition, the analyst controls
the number and types of calls that are to be analyzed.
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Service analysis is performed from a service analysis position which consists
of three analyst interfaces:

+ a VDU and associated keyboard
« areceive-only voice channel (for example, monitor)
« ateleprinter

The DMS-100 is also compatible with various external service observation
units. Nortel Networks will, on request, advise as to the compatibility of the
particular vendor equipment being considered for use (refer to Chapter 6).

45-13-0200 No. 2 service evaluation system (SES) interface

No. 2 SES will provide an end-to-end measurement of network service
quality for the general areas of connection availability and billing integrity.
Specifically, this involves both Dial Line Service Evaluation (DLSE) and the
Incoming Trunk Service Evaluation (ITSE) processes.

The interface is a direct processor to processor arrangement between the No.
2 SES and the DMS-100 system, whereby selected call attempts are passed
through a dedicated full duplex link operating at 2400 baud in a synchronous
mode using BX.25 protocol levels 1 and 2 (refer to Chapter 6).

45-13-0300 Signal converter allotter
The DMD interface to SES provides direct processor interface.

45-15-0000 Black box fraud protection

The DMS-100 system can detect false supervision conditions (such as
pre-trip) and route the call to re-order.

45-16-0000 Blue box fraud prevention

A “blue box” is a call originating device that can be used to place a free or
low cost multi-link fraudulent call through the network. The blue box fraud
prevention feature (applicable to incoming CAMA trunks only) provides a
means to detect such fraud attempts and to terminate these calls on detection
(refer to Chapter 4).

45-18-0000 Network traffic management (NTM)

Network management is a set of real-time procedures aimed at optimizing
network performance when the network is under stress due to adverse
conditions. Network management features available in DMS-100 Family
systems for both local and tandem applications provide and operate control
and surveillance features that aid in maintaining the network’s integrity and
security during overloads and failures.

Unlike internal switching system overload controls, which modify the
internal call processing functions under overload to maximize the efficiency
of the switching system, network management controls are aimed at
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modifying and optimizing the flow of traffic in the entire network (refer to
Chapter 6).

45-18-0100 Automatic network traffic management (NTM)

controls

Automatic network management controls respond dynamically to switching
office and trunk group congestion and failures. The application of
automatically triggered controls to traffic destined for Hard To Reach (HTR)
points permits these controls to be more effective than the older nonselective
controls (refer to Chapter 4).

45-18-0101 Dynamic overload control (DOC) receive and

response

The DOC receive and response feature is one of the components of the DOC
system. It provides the ability to:

+ receive DOC commands from connected congested switching systems
using dedicated scan points

« respond to these commands with protective (traffic restricting) controls
on trunk groups to the overloaded or failed switching system

Up to three levels of DOC (MC1, MC2, MC3) can be received for a given
trunk group, to which the switching system responds with successively more
stringent controls on traffic destined for the overloaded switching system.

The first level of DOC (MC1) typically controls traffic to hard-to- reach
destination codes or alternate-routed traffic, whereas the second level of
DOC (MC2) takes a more stringent control (for example, all traffic). The
control responses are assigned manually by network managers, and can vary
by trunk group. The response to the MC3 switching failure signal stops all
traffic to the failed switching system, and may automatically direct some of
this traffic to predesignated (prestored) reroute(s).

The DOC receive and response feature applies to both local and tandem
switching systems (refer to Chapter 6).

45-18-0102 Trunk reservation

Trunk reservation is a dynamic control that responds to trunk congestion in
the outgoing trunking field. It is triggered for a particular trunk group when
less than a certain number of trunk circuits are idle in that group. Trunk
reservation is a two-level control system where the first level indicates less
trunk congestion than the second level. The first-level response is typically
limited to control of traffic destined for hard-to-reach codes or
alternate-routed traffic, whereas the second response level takes a more
stringent control (for example, all traffic). The control responses are
assigned manually by network managers according to established rules and
can vary by trunk group.

PLN-5001-001 Standard 02.09 February 2000



Features 3-129

Trunk reservation includes the function performed by Directional
Reservation Equipment (DRE) and Protectional Reservation Equipment
(PRE) (refer to Chapter 6).

45-18-0103 Hard-to-reach codes

This control is a refinement of code blocking. If traffic to a certain code
point is determined to have a low probability of completion, the code is
designated as HTR. These HTR codes, in conjunction with Selective Trunk
Reservation (STR), allow a percentage of traffic to the HTR codes to be
blocked based on the current occupancy of the trunk group (see
45-18-0102). Up to 256 codes of one to twelve digits can be designated as
HTR. These HTR codes are entered through the DMS MAP (refer to
Chapter 6).

45-18-0104 DOC sensing and transmit

The dynamic overload control system responds to machine congestion. It
maximizes call completions by dynamically regulating the traffic in the
network to levels that can be handled most efficiently. The DOC system has
two components.

« sensing of machine congestion and transmission of control signals to
connected switching systems

« responding to DOC signals received from overloaded systems

The DOC sensing and transmit feature provides the first of these two
components, including the ability to:

+ sense two levels of switching overload (MC1 and MC2) and one level of
switching failure (MC3)

« transmit DOC commands to connected switching systems through
dedicated signal distributor points

The DOC sensing and transmit feature is associated with both local and
tandem switching. Refer to Chapter 6.

45-18-0105 Automatic congestion control (ACC) system
This feature is not planned for release at this time.

45-18-0105A Selective incoming load control (SILC)

This network management control serves as a substitute for DOC for
connected offices that cannot or do not respond to IDOC control signals (for
example, equal access InterLATA carriers). In the absence of DOC, SILC
permits incoming and two-way trunk groups to limit incoming traffic
according to preset rate/percentage values (refer to Chapter 6).

45-18-0106 Automatic call gap (ACG) message
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45-18-0107 InterLATA carrier/international carrier

interconnection

45-18-0200 Manual network management (NM) controls

Manual network management controls supplement and augment automatic
network management controls. Manual controls also provide more flexibility
in coping with situations that require human judgment. Manual controls,
such as reroutes, can be expansive in nature. Alternatively, they are
protective by canceling or blocking traffic that cannot be completed. Manual
controls are activated and deactivated at NMCs through the system which
supports the operation of the NMC (refer to Chapter 6).

45-18-0201 Code controls

Manual code controls block traffic to destination codes that are hard or
impossible to reach. This conserves network resources for other traffic. Code
controls are most effective for controlling focused overload, a condition
characterized by a surge of traffic from many parts of the network to a single
office or destination code. In the DMS-100 Family system, network
management controls can be either call blocking or call gapping controls
(refer to Chapter 6).

45-18-0202 Trunk group controls

Manual trunk group controls are of two types: protective and expansive.
Protective controls can be used to inhibit the spread of congestion in the
network by restricting normal trunk group access and overflow. Protective
trunk group controls include trunk group cancel and skip controls.

Expansive controls are used to exploit routing beyond the normal in-chain
routes, when in-chain routes are busy or have failed, and there exists idle
capacity in out-of-chain routes. The control which accomplishes this is
called a reroute control (refer to Chapter 6).

45-18-0203 Administration of hard-to-reach codes

The administration of HTR codes allows them to be defined from network
management center through MAP units. This provides the capability of
manually entering HTR codes on the switching office’s HTR control list for
use with protective automatic and manual trunk group controls (refer to
Chapter 6).

45-18-0300 Network management surveillance data

The Network Management MAP displays surveillance data, and is updated
every minute to reflect changes in system performance data and the types of
controls in effect (refer to Chapter 5). In addition to the NM MAP displays,
surveillance data is available by way of EADAS/NM interface. The

DMS-100 EADAS interactions are outlined in the following paragraph.
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Every 30 seconds a discrete request message is received by the DMS. The
DMS in turn responds with a set of discrete (on/off) indicators that reflect
the current state of switching problems and NM controls. Every five minutes
a data request is received which prompts the DMS to respond with register
readings and five minute data that describes switching and trunk group
performance, switching problems, and the results of NM control actions
during the most recent five-minute interval.

45-18-0400 Centralized network management

It is necessary to provide network managers with real-time network
surveillance data and manual controls. Network managers in NMCs are
expected to intervene in problems for which automatic solutions would be
excessively expensive and in problems requiring human judgment. These
capabilities are available using remote MAP(s). They will also be available
by way of the EADAS/NM interface after phase Il of the EADAS/NM
implementation (refer to Chapter 6).

45-18-0401 Network management audits and alerts

The DMS system maintains files of reference and status data that the NMC
audits. When an audit request message is received, the DMS sends the
contents of the files. Most of the information in the files is reference material
(for example, trunk group data), but some information will be status and
surveillance data (for example, control status).

45-18-0402 Message administration

The message administration feature comprises the functional interactions
which take place between the DMS-100 and the Network Management
Center (NMC). The messages communicated by the DMS include

five-minute surveillance data, 30 sec. status discretes, and responses to audit
requests. The DMS is capable of receiving and responding to data requests
from the NMC. It will is also capable of receiving and responding to control
command messages from the NMC.

45-18-0403 Engineering and administrative data acquisition
system/network management (EADAS/NM) interface

The DMS-100 Family system interfacing capabilities provide access to the
Engineering Administrative Data Acquisition System for Network
Management (EADAS/NM). With this interface the Network Management
Center (NMC) personnel can effectively monitor and control network
performance.

The DMS interfaces to EADAS/NM through the EADAS Data collection

(DC) system. Refer to Chapter 6. EADAS/DC provides a passage for data to
be exchanged between the DMS and EADAS/NM. A two phase introduction
of interface capabilities is planned.
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Phase | includes.

- five minute OM data

« five minute OM data audits
« associated 30 sec. discretes

Phase Il includes.

- additional OM data audits

- associated 30 sec. discretes

« additional 5 min. data

+ network management controls

45-18-0500 Backup network traffic management capabilities
(NTMC)

In the event of loss of contact with EADAS/NM, full Network Traffic
Management capabilities are available by way of the Network Traffic
Management MAP(s) located in the NTMC.

45-19-0000 Trunks out-of-service for data changes

Changing trunk data can affect call processing if the trunk is busy. This
feature informs operating company personnel through a message if all trunks
in a trunk group or subgroup are not out of service. Once all trunks are out
of service, a data change can be made without affecting call processing.

45-20-0000 Automated records

The DMS-100 provides a number of administrative aids designed to provide
the operating company a method of outputting system records (for example,
circuit assignments, card assignments, and so on). These aids may be
utilized to reduce the amount of require paper records.

46-10-0000 Frequency of service impairment

46-10-0100 Cutoff calls

A cutoff call occurs when a stable call is terminated for some reason other
than an on hook by one of the parties. A call that has progressed to final
network cut-through is considered an established or stable call

In a switching system, cutoffs can be caused by hardware or software
failures, procedural errors, or (in the case of time-division switching
systems) digital signal impairments (that is, slips, misframes, and errors).
The performance measure for cutoff calls is the proportion of cutoff calls to
total calls based on a particular holding time (usually 3 min.).

46-10-0200 Ineffective machine attempts

An ineffective machine attempt is any valid bid for service that does not
complete because of a system failure. The failure can be due to hardware,
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software, or procedural error. A valid bid for service is defined as any
originating or incoming call attempt that delivers the expected number of
digits to the switching system. Mis—dialings or incomplete dialings caused
by customers are not included in this definition. Calls that cannot be
completed because of traffic congestion are also not included in this
definition unless the congestion is caused by a system or subsystem fault or
error.

46-10-0300 Line failure rate

Line failure rate is the frequency of outages a customer line experiences due
to switching system and subsystem malfunctions. Problems that occur in the
station or wiring, outside plant, or loop electronics are excluded. The line
failure rate may be expressed in FITS (1 failure in 109 hrs. =1 FIT) orin
failures/yr.

46-10-0400 Trunk failure rate

Trunk failure rate is the frequency of outages a trunk experiences due to
switching system and subsystem malfunctions. It may be expressed in FITS
(1 failure in 109 hrs = 1 FIT) or in failures/yr.

46-10-0500 System failure rate

The system failure rate is the frequency of entire system outages. Allowable
system failure rate is a function of duration of failure. See total system
downtime (46-20-0500) for the definition of a system outages.

46-20-0000 Downtime for line, trunks, and system

46-20-0100 Individual line downtime

Individual downtime is the time during which the customer is out of service
as a result of system failures. This does not include the time out of service
due to congestion, unless the congestion is due to a switching system failure.
A customer’s line is considered out of service if either originating or
terminating capability is lost for more than 30 sec, or if stable calls cannot

be maintained for periods greater than 30 sec. Individual line downtime is
measured as the expected long-term average time out of service per line in
minutes per year.

46-20-0200 Individual trunk downtime

Individual trunk downtime is the time that a given trunk is out of service as a
result of a system or subsystem failure. Like individual line downtime
(46-20-0100), it is the expected long-term average time out of service per
trunk in minutes per year.

46-20-0300 Downtime for integrated digital termination

Digital multiplexer functions may be integrated into a digital switching
system. Some failure modes may disable all trunks served by one
termination. The objective, which includes failures due to hardware,
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software, or procedural errors, is designed to limit the average outage
duration due to failures affecting groups of 24 or more trunks.

46-20-0400 Partial system downtime

Partial system downtime is the weighted time out of service for switching
system failures that put a number of lines out of service simultaneously.
Failures that cause total outages are excluded from the calculations, as are
failures that cause only single line outages.

46-20-0500 Total system downtime

Total system downtime is the duration of a total system outage. A total
system outage occurs when a failure results in loss of functionality of the
entire system. It is measured as the expected long-term average time out of
service in minutes per year for all outages greater than 30 sec.

During the recovery from a total system outage, the downtime contribution
to total system downtime is weighted by the fraction of terminations affected
during each recovery interval, similar to partial system downtime
(46-20-0400).

46-20-0600 System operations capability

46-20-0601 Manual initiation of emergency recovery

Control is the capability to initiate emergency recovery and reconfiguration
actions manually. Control is considered to be lost if any of these actions
cannot be initiated. Loss of control can be expressed in minutes per year.

46-20-0602 Visibility of fault

Visibility is the ability of the system to give a specific indication of any fault
that has been detected. The fault should appear on the switching system
control and display interface (35-07-0200); it is not sufficient for a fault to

be reported only by an alarm or a log message. Visibility is considered lost if
an indication of any single fault that would otherwise be reported is not
given to the operating company personnel. Loss of visibility may be
expressed in minutes per yeatr.

46-20-0603 Manual request for diagnostic

Diagnostic capability is the capability to initiate trouble verification and
isolation routines manually. Diagnostic capability is considered lost if
initiation of any one of these routines cannot be requested. Loss of
Diagnostic capability can be expressed in minutes per year.

46-30-0000 Service life

Switching systems represent substantial capital investments on the part of a
telephone company. Because of this cost, and the difficulty and expense
associated with their replacement, a telephone company expects that
switching system will be designed to operate with stable or improving
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reliability throughout their service life. The actual service life of a system
expected by a telephone company will depend on several factors. For LATA
switching systems, service life would not normally be expected to be fewer
than 25 years.

This general reliability service life requirement does not take precedence if
more rigorous service life are established for individual component types
(for example, optoelectric devices where distributional service life
requirements may be applicable).

46-40-0000 Reliability of remote switching units

This describes the applicability of other reliability features to Remote
Switching Units (RSUs) (30-23-0000). RSUs can be separated into two
categories based on their ability to survive a failure of the host or
host-remote link. To perform reliability analyses, an RSU should be
considered a “separate entity remote” if the remote provides full or partial
stand-alone capability in the event of a host failure or a failure of the
host-remote link. To perform reliability analyses, an RSU should be
considered a “separate entity remote” if the remote provides full or partial
stand-alone capability in the event of a host failure or a failure of the
host-remote link. Note that the application of the remote unit determines
whether the unit effectively functions as a central office by serving a
community of interest. If the system serves very few, or diversely located
customers, it would not normally be considered a separate entity remote.

A remote unit that does not satisfy the definition of a separate entity remote
should be considered as a component of the functional equipment included
in the reliability analysis of the house system.

50-00-0000 Cutover and growth features
50-01-0000 On-line growth procedures and tests

The system provides the capability of adding, changing or removing
equipment to an existing operational system with no degradation of system
service. This capability applies to major functional equipment, peripheral
equipment and minor functional equipment. Test facilities are provided
during the above operations (refer to Chapter 7).

50-02-0000 Automatic board-to-board testing

Board-to-board testing is performed prior to the transfer of a number of
customer lines from one switching office (or offices) to another. There are
two distinct applications for this feature. The first application is office
cutovers where one office is replacing another office (or offices). The second
is an area transfer between two offices.

DMS SuperNode Technical Specification BCS36 and up



3-136 Features

Board-to-board testing ensures that the connections of transferred lines to
the new office are correct with respect to the existing connections of these
lines to the old office (or offices).

Automatic board-to-board testing utilizes the program capabilities of the
system in order to perform board-to-board testing in an automatic manner
without disturbance to the customer’s lines either in the idle or busy state
(refer to Chapter 7).

55-00-0000 Billing and comptrollers features
55-01-0000 Automatic message accounting (AMA)

AMA is a set of features that provides billing information concerning the
control, collection and recording of calls charged and other pertinent
information as a record for the call billing process. AMA has major subsets,
local (LAMA) and centralized (CAMA) and AMA teleprocessing. Each of
these arrangements are described in the following paragraphs (see Features
55-01-0100 through 55-01-0400 and Chapter 6).

55-01-0100 Local automatic message accounting (LAMA)

LAMA is a billing feature that provides local control, collection and

recording of billing information and other pertinent information on magnetic
tape. Specific billing details such as calling customer’s telephone number,
called customer’s telephone number, time of answer, time of disconnect, and
billing class-of-service are detected and recorded accurately for individual
and two party lines.

55-01-0300 Connection to centralized automatic message

accounting (CAMA) offices

CAMA is a feature provided by a distant switching system for the control,
collection, and recording of billing information and other pertinent
information from local offices. Interface between the switching system and
the CAMA system requires dedicated trunks and trunk groups. The
switching system is capable of outpulsing all called number digits and the
calling line directory number digits of lines arranged for ANI. Calls routed

to the CAMA system from lines that are not arranged for ANI are referred to
as calls requiring ONI.

ANI type calls require unique identification to be outpulsed from the local
switching system. Calls routed to the CAMA facility which encounter ANI
failures within the local switching system prior to outpulsing also require
unique identification. Two CAMA formats are available with the DMS-200
system.
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55-01-0400 AMA teleprocessing

Remote polling of AMA data is available to host collectors using a version
of CCITT X.25 protocol. Polling may be through dial-up or dedicated
connections. Polling is available with either disk or magnetic tape operation.

DMS-100 also provides an interface to a host AMATPS collector using the
DPP described in Chapters 2 and 6.

55-02-0000 AMA recording for special studies

Distinguishing marks are provided in the affected AMA records of calls
involved in each of the types of special studies in this part.

55-02-0100 AMA recording for service evaluation
(Currently not planned for release.)

55-02-0200 Complaint observing

Complaint observing is used, typically, for customers who question their
telephone bills. Individual customer lines identified by the switching system
for complaint observing can have complete AMA details recorded for all
AMA attempts and completions originating from these lines. Each AMA
record is uniquely marked.

55-02-0300 Traffic sampling

The traffic sampling feature provides information on the flow of calls

through TOPS. Three software registers provide a “1 to N” fraction for
weekday, Saturday and Sunday. 1 of N calls are flagged on the AMA tape. If
an AMA entry would not normally be required, it will be made with a

Traffic Sample, no charge indication for the purpose of sampling. The
flagged calls on the AMA tape will form a data base for downstream
statistical analysis for the following functions:

« operator services work volume

« division of revenue procedures

+ customer checking acceptance analysis
+ engineering studies

55-02-0400 Subscriber line usage

Customer line usage studies are used to determine measured service tariffs
and to determine tariff effects. Lines marked for this study can have detailed
AMA records produced for all attempts and completions, whether or not the
calls would ordinarily be AMA calls. Each AMA record is uniquely marked.

55-03-0000 Billing services
The features in this part are typical billing services that may be provided.
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55-03-0100 Class-of-service — billing

The class-of-service, or charge class, controls a call's charging and billing
treatment. Each line is assigned a class-of-service, except that a line may not
be assigned to a class-of-service corresponding to a service not offered by
the office. Typical classes of service are as follows:

« FLAT—(refer to Feature 01-02-1700)

+ MESSAGE RATE—(refer to Feature 01-02-1800)

+ COIN SERVICE—(refer to Features 10-01-0000 through 10-02-0000)
+  OUTWATS BILLING—(refer to Feature 02-01-003)

+ INWATS BILLING—(refer to Feature 02-01-0020)

55-03-0200 AMA detailed record on timed message unit (MU)

calls and untimed

This feature provides the capability to record,(when required by changeable
office data parameters), the called number and/or message billing index on
message rate calls (refer to Chapter 5).

55-03-0300 Calling area assignments

Allowable calling areas are defined for the various service classes to which
customer lines may be assigned. These areas are flat rate, message rate, local
coin, and OUTWATS areas. In addition, tandem calls are recognizable. This
also applies to IDDD calls

55-03-0400 Bill to another number in the same switching system

Bill to another number in the same switching system is a feature that
provides for billing to a special billing number instead of the directory
number of the originating line. The special billing number must be a valid
directory number within the central office of the originating line, but it is not
required that a physical line or station be associated with the special billing
number.

55-03-0500 Directory assistance charging
The capability of charging for directory assistance calls may be provided.

55-03-0510 AMA recording of ‘555’ calls

This feature provides call codes that are assigned (based upon translation of
the dialed digits) to Bellcore format AMA records. These call codes are;

Non Directory Assistance 555 (Call Code 088) and call codes 800 through
999 whose meaning can be defined by the telephone operating company.

55-03-0600 Free calls

Subscriber calls originating at a local office to certain destinations generate
billing records which prevent charging (free calls). Examples of possible
free calls are calls to service codes (for example, 411, 555). Calls to NPA
directory assistance bureaus (NPA-555-XXX) do not require special AMA
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records; they are currently not billed because of Revenue Accounting Office
(RAO) screening of the called number. Other calls, such as calls to
assistance operators (0, 0+) are billed on the basis of records generated in
other operator services systems, and no billing record is generated at the
originating local office. Calls to lines in the same office with free

terminating class-of-service do not generate a billing record. Provision is
made to construct uniquely marked AMA records for free calls when
required.

55-03-0700 AMA recording of customer evoked vertical services

The capability should be provided to indicate in the billing record when a
customer initiates a special service request, such as adding on a third party
or activating the call forwarding service. This capability is required to
provide usage-sensitive custom calling (for example, Features 01-02-1304
and 01-02-1403).

55-05-0000 Usage sensitive billing option on normally flat rate features

The capability should be provided for billing certain flat rate features on a
usage-sensitive basis. Examples of these features are: speed calling, call
forwarding and three-way calling.

55-06-0000 Verification of billing number assignments

This feature provides the capability to verify through an input message,
single or multiple assignments of billing numbers to directory numbers or
terminal numbers.

55-07-0000 Billing records of WATS calls

Provides AMA records for WATS calls, including the WATS band number
and calling number.

55-08-0000 AMA reel mounting protection and automatic positioning
AMA check programs prevent improper mounting of reels and eliminate the
possibility of improper positioning of the beginning-of-tape mark by the
operating company pesonnel. The mark will be positioned automatically
after a new reel of tape has been mounted on the AMA transport.

60-00-0000 Tandem features

Tandem office (DMS-200) Tandem offices are the switching entities in
the long distance trunking network through which any DDD telephone may
be reached if a direct trunk is unavailable.

Combined office (DMS-100/200) A single switching system which is
capable of providing more than one of the fundamental switching functions
(for example, end office, tandem) is called a combined office. On a given
call such an office may serve either of these functions.
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60-01-0000 Access tandem office trunks

Trunk names differ to some degree among various standard references. The
nomenclature and two letter codes, by traffic use, utilized herein are known
as “common language” codes.

The trunks discussed herein are known by the same names regardless of
whether they appear on a system that performs only the tandem office
function or other class of office functions (local or tandem) as well. In the
following paragraphs, the assigned codes by traffic use are shown in
parentheses. A few of the trunks discussed in this section do not yet have
common language codes assigned to them.

A variety of trunks that may appear on a tandem switching system
depending on specific features provided in the office:

« Tandem connecting
— DDD Access (DD)
— Centralized Automatic Message Accounting (CA)
— Operator Services System (OS)
— Tandem Completing (TC)
— Two-Way Operator Office (OO)
— Two-Way Tandem Connecting (not coded)
+ Inter-tandem
— Primary inter-tandem (IT)
— Emergency Access (not coded)
— Regular Access (not coded)
— Operator System Verification (not coded)
« Secondary inter-tandem
— Special Operator Service Traffic (SOST)
— Operator Assistance (OA) and Leave Word (LW)
— Residual (not coded)
— Delayed Call (DC)
« Auxiliary service
— Rate and Route (RR)
— Rate-Quote (not coded)
— Directory Assistance (IN) (DA)
— Time (TI) and Weather (WE)
« Special service trunks
— Direct Inward Dialing (DI)
— NWATS (WI)
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+ Miscellaneous trunks
— CAMA — Operator (CP)
— Data Processing systems (not coded)
— Trouble Reporting (not coded)

60-01-0100 Tandem connecting trunks

Tandem connecting trunks are trunks between an end office and a tandem
office. The trunks may be one-way local to tandem, or one-way tandem to
local or two-way (refer to Chapter 5).

60-01-0101 DDD access (DD) trunks

DDD access trunks are one-way trunks from a end office to a tandem office
carrying noncoin interLATA traffic. The recording and timing of the call is
done at the end office and operator assistance is never required.

60-01-0102 Centralized automatic message accounting trunks

CAMA trunks are one-way trunks from an end office to a tandem office
carrying non-coin tandem traffic. The recording and timing of the call are
done at the tandem office. ANI is normally used for the identification of the
directory number of the calling party. Certain kinds of calls, such as those
from a multiparty line or those encountering an ANI failure in the end office,
require identification by a CAMA operator at the tandem office who obtains
the directory number verbally ONI. A CAMA trunk may serve a local office
not equipped with ANI in which case ONI applies on all calls.

60-01-0103 Operator services system (OS) trunks

Operator services system trunks are one-way trunks extending from a end
office to an operator system and then to a tandem office. These trunks carry
dial assistance, special tandem, coin and non-coin traffic. The tandem office
is an outlet to the DDD network for long haul calls and also for short haul
calls to an end office in the same tandem center area. The operator system
does the call rating and charge recording functions. The operator collects
coins, redirects the call (if necessary), initiates charge timing and does other
necessary operator functions.

In some sparsely populated locations, an operator system, instead of the
tandem office, serves as the CAMA office. The 1+ noncoin traffic may be
combined with special tandem traffic on a separate trunk group, the trunks at
the tandem office are identical to trunks and are so coded.

60-01-0104 Tandem completing (TC) trunks

Tandem completing trunks are one-way outgoing trunks from a tandem
office to an end office. In some literature they are called tandem switching
trunks and in other literature they are called tributary trunks.
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60-01-0105 Two-way operator office (OO) trunks

These trunks are also known as Combined Operator — Office Trunks
(COOT). A small Community Dial Office (CDO) usually does not have a
switchboard in the same building and may not have access to an operator
system. The “O” operator and cord switchboard are, in general, located some
distance away, in the tandem building which houses the area’s tandem
switching system. A two-way trunk (OO) group is established, giving the
CDO customers dial “O” access to the operator and giving the operator
direct tandem completing access to the CDO, without going through the
tandem switching system. Usually the tandem-switching system is also
given one-way access to the (OO) trunk group which is used to complete
traffic to the CDO. Operation is the same as for regular one-way tandem
completing trunks from the switching system, except for the exchange of
busy signals with the tandem switchboard.

60-01-0106 Two-way tandem connecting trunks

Most tandem connecting trunks today are one-way; either incoming to the
tandem office (DDD access) or outgoing from the tandem office (tandem
completing). Two-way tandem connecting trunks combine DDD access and
tandem completing trunk functions. Long haul two-way tandem connecting
trunks are known as End Office Tandem (EOT) trunks.

60-01-0200 inter-tandem trunks

In addition to the trunks that connect any end office through tandem office
with any other end office through tandem office, the term “inter-tandem” has
recently been extended to cover other types of trunks such as emergency
access trunk operator system verification trunks, and regular access trunk
since their transmission characteristics are identical to inter-tandem.

60-01-0201 Primary inter-tandem (IT) trunks

A primary inter-tandem trunk is a trunk that connects any end office or
tandem office with any other end office or tandem office. The trunks may be
one- or two-way.

60-01-0202 Emergency access trunks
(Currently not planned for release. Not applicable.)

60-01-0203 Regular access trunks
(Currently not planned for release. Not applicable.)

60-01-0204 Operator system verification trunks

An operator system verification trunk is a one-way trunk from an operator
system to a tandem office. It has been classified as an inter-tandem trunk.
The difference between an operator system verification trunk and a delayed
call trunk is that the delayed call trunk is limited to the secondary
inter-tandem category. The verification trunk is used by an operator system
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operator to reach, through the tandem office, either a tandem connecting or
an inter-tandem trunk dedicated for verification service. Over these
dedicated trunks an operator system operator can verify the busy or idle
status of a called line in a prearranged selection of nearby or distant end
office.

60-01-0300 Secondary inter-tandem trunks

Transmission literature categorizes trunks from the tandem switch to their
associated switchboard (or operator system) to the tandem switch as
secondary inter-tandem since their transmission characteristics are similar to
inter-tandem trunks but not identical in every respect. Secondary
inter-tandem trunks are subdivided as discussed in the following sections.

60-01-0301 Special operator service traffic (SOST) trunks

SOST trunks are trunks from a switchboard to a tandem office and are used
for originating outward traffic and for the completion of assistance and
leave-word traffic where an operator system is not available. Residual traffic
received from operators is also completed by switchboard operators using
SOST trunks.

60-01-0302 Operator assistance (OA) and leave-word (LW) trunks

Trunks in this category connect a tandem office to an assistance operator or
to a leave-word operator at a cord switchboard. Both types of operators are
reached only by operators at their own tandem center or by operators at
some distant tandem center. These leave-word and assistance operators assist
other operators, at switchboards or at an operator system who may be at a
distant location or in the same area, in such functions as verification of line
busy, completion of calls to mobile or marine stations and the completion of
calls originated earlier by a customer in the tandem center where the
leave-word operator is located. leave-word and assistance operators may
advance the call through the tandem office using SOST trunks, tandem
switching trunks, or operator- office trunks directly to an end office.

“Operator assistance” and “leave-word” trunks also exist between a tandem
system and an operator system and are used when this traffic is handled by
an operator system’s operator. Operator assistance and leave-word trunks
associated with an operator system are joined at the operating system
through their respective trunk circuits to the equivalent of SOST trunks.
These trunks are used by an operator system operator to complete “operator
assistance” and “leave-word” traffic through the tandem office. An operator
system operator, unlike a cord switchboard operator, does not have direct
access to tandem switching trunks or to operator-office trunks.

60-01-0303 Residual trunks

The operator system operators handle most types of calls without the
assistance of another operator. The category of calls that the operator is not
equipped to handle are called “residual calls,” and these are advanced by the
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operator system operator through the associated tandem office to a operator
at switchboard called the SOST board or equivalent. This operator then
advances the call (through a SOST trunk) as appropriate. Marine, mobile,
and conference calls are typical.

60-01-0304 Delayed call (DC) trunks

An operator system’s operator uses a delayed call trunk to reach both the
calling and called parties by setting up two separate connections through the
tandem office. The called and calling parties are joined at the operator
system through the delayed call trunk circuit which has two trunk
appearances on the tandem office. The tandem office treats the delayed call
trunk as two separate and distinct incoming trunks.

60-01-0400 Auxiliary service trunks
Some trunks associated with a tandem switching office are not used to
advance a call to another office. These include:

+ rate and route trunks

+ rate quote trunks

« directory assistance trunks
« time and weather trunks

60-01-0401 Rate and route trunks

Rate and route trunks are one-way trunks from a tandem office to operators
at cord switchboards or desks. Originating operators place calls to these
operators to obtain dialing instructions (area code, and so forth), and
charging rates for operator-assisted calls to infrequently called localities.
After obtaining the needed information, the originating operator releases the
connection to these special operators and then places the outgoing call in a
normal manner.

60-01-0402 Rate-quote trunks

Rate-quote trunks are one-way trunks from a tandem office to an external
rate-quote audio response system. Calls are placed to these systems by
originating operators needing charging rates for operator-assisted calls to
infrequently called localities. The external system returns an audio response
to the operator keyed request.

60-01-0403 Directory assistance trunks (IN) (DA)

These are one-way trunks between a tandem office and an automatic call
distribution system through which directory assistance operators are
reached. There may be either one group of trunks or two groups of trunks,
one IN for tandem assistance and one DA for local assistance when these
latter calls are routed to the tandem office to reach the ACD.
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60-01-0404 Time and weather trunks (Tl and WE)

These are one-way outgoing trunks from a tandem office to external
centralized announcement locations. In some areas separate trunk groups are
established; in other areas a common group is established and digits are
pulsed to the central location. At the central location, translation of the digits
determines the announcement to be given.

60-01-0500 Special service trunks

60-01-0501 Direct inward dialing (DID)

DID permits dialing a DDD or local call directly to a PBX extension. This
reduces the number of attendants and positions that a large business
customer has to provide to handle incoming calls.

DID trunks to PBXs directly from tandem offices give load relief to end
offices with large PBX customers.

60-01-0502 800 service trunks

Inward Wide Area Telephone Service (INWATS) is a special service that
allows a customer to receive and pay for telephone calls that have been
placed without charge to the calling party. INWATS customer lines have
historically been assigned to an end office, but for large ACD customers
with INWATS service, substantial system savings in both trunk and local
office switch facilities can be realized by terminating the INWATS customer
trunk directly on a tandem office rather than on a local office. The term
“trunk” rather than “line” has been agreed to when a tandem office is
involved.

60-01-0600 Miscellaneous trunks

This category comprises trunks provided for traffic administration, plant
maintenance and administrative purposes, or trunks that do not fall within
other specified categories.

60-01-0601 CAMA operator trunks

CAMA operator trunks are required at a tandem office to connect to an
operator on CAMA billed calls requiring ONI of the calling number. In an
existing tandem switching system, this operator service is provided through
access to CAMA switchboards, an operator system or operator
switchboards. Two concurrent connection paths are required between the
local/tandem office and the operator position. One path is to be used for
talking (requesting and providing the calling number), and the other for
signaling, MF outpulsing the calling number, to the local/tandem office for
CAMA recording.
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60-01-0603 Trouble reporting trunks

Trouble reporting trunks are one-way trunks from a tandem office to a
computer. They are used by operators to record trouble reports by pulsing
coded information through the tandem office to the computer.

60-02-0000 Call processing features

60-02-0100 Trunk-to-trunk test connections

This is the capability of setting up or disconnecting stable connections
between various trunks and service or test circuits either in response to
manual requests (made through MAP) or as a part of the switching function.
These connections meet the established tandem transmission requirements.

60-02-0200 Three-digit translation

Three-digit translation in conjunction with an address length count for the
complete thousand “XXX” combinations (refer to Chapter 4). Included are
three translations:

+ 200 “0/1XX” TTC codes, Operator Codes (Op Cs)
+ 800 “NXX” CO and other special purpose codes
+ 800 “NXX” Area Codes (ACs)

60-02-0201 0/1XX Terminating tandem center and operator codes

This is the ability to translate the two hundred 3 digit codes of the form
0/1XX made available to operators or generated by the machine for certain
tandem calls to modify routing or call-handling logic. Examples of these
codes are TTC and operator codes, and machine generated codes used for
routing such calls as INWATS and international calls.

60-02-0202 NXX Central office and special purpose codes

This is the ability to translate the 800 NXX codes comprising central office
codes, special purpose codes such as 555 for tandem directory assistance and
844 for time, and service codes such as 411 and 911.

60-02-0203 NXX area codes

This is the ability to translate the area codes which are currently of the form
N 0/1X but are to be expanded to the form NXX by the turn of the century.

60-02-0300 Six-digit translation

This is the ability to make a six-digit translation for NPAs in conjunction

with an address length count. This is required when a Foreign NPA (FNPA)
can be reached by more than one route. There are also situations where
six-digit translation applies to a central office code and subsequent digits as
well as to tandem center codes and subsequent digits (refer to Chapter 4).
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60-02-0400 Digit deletion
This is the ability to delete 1 to 15 digits before outpulsing them to the next
office (refer to Chapter 4).

60-02-0500 Digit prefixing

This is the ability to prefix digits to the incoming address starting from the
most significant digit position of the incoming code format. Prefixed digits
consist of decimal values only (refer to Chapter 4).

60-02-0600 Code conversion

This is the ability to substitute for some or all of the routing digits received.
This feature provides flexibility of meeting numbering plan requirements by
furnishing routing digits for certain systems in the network. For example, an
established step-by-step train may require routing digits which differ from
those provided by the seven-digit numbering plan. This is a combination of
digit deletion and digit prefixing since the conversion is limited to leading
digits (refer to Chapter 4).

60-02-0700 Route advance logic

This is the ability to determine the alternative routing choices based on the
received digits and incoming trunk information. The route advance logic is
able to determine at least seven alternative routes where each route may
have alternative choices of trunk subgroups. The route advance logic is
expandable (refer to Chapter 4).

60-02-0800 International direct distance dialing (IDDD) via

function

The IDDD - via function provides for an appropriate trunk-to-trunk
connection after the translation of the “011XXX” digits which are received
during the first stage of pulsing on IDDD calls. After tra