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SPECIFICATION DOCUMENT

SD 3970 ISSUE 1.1
BASED ON R2V3 ISSUE 1.4

HEALTH, EDUCATION AND SAFETY PACKAGE

FEATURE PACKAGE PG-3W038

INTRODUCTION

The purpose of this Custom Development is to provide Deluxe Attendant and Paging features for leading
edge customers in the Health, Education and Safety fields. This development package contains the
following features.

Meet-Me Paging

Malicious Call Trace

Attendant Direct

Split Night Service

Altendant 2-Way Splitting

Attendant Emergency Alert with Immediate Talk Path
Emergency Access of Trunks by Attendant

Attendant Service Observing

Automatic Termination by Time of Day Restriction

Time of Day and Calls in Queue Display

TERMINOLOGY
ATTENDANT DIRECT - A custom feature that allows LDN’s, trunk groups or LCOS’s to be directed to a

specific, user-defined group of attendant consoles.

ATTENDANT GROUP - A customer-defined group of one or more attendant consoles to which LDN’s,

trunk groups or LCOS’s may be routed.

ATTENDANT EMERGENCY ALERT - A custom feature that allows a station user priority access (o an

attendant in an emergency situation.

ACD - Automatic Call Distribution - Groups of extension numbers may be designated as ACD groups.

Incoming calls may then be directed to the group rather then a specific station. The call is then
routed to the most available extension in the group. If all members of the group are busy, then
instead of busy tone being returned to the caller, the call is placed in a first in first out wailing
queue until a group member becomes available. While in queue recorded announcements and
music may be provided to the calling party.

BACKUP COVERAGE POSITION - A point in a call coverage path assigned to handle coverage for a

"Meet-Me" Pager line.

CHAP - CHAnnel Processor - The 80186 processor on the PCC that controls the channel along with the

associated RAM and ROM.
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DCS - Distributed Communications System - This feature allows many PBX's to appear (o be part of a
single system. Each PBX in the system is called a "node" and "nodes” are connected via private
trunks, This arrangement allows certain features to act as if only one system was involved.
Stations on one "node" may call stations on another "node” just by dialing the appropriate station
number. Certain other station features are termed to be "transparent” when the user may apply
the feature to any station in cither the same "node” or a different "node™ without having to dial
any differently. Features which are not "transparent” may only be used within each "node” but
not between "nodes”.

HARD HOLD W/MULTI LINE SETS - To put a call on hard hold the user depresses the hold button. The
user may now do anything on any other line but may not connect the hard held party onto any
other conversation, The user may return to the hard held party by depressing the line button.

HARD HOLD W/SINGLE LINE SETS - On a single line set to put a party on hard hold they must first be
put on soft hold and then a special code must be dialed. Once on hard hold, the party may not be
involved in any subsequent call until removed from hard hold by special code or by the original
party going on-hook.

ICI - Incoming Call Information - Each attendant console is equipped with a 4 character alpha-numeric
display field. The information in this field varies based on the origin of the incoming call and
subsequent attendant control key button depressions.

LCOS - Line Class of Service - defines the features that a group of lines may access.
LLDN - Listed Directory Number

"MEET-ME" PAGE LINE - A line associated with a paging device. A page line is an unequipped line
which has a unique extension number.

"MEET-ME" PAGER NUMBER (or PAGE LINE EXTENSION) - A software line number assigned to a
System 85® which allows special paging and pickup capability.

"MEET-ME" PAGE PICKUP - The feature used to answer a call to a page line. The page can be picked up
while the page line is "ringing," while the page line’s cover point is ringing, or after the cover has
answered. A page line does not actually ring, but the caller receives audible ringback.

NODE - A point in a switching network from which many trunks radiate. It may, or may not be a switching
center.

PCC - Processor Communication Circuit - An RS-232C interface from the System 85® to any device
accepting RS-232C format. The hardware circuit pack will be referred to as TN474.

SOFT HOLD W/MULTI LINE SETS - Multi line sets really don't have a soft hold, but by using the
conference button, even though a second line is seized, the held line remains associated with the
call and may be added into any new conversation which is established.

SOFT HOLD W/SINGLE LINE SETS - When a single line set is on a two-party conversation and *flashes’
the other party is put on "soft hold’. The soft held party is still associated with the original parties
line and can be added into any subsequent conversation established on that line.

TIE TRUNK - A tie trunk is a trunk which is used to interconnect PBX’s. This allows systems to be
connected in a private network and can be configured to make multiple PBX’s appear to be one
system.



SPEC : SD 3970: 02/21/90 Page 3

DESCRIPTION

"Meet-Me" Paging

Basic Paging Scenarios

The following scenarios represent the ways in which "Meet-Me" Paging will be used most often.
Basic Page

A caller, internal or external, dials an extension assigned as a "Meet-Me" paging number (e.g., 4-1234
or xxx-1234 respectively). The system automatically sends a message over an RS-232C port to a
Motorola Tone Pager Unit. The message will consist of the last 4 digits of the station number. This
implies that the last 4 digits of all "Meet-Me" page lines must be unique. The Motorola transmitter
will send a tone alert to the appropriate pager. The caller will receive ring back. The owner of the
pager then may go to any station in the system, including off-premise extensions, dial the appropriate
dial access code (e.g., #) and their pager number (e.g., 4-1234) to receive the call. The caller will no
longer hear ring back, a 200ms tone will be applied to indicate the call has been answered and the two
parties are now connected and may begin the conversation. If the owner is already on another call,
they may not flash and dial the dial access code. They must seize a new line. That is, the owner may
not retricve a page with a party on soft hold.

If the owner of the pager is not on site they may dial into the system through a remote access trunk,
and then dial the pager number to receive the call (e.g., 282-1711 - Dial Tone - 4-1234). The
connection is then made as described above. After the connection is made the pager number is now
available for another call.

An attendant console or tie trunk may not be used to retrieve a page call.
Basic Page w/Backup Coverage

If the page is not retrieved within a specified time period a designated back-up coverage point will
begin ringing. The coverage position may now be answered and a message may be taken. During the
time while the caller is at the coverage position, the pager number is not available for additional calls.

The coverage position may put the call on hold to allow the caller to wait for an additional period of
time. In this case the pager number is not available for additional calls. If the caller does not wish to
wait, a message can be taken and the call terminated. When the call is terminated the pager number is
again available for additional calls. That is, there is no longer a page call pending for the called party.

If coverage occurs because the "Don’t Answer™ timer has expired, then the call coverage tone will not
be heard by the caller. There are two exceptions o the above rule. First, when the incoming call is on
a tie trunk in a DCS environment, coverage tone will be heard by the caller. Second, coverage tone
will be heard by the caller if an ACD group is the first point in the coverage path. If the page line has
“coverage all", then the call coverage tone will be applied when the call is routed to the coverage
position,

If all the coverage positions are busy when the specified time period expires, no coverage will occur.
If any coverage position hangs up after the time period has expired and before the call is answered, the
call will not go to coverage.

Basic Page w/Backup Coverage and Barge-In

A caller, internal or external, dials an extension assigned as a "Meet-Me" pager number (e.g., 4-1234).
The system will automatically send a message over an RS-232C port to a Motorola Tone Pager unit.
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The Motorola transmitter will send a tone alert to the appropriate pager. The caller will receive ring-
back. If the page is not retricved after a specified time period a designated backup coverage point will
begin ringing. The coverage station may now be answered. If the owner of the pager number atlempts
to retrieve the page after the backup coverage position has answered, a tone will be heard by all three
partics involved. When the tone is complete all three parties will be in a talk state. At this time the
backup coverage position may remain on the call or hang-up and release from the call. If the backup
coverage position remains on the call the pager number will not be available for another call until they
release from the call. Additionally, the paged party may hang up and then reconnect to the paging
party by re-dialing the appropriate access codes.

If the caller has been put on hold, and the owner of the pager number barges-in, the caller will hear a
tone. After the tone the parties will now be connected and the backup coverage line will be released
from the call. The pager number is now available to receive additional calls.

In a key environment, if the coverage position puts a call on hold, and a barge-in happens as described
above, the following will occur. The System 85® will send a special command to the key equipment.
If the call was on hold the key equipment is dropped from the call. The System 85® will then
rearrange the call as a two-party call. If the coverage point has not put the call on hold, barge-in will
not be permitted.

If the backup coverage position is ringing when the owner of the pager number retrieves the call, the
coverage position is dropped and the calling party and owner are connected as described in a basic

page.
Attendant Scenarios for "Meet-Me" Paging

If a call comes in to an attendant console and requests to speak to someone with a "Meet-Me" pager
number, the following situations are possible:

Attendant Remains on the Call

The attendant splits away from the original caller and dials the appropriate "Meet-Me" pager number.
The system will automatically send a message over an RS-232C port to a Motorola Tone Pager unit.
The Motorola transmitter will send a tone alert to the appropriate pager. The attendant receives ring
back until the owner of the pager number retrieves the call. At this time, ring back will ccase and a
tone will be applied to indicate that the connection has been made. The attendant may now release the
call and the original caller will be connected with the paged party. If the attendant wishes to stay on
the call, they may hit the split key and all three parties will be connected. If the paged party does not
retrieve the call within the specified time period, the appropriate backup coverage position will begin
ringing. If the coverage position answers and the owner then attempts a barge-in, it will be blocked
and the owner will receive busy lone.,

An alternative method for the attendant to remain in control of the call is by use of the hold key. After
extending to the "Meet-Me" pager number, instead of using the split key, the attendant depresses the
hold key. The switch loop is put on hold and the original caller will be connected to ring back. The
attendant may go about handling other calls. If the call has not been answered within 30 seconds the
ring lamp for the switch loop on hold will begin to flash. To return to the call the attendant need only
depress the associated switch loop key. If the call is answered by either the page owner or the
coverage point the ring lJamp will go off and the answer lamp will go on. The attendant must go active
on that switch loop and then depress release to give up control of the call.

Attendant Releases Call

The attendant splits away from the original caller and dials the appropriate "Meet-Me" pager number.
The attendant, upon hearing ringing tone, immediately hits the release key. The call is not dropped
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no caller on the page line or at the back up coverage position, busy tone will be returned.

In general the page number is considered unavailable when:
1. The pager number is ringing.

2. A backup coverage position has answered and is active on the call.
RS-232C Message Handling

The appropriale message necessary (o transmit the paging tone will be automatically generated by the
System 85®. The message will be based on the line number assigned as a pager number. If a positive
response is not received from the Motorola Paging equipment the message will be re-sent.

All messages will be sent with four digit numbers to the Motorola Paging equipment.

Messages will be sent at a rate of at least five (5) per second at 1200 BAUD. Faster transmission rates
will be possible at higher BAUD rates. This rate is limited by the speed at which the Motorola Paging
equipment can process each message.

The RS-232C interface of the System 85® has the capability of determining it's own health. If a
problem is detected, there is the option for switching to another circuit if one is provided. The number
of re-sent messages within a given time-frame will be one of the criteria used to determine the health
of the circuit.

Meet-Me Paging with Manual Paging

The above scenarios for Meet-Me Paging assume the use of the PCC RS232 interface board in the
System 85® and Motorola Tone Paging equipment to implement automatic paging. Alternatively, the
pager numbers can be assigned to have all of the Meet-Me Page capability but not send messages over
the R§232 circuit. Either loud speaker or radio paging may be used to notify the paged party to pick
up the call.

Manual Paging Scenarios
Transfer to a Meet-Me Page Number Using Multi Line/Function Stations

A multi-line station involved in a two-way conversation may transfer the other party to a third
party with a "Meet-Me" pager number. If the transfer button on one of the stations is depressed,
the other party will be put on hold on the first line and a second line appearance will be seized.
The user may then dial the appropriate "Meet-Me" pager number and, after hearing ring back,
may transfer the call on the first line appearance by depressing the transfer button again. The
user should then depress a call appearance button and place the page (using either loud-speaker
paging or radio paging).

If the paged party retrieves the call before the specified time period, the tone is heard and the
2-way connection is established. The page line number is now available for additional calls.

If the paged party does not answer the page in the specified time period, the call will be
diverted to the backup coverage position. Once the coverage position has answered and is
active on the call, the paged party will be allowed to barge in to the call.

Conference with a Meet-Me Page Number Using Multi Line/Function Stations

If parties on an exisling 2-way conversation wish to conference in a party with a "Meet-Me"
p g Y party
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pager number the scenario is slightly different. One of the partics must have a multi-line set.
That party depresses the conference button, putting the other party on soft hold and dials the
"Meet-Me" pager number. The user may then depress the conference button again, to establish
the conference. Both callers will then hear ring back from the pager line. The caller who
established the conference should then place the call on hold by depressing the Hold button,
sclect another call appearance and place the page using standard loud-speaker or radio paging.
After placing the page, the user should return to the original call appearance and wait for the
page to be answered.

If the paged party retrieves the call before the specified time period, the tone is heard and the
3-way connection is established. The page line number is now available for additional calls.

If the paged party does not answer the page in the specified time period, the call will be
diverted to the backup coverage position. Once the coverage position has answered the paged
party will not be allowed to barge in to the call, However, the coverage position may place the
caller on hold, at which time the paged party will be allowed to pick up the call. When the
paged party has retricved a call that was placed on hold by a coverage position, the coverage
position will be dropped from the call.

Transfer 1o "Meet-Me" Page Line by the Attendant

If a caller connected to the attendant console wishes to speak with a party having a "Mect-Me"
page number, the following scenario is possible. The attendant splits away from the original
caller and dials the appropriate "Meet-Me" pager number. The attendant, upon hearing ringing
tone, immediately hits the release key. The call is not dropped from the attendant console but
the attendant is free to make or answer other calls. The attendant should use a [ree loop to page
the called party using standard loud-speaker or radio paging. At this time the caller hears
ringing tone. At any time before the paged party answers the call, the atiendant may get back
on the call by depressing the loop key. After the call has been answered, the loop will be freed.

If the paged party does not retrieve the call in the specified time, the call will go to the
coverage position. After the coverage position has answered the call the attendant loop is
removed from the call if the attendant has not depressed the loop key. The paged party may
barge in to the call at this time. If the paged party has not answered the page, the coverage
position may place the call on hold if the caller wishes to wait an additional amount of time. If
the paged party retrieves the page while it is on hold at the coverage position, the coverage
position will be dropped from the call.

Attendant Remains on Call

The Attendant may remain in control of the call by use of the hold key. The attendant
depresses the split key and dials the appropriate "Meet-Me" pager number. The attendant then
depresses the hold key, putting the switch loop on hold and connecting the original caller to
ring back. The attendant then depresses another loop key and makes a loud-speaker or radio
page. If the paged party does not pick up the call in the specified time, the ring lamp for the
switch loop on hold will begin to flash. To return to the call the attendant need only depress
the associated switch loop key. If the call is answered by either the page owner or the coverage
point the ring lamp will go off and the answer lamp will 2o on. The attendunt must go active
on that switch loop and then depress release o give up control of the call. 1f the call has been
answered by the coverage point, the paged party may not barge in. The coverage point will not
.« be allowed to place the call on hold. '

Malicious Call Trace
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This feature allows a station user or console operator to activate a Malicious Call Trace on a call in
order to obtain more information about the source of the call. Activation of this feature will cause
information concerning the calling and called partics to be stored in memory for display at a console,
the attendant consoles to be alert, and a recorder to be connected on 2-way calls to record the actual
call,

Activating Malicious Call Trace

The Malicious Call Trace feature may be activated by a station user or a console operator. An
attendant may activate the feature by depressing the malicious call trace activate key while active on
the switched loop with the malicious call. The user of a multi-button station may activate malicious
call trace by depressing the malicious call trace key while talking on the malicious call. A no-button
station user who receives a malicious call may activate the feature by using a swilch-hook flash,
dialing the Malicious Call Trace activate code, and using another switch-hook flash to return to the
call. A multi-button station user may not dial the dial access code to activate Malicious Call Trace on
a call on another appearance on that set.

Another station may activate the Malicious Call Trace by dialing the malicious call trace activate code,
hearing dial tone and dialing the extension number of the station receiving the malicious call. This
method may be used to activate Malicious Call Trace on another extension with multiple appearances.
However, the system may not always select the correct appearance for the Malicious Call Trace. The
Malicious Call Trace button push by the person receiving the malicious call while active on the correct
appearance is recommended to resolve this situation. A station on a 3-way call must use a button press
or have another station activate Malicious Call Trace.

Activation of the feature will cause the following actions to occur:

1. All facilities associated with the call will be locked up except the station or attendant that
received the malicious call. This will allow the called party to make other calls if necessary.

2. If a Malicious Call Trace recorder is assigned and the call is a 2-way call, the recorder will be
connected and begin recording the call. The recorder will not be connected on a 3-way call.

3. Information about the call will be gathered and placed in memory for display at the attendant
console.

4. An alert will be made to all attendant consoles, excluding the activating console if activated by
an attendant, This alert consists of a continuous audible signal and flashing of the lamp
associated with the malicious call control key. The activaling console will be alerted vsing only
the flashing lamp, and will not receive the continuous audible signal.

Only one Malicious Call Trace is allowed to be active in the system at any time. If a user attempts to
activate Malicious Call Trace while another trace is active the attempt will be denied. If the attempt is
made by an attendant button push, the button push will be ignored. If the attempt is made by a button
push on a multi-button set, the button push will be ignored. If the attempt is made by dialing the
Malicious Call Trace activate dial access code, the user will reccive busy tone. If the attempt was
denied, the user should keep trying to activate the feature every few minutes as long as the malicious
caller has not disconnected.

Malicious Call Trace can only be activated from a talk state. Intercept tone will be given to a station
that dials the Malicious Call Trace activate code and attempts to activate the feature on a station in an
invalid state. A Malicious Call Trace button push on a multi-button set or attendant console will be
ignored if the extension or switched loop is not in a valid talk state.

Parties talking to an attendant will not be allowed to activate Malicious Call Trace. If Malicious Call
Trace is to be activated in this case, it must be done by the attendant. If the attendant puts two talking
parties on hold, one of the parties could activate Malicious Call Trace by pressing the Malicious Call
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Trace activate button. In this case, the Malicious Call Trace display will show the attendant as the
called and activating partics and the other two partics will appear as the calling and third partics.

Controlling a Malicious Call Trace

When the consoles receive the indication that a malicious call exists, one of the attendants should take
control of the trace by pressing the malicious call control key. This console will then have control of
the trace until the trace is deactivated by dialing the Malicious Call Trace deactivate code. When an
attendant takes control of a Malicious Call Trace, the audible signal will stop on the consoles, the
called party will be displayed on the console ICI display and that console will be placed in position
busy mode. This attendant may then step through the Malicious Call Trace information by pressing
the malicious call control key again for ecach item of information. The call information will be
displayed in the following form:

1. Called extension or attendant number,
2. "LINE" or "TRNK" This indicates the type of facility of the calling party.

If entry #2 indicates a line, then the calling party’s extension number will be displayed. If entry
#2 indicates a trunk as the calling party, the incoming trunk’s port equipment number will be
displayed in three ICI display groups as follows:

A. Module/Frame
B, Carrier
C. Slot/Circuit

Calls using remote access trunks will indicate a line with a blank line extension number.

4. "ACTV" OR "IDLE" This indicates whether or not the called party is still connected to the
malicious call.

5. If a third party is not on the call, the display will skip forward to the activating extension
number. If a third party is on the call, the display will be "F3LN" OR F3TK" to indicate the
third party is a line or trunk.

6. Third party extension number or trunk information as described in three (3) above.

Activating extension number or activating attendant. This is the extension number of the line
used to activate the Malicious Call Trace or the activating attendant number.

8. "END" This indicates the attendant has reached the end of the call information. Another push of
the Malicious Call Trace control key will restart the display at the called party above. The call
information may be displayed as many times as necessary until the attendant deactivates the
Malicious Call Trace.

If the malicious call came in on a trunk as indicated by display items 2 or 5, the attendant should
notify the central office (or distant PBX in the case of a tie trunk) immediately to give them the
identification number for the trunk. This will allow them to carry the trace further from their end. A
conversion chart should be available to the attendant to convert the trunk port equipment numbers into
their identification numbers. The central office or distant PBX needs the identification numbers to
trace the call further.

An attendant who has activated Malicious Call Trace can put the malicious call on hold and originate
calls by selecting an idle switch loop. This is important if the activating attendant also controls the
Malicious Call Trace. In this case the attendant can push the hold key, select an idle loop and call the
central office or distant PBX to relay the Malicious Call Trace information as needed.
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Deactivating Malicious Call Trace

When it is determined that a trace has been completed, the controlling attendant may deactivate the
trace by sclecting an idle loop, pressing start, and dialing the Malicious Call Trace deactivate code.
This will cause all facilities on the call to be disconnected, the flashing malicious call control lamp to
be turned off, the recorder to be made idle, and the display memory to be cleared. The controlling
attendant and activating attendant if appropriate will be released from the position busy mode, even if
they had been in position busy prior to controlling or activating the malicious call trace.

Attendant Direct

The purpose of this feature is to allow calls over specific incoming trunk groups to be answered on
user-defined groups of attendant consoles and to allow station to attendant calls to be assigned in the
same manner to a specific attendant group. Calls which are forwarded to the attendant are also
attendant directed to the station’s pre-assigned attendant group. Also, calls which normally reccive
attendant intercept treatment are directed to a pre-defined attendant group for intercept. An attendant
group consists of one or more consoles as defined by the customer. An attendant console may only be
a member of one attendant group. A call may be assigned to not be directed, in this case the call will
£0 to the first available attendant regardless of the attendant’s group assignment.

Listed Directory Number and Trunk Calls

All Listed Directory Number (LDN) calls and all incoming calls on non-DID trunks will be directed to
a customer defined attendant group (up to a maximum of 15 groups). If an attendant group cannot be
determined for the LDN, then the call will be treated as an undirected call. That is, it will £0 to any
available attendant. This feature allows up to 9 LDN’s and 9 dedicated ICI messages to be used for
the LDN’s.

Dial Zero and Attendant Emergency Alert Calls

All station dial "0" calls will be directed to an attendant group. The assignment of dial 0’ to attendant
group will be based on that station's Line Class-of-Service. Emergency calls to the attendant will be
routed by Attendant Direct the same way a dial 0" call is - the emergency call will go to the same
attendant group that it would have if the station bad dialed '0’.

Call Forwarding 1o the Attendant

When call forwarding to an attendant occurs, a station call will be forwarded to the attendant group
associated with the station which has call forwarding invoked. In the case of a trunk call to a
forwarded station, the call will route to the trunk group’s attendant group. This routing will occur for
all types of call forwarding; all, busy and don’t answer.

If an attendant extends a call 1o a station which is forwarded to the attendant, the call will be forwarded
if the attendant is not in the same group as the station called; otherwise the attendant will hear busy
tone.

Intercept is returned to an attendant that trics to call or extend a call to a ACD group whose associated
extension is forwarded to an attendant.

Timed Recall to the Attendant

When timed recall on an outgoing trunk occurs, the call will be routed to the calling station’s attendant
group,

Antendant Release Loop
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A call being recalled to the atiendant using ARL will return to the attendant group associated with the
incoming trunk group unless the call came in via an LDN. In this case, the call will recall based on the
LDN. ARL calls may not return to the same console but will return to the same group. If a trunk call
comes into an attendant, is forwarded to a station and the station docs not answer, the call will be
returned to an attendant in the trunk’s attendant group.

Attendant Intercept Treatment

When intercept treatment is defined to route a call to an attendant, the system will route the call to the
proper attendant group. When an invalid DID number is dialed by a trunk, the call will be sent to the
attendant group assigned to the trunk group. If a valid station number is DID restricted, the intercept
treatment will route the call to an attendant group based on the stations Line Class-of-Service.

Attendant Direct Overflow

If all the attendants in the attendant group are busy on other calls when another call for the attendant
group is received, either the call waiting lamp(s) on the consoles in the attendant group will be lit or
‘overflow' conditions (described below) will be evaluated. The customer may choose to have calls to
one attendant group directed to another attendant group called an overflow group. In such a case, calls
will be directed to the overflow attendant group depending on the status of the consoles in the primary
atlendant group.

The customer can choose one of the following conditions to trigger overflow:

1. Each console in the attendant group has had its headset removed or has had its POSITION
BUSY key activated.

2. Each console in the attendant group satisfies the first condition described above or has all six of
its switch loops in use to process calls,

The call will then be directed to the attendant group which is customer defined to handle calls when
the primary group is unavailable. This overflow attendant group consists of on¢ or more attendant
consoles. The overflow group can also overflow if it in turn satisfies its own customer chosen
overflow conditions. The standard method to insure proper processing of attendant overflow calls after
a power failure is accomplished by unplugging the headset from all consoles in an attendant group
rather than using the POS BSY key.

The Auendant Direct feature only allows overflow chains of length two, that is, group A can overflow
to group B which can overflow to group C, but C cannot overflow. The feature also prevents the sort
of looping that would occur if group A overflowed to B and group B overflowed to A.

Attendant Call Waiting and Priority Lamps

If a call is directed to an attendant group and placed in the attendant queue, the call waiting lamp on all
the consoles in that particular attendant group will be lit. If a call overflows, the call waiting lamp on
the overflow console(s) will light if the overflow group is not in night service and not in an overflow
condition. If the overflow group is in night service the call waiting lamp will be lit on the console to
which the call was originally directed. If the console to which the call was directed has the headset
removed, there will be no indication of a call waiting.

The priority lamp will remain lit on the primary attendant group consoles unless the call has
overflowed and a console in the overflow group is idle, in which case the priority lamp on the overflow
console will be lit.

The capability to flash the call waiting lamp at a pre-determined threshold of calls waiting has not been
modified. There is an independent call waiting peg count for each atiendant group. The call waiting
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lamp for a certain atiendant group will not flash until that attendant group’s call waiting peg count has
reached the system wide threshold limit. The number of calls waiting is determined separately for
each attendant group.

Call Transfer

A slation can place a call on soft hold and, by dialing the attendant, transfer the call to its own
attendant group.

Six Way Attendant Conference

When a station that is in an established 6-way attendant conference flashes to recall the attendant, if no
attendant has control of the conference (i.e., has that conference on a switch loop), then that call is
directed to the attendant group of that station Line Class-of-Service.

Split Night Service w/Attendant Direct

This feature allows each attendant group to be put in night service on an individual basis. From a user
standpoint the operation will appear to be the same as the standard feature. The last attendant in a
group to leave the site, depresses the NITE key and all calls directed to the group of which that
attendant is a member will be directed to a dedicated night station. Each group may be assigned their
own common and default stations. The lamp for the NITE key will flash at all consoles whose group
is in the night mode, all other consoles’ night lamps will not be affected. The full night service will not
change from its present use, but the attendant may only change the night station for trunk groups
which are directed to their attendant group.

Attendant Two-Way Splitting

A new console control key will be available to allow for splitting away either party when the attendant
has two other parties on the loop. The attendant will now have two split keys, a "SPLIT CALLED"
party and a "SPLIT CALLING" party. The attendant will now have the ability to flip-flop between the
called and the calling party. To connect both partics the attendant will have to depress the same split
key twice in a row.

Attendant Emergency Alert with Immediate Talk Path

The Attendant Emergency Alert feature allows a station user to access the attendant in an emergency
situation. The alert can be activated either by a dial access code or by going off-hook and timing out.
The dial access code can be defined to be either 1, 2 or 3 digits. There will be a maximum of 10
unique dial access codes which may be assigned to different ICI messages. There may also be a
special ICI message assigned for the time-out case. This will allow for a distinction between different
types of emergencies. -

If a calling party enters an emergency situation, an audible signal is given to each attendant in the
attendant group associated with the originating party and the priority queue-lamp begins flashing. If
there is a console in a slate to receive the emergency call (i.e., there is an idle switch loop), then only
that console will remain in a ringing state and the appropriate ICI message will be displayed. When
the attendant depresses the ANSWER button, the audible signal will be removed and an immediate
talk path will be established with the emergency party. To identify the calling party’s directory
number, the attendant can press the Class-of-Service control key. If the attendant has answered an
emergency call, the emergency station is locked into the console until the attendant releases the call.
The attendant may identify the calling party’s directory number any time before releasing. Up until
this point, the station cannot dial again until the attendant releases, even if the station has hung up. If
the calling party hangs up before the attendant has answered the emergency call, the call and the
alerting tone are cleared from the console and/or the queue.
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Attendant Emergency Alert Tinteout

In the timeout case the assigned timeout ICI message is displayed on the first available attendant
console in the attendant group associated with this station. In the case of the emergency dial access
code the associated ICI message is displayed. If there are no available attendants, the first attendant to
become idle (by depressing release, hold, etc.) will get the emergency call. If there are multiple
emergencies, the audible and lamp signals continue. There is no limit to the number of emergency
calls coming to the attendants.

The customer selects the line COS’s which are to have the Attendant Emergency Alert feature,
Attendant Emergency Alert Dial Access Code

Access to the DAC may be allowed on a system wide basis, in which case stations and trunks may use
the emergency alert dial access codes. A Line Class-of-Service may be assigned to have access to the
DAC and have time-out access to the feature regardless of the system wide assignment. Calls are
directed to associated attendant groups as described in "Attendant Direct”.

Emergency Access of Trunks by Attendant

This feature will assure the attendant of the ability to seize an outgoing trunk in an emergency
situation. To activate the feature the attendant must:

1. Selecta switch loop, unless already active on a switch loop.
2, Depress the special emergency access control key.

Dial the outgoing call in a normal fashion, using the START, SPLIT or group select keys as
appropriate.

If there is an idle trunk in the trunk group then that trunk will be seized as is normally done without
this feature. If all the trunks in the chosen group are busy the attendant will not receive busy tone and
will not be queued. Instead the following will occur:

1. Atrandom, one of the busy trunks will be chosen for preemption. A previously preempted trunk
still active on an emergency call will not be cligible for preemption.

2. The parties currently using the trunk will be given a 2 second warning tone.

3. Following a 10 second delay the parties will be dropped from the trunk and the attendant will be
given control.

4. The attendant will receive dial tone and may begin dialing the emergency call.

The Emergency Access of Trunks by Attendant feature will only be active when the associated control
key is depressed. At all other times attendant dialing is handled in the normal fashion. If the attendant
wants to make an emergency call for a third party, the attendant merely depresses the special
emergency access control key before depressing the start or split key in order to place the call. This
feature will only preempt for CO, FX and WATS trunks (trunk types 17, 19, 22, 24 and 27) through
direct trunk access or ARS access. Trunks involved in a previously preempted call or a 6 or 4 party
conference are not eligible for preemption. An atiendant on a trunk call will not be pre-empted. Only
trunk calls that are in a ringing state or a stable talk state will be eligible for pre-emption. A trunk
which is involved in a 3-party call may be preempted but the other 2 partics will be able to continue
their conversation.

Attendant Service Observation

This feature will provide the ability to designate an attendant console to be a supervisory position. To
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activale the feature the attendant must:

1. Dial the supervisory Dial Access Code.
a. Ifthe console is already being monitored by another console, intercept is heard.
2. Dial the console number to be monitored.

a. If there is another console monitoring the console or the console is supervising another
console, or the console is the same as the supervisor or the console is in another module,
intercept is heard.

b. Otherwise the attendant is now supervising the specified console.

While a console is in a supervisory mode the regular and priority call queue waiting lamps will be
activated based upon that console’s calls, not the calls to the console which is being monitored.

Upon feature activation, the following will be updated immediately on the supervisory console, based
upon the status of the monitored console:

+ Position Busy key lamp

« Position Available key lamp

o ICIdisplay

« Loop lamps
Thereafler, the following monitored console status will be updated on both the supervisory console
and the monitored console:

« Position Busy key lamp

« Position Available key lamp

o ICI display

« Loop status

« Trunk group busy

« All control keys

« DXS lamps - Does not apply in 5-Digit Dialing environment

« Busy lamp field - Does not apply in 5-Digit Dialing environment
All ringing tones will be abbreviated on the supervisory console. The supervisory console will still
receive the following tones:

o Emergency Alert Tone

o ACA call

« Timed Reminder tone

« Call waiting "click’ tone

This feature does not allow silent observation of the monitored console. The supervisory console user
may use the headset with muting feature for this capability instead of the handset.

All button pushes except the RELEASE key are ignored while a console is in a supervisory mode.

To deactivate this feature:
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Press the RELEASE key.
Supervisory console is taken off the talk path.
POSITION BUSY lamp is updated.

W

The feature may be re-activated by any console via the supervisory DAC.

When using Attendant Service Observation with ETN, DCS and CAS, both consoles (supervisory and
supervised) must be on the same node.

Automatic Termination Restriction by Time of Day

This feature allows for stations to have the termination restriction activated and deactivated based on
Class-of-Service. There will be a time range (e.g. 21:00 to 06:00) during which designated Classes-
of-Service will be termination restricted. At all other times of day the pre-assigned controlled
restrictions for a station will apply. The start and stop times for the Automatic Termination
Restriction are set on a system wide basis. Classes-of-Service may be assigned to use or ignore this
automatic restriction change. There will be a new intercept treatment type for this feature so that it is
possible to use a special recorded announcement when the Automatic Restriction is active. The
attendant may still modify controlled restrictions on a per group or per station basis at any time. This
can be used to override the Automatic Termination Restriction. It will take approximately 10 minutes
for all of the lines to be restricted. So if the start time were 21:00, it could be 21:10 when all of the
lines have been checked and the feature activated as appropriate. The same is true for the stop time to
deactivate the feature for all of the lines.

Time-of-Day and Calls in Queue Display

Two new console control key types will be added to the system. The first key will be for a time-of-day
clock. When the 'clock’ key is depressed the current time-of-day will be displayed in military time in
the 4 character ICI field, (no colon will appear between the hour and minute digits). The second key
will be for displaying the number of calls in queue. When this key is depressed the current incoming
call queue length for the attendant group of which the activating console is a member will be displayed
in the ICI field. Note that a call to an attendant may either be directed to a specific altendant group or
"undirected." An undirected call may be answered by any attendant in the system, independent of the
attendant group. The number of calls in queue for a given attendant will be the number of of calls
wailing for the attendant group to which that attendant belongs plus the number of undirected calls
wailing in the system, plus the number of emergency calls waiting in the priority queue for that
attendant group, plus any undirected emergency calls. These displays will remain until new incoming
call arrives or another button is depressed which affects the ICI display field.

HARDWARE REQUIREMENTS
This feature package is designed to operate on the System 85®, R2V3 PBX.

The following special hardware is required for automatic "Meet-Me" Paging.

« Motorola Tone Pager

Motorola Tone Paging equipment with a Quad-Alpha board is required for "Meet-Me" Paging.
¢ 'IN474 Processor Communications Circuit (PCC)
The RS-232C interface for the System 85® TN474 circuit pack is required for the transmission of

messages to the Motorola paging equipment. It is necessary to have one of these per System 85®
Processor.
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The following special hardware is required for Malicious Call Trace.

VYoice Recorder

This is CPE (Customer Provided Equipment) used Lo record malicious calls, The recorder selected
must be suitable for remotely controlled operations. It should have an automatic gain control or
have a recording level adjustment that can be set to an appropriate level.

SN231 Auxiliary Trunk Circuit

An auxiliary trunk circuit on an SN231 circuit pack is required for each voice recorder (four
circuits per SN231). An auxiliary trunk circuit provides provides the switchable talking path
between the malicious call and the recorder. When MCT is activated, the SN231 passes audio
signals and on/off control to the recorder via the 278A interface.

Each trunk port on this circuit pack used for this feature should be optioned (assigned) as a 1-way
outgoing and 4-wire signaling trunk.

278A Adapter

One 278A Adapter is nceded for each voice recorder. This unit is recommended because it
provides isolation between SN231 trunk equipment and the recorder. Without the 278A, there is
no protection on the Audio Path from power surges.

The 278A has two options and both can protect the audio path on the trunk circuit. The C1/C2
option is the recommended option because it has 17 ohms of resistance in series with its relay
contacts that provide current-limiting protection to the trunk circuit. If the recorder is unable to
work with this resistance (impedance) to the microphone input of the recorder, use the following
option. The BY1/BY2 option docs not have current-limiting protection but has approximately zero
ohms of resistance (impedance) to the microphone input.

The 278A can be mounted in the Auxiliary Cabinct or wall mounted next to the cross-connect
fields.

Power

A D-181321 power kit is required for each 278A control unit. This unit converts -48 V dc 10 -24 V
dc power. If the 278A is installed in the Auxiliary Cabinet, use cabinet power. In either case, the
ground lead which goes to the 278A should eventually be attached to the single-point ground in the
equipment room.

SOFTWARE ENVIRONMENT

Feature Package PG-3W024 is based upon the exisling features contained in System 85®, R2V3. Itis
run tape compatible with standard System 85®, R2V3 Issue 1.X.

All features not dealing with the pager line numbers or RS-232C interface or the other Attendant
features described in this document will operate as described in standard AT&T Documentation.

INTERACTIONS

"Meet-Me" Paging

Automatic Callback

If one attempts to call a Page Line and the Page Line is busy and the COS for the Page Line permits
Automatic Callback, the caller can request callback and will receive confirmation tone, but the
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callback will never happen.
Call Coverage

Multiple coverage points may be assigned for a pager number. The system allows for up to three
coverage points. If any point in the coverage path is unavailable, the call will be directed to the next
point in the coverage path. While a call is searching the coverage path it may be retrieved by the
owner of the pager number. During this time the pager number is unavailable for additional calls. The
coverage points may be line extensions and the last point may be a ACD group.

If the last coverage point is a ACD group for a pager number then the caller enters the queue for the
group and the page line is freed. That is once the call enters the queue the owner of the pager number
will not be able to pickup the call. The pager number will be available for additional calls.

Call Forwarding

A pager line number may use the Call Forward All feature, but not Call Forward Busy/Don’t Answer.
Call Forwarding All may be established and canceled only through the attendant console.

Remote Access

The remote access trunk group used to answer page calls will be subject to the same system wide
assignments as all other remote access trunk groups. Assignments of barrier codes and shared status
will apply to all remote access trunk groups. This means all remote access must be assigned as not
shared with LDN to have the ability to retrieve a page call at any time. It is required that all remote
access trunks be accessed by Touch Tone Telephones.

DID Restrictions

Pager line numbers will have the ability to restrict incoming DID calls by class of scrvice. This is
done in the same manner as is done for regular lines.

Malicious Call Trace
Attendant Auto-Manual Splitting

If an attendant activates Malicious Call Trace while a calling or called party is split from the console,
the split condition is disabled. On the attendant console, the split lamp goes out. For the previously
split party, the split returns dial tone to an internal caller or disconnects an outside caller from the
switch.

Attendant Interposition Calling and Transfer

If an attendant selectively calls the activating or the controlling attendant during an active Malicious
Call Trace, the switch returns ringback to the calling atiendant. However, the called attendant will
only receive ringing if the attendant has unbusied the console.

For the controlling attendant, priority lamp activity is provided for interposition calls during a trace.
However, the controlling attendant does not receive an ICI display for these calls. Instead, the
alphanumeric display is reserved for displaying trace information.

For the activating attendant to receive an interposition call, the malicious caller must be placed on
hold, and the console must be unbusied. Then, an interposition call will cause the loop lamp to flash
and the priority lamp to go out.
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ACD (Auwromatic Call Distribution)

If an ACD agent receives a malicious call, the Malicious Call Trace feature can be activated by the
ACD agent. It is preferable, when malicious calls arec more than a rare occurrence, to assign the
EMERGENCY button to every agent’s mulliappearance voice terminal,

If an ACD agent receives a malicious call and activates the Malicious Call Trace feature while the
agent is being observed using service observing (as opposed to Agent Override), the observer may
continue to monitor the malicious call and subsequent calls normally. Furthermore, service observing
allows the observer to begin observation afier Malicious Call Trace has been activated.

Busy Verify

An attendant who receives a call from another PBX indicating the source of a malicious call is a trunk
on this PBX may activate Malicious Call Trace on that trunk to obtain more information about the call.
This is accomplished by doing a busy verify on the trunk and then pressing the Malicious Call Trace
activate button on the console. It should be noted that a waming tone will be given when the attendant
busy verifies the trunk and the recorder will not be added at this PBX since the call is a 3-way call.
The Malicious Call Trace would then be handled the same as any other trace.

Ciry/Queue-of-Origin Announcement:

An ACD agent cannot activate Malicious Call Trace during a city-of-origin or a queue-of-origin
announcement. When this 2-second announcement finishes, the trace can be activated.

Agent Override:

If an Agent Override call is attempted toward a line involved in Malicious Call Trace, the caller
attempting to do the override receives intercept tone.

Call Waiting

Calls are not allowed to wait on a line involved in a Malicious Call Trace. Instead, the calling party
receives busy tone.

Conference - Three Party

When Malicious Call Trace is activated during a 3-party conference, the malicious caller’s identity in
the trace information becomes uncertain. The contents of Items 2 and 5 and of Items 3 and 6 in the
controlling attendant’s display can be reversed.

If there is one (and only one) party in the 3-party conference who is connected to the switch over an
incoming trunk, the MCT software presumes that this party is the malicious caller. This party is
identificd as the malicious caller in Items 2 and 3 of the controlling attendant’s display.

Sometimes, this ambiguity can be avoided with human intervention. Since the malicious caller usually
initiates a malicious call, the originally called party can press the DROP button to disconnect the third
party in the conference, verify that the malicious caller is still on the connection, and then quickly
activate the trace, However, when this is done, the third party cannot be re-added to the conference,

Multi-Appearance Sets
On a multi-button set with the line appearance which activated Malicious Call Trace and a Malicious

Call Trace button, the Malicious Call Trace lamp will be lit whenever the line appearance is sclected
and the trace is still active.
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Music-on-Hold Access

When Malicious Call Trace is activated on a switch that provides Music-on-Hold, the originator of the
malicious call receives music whenever this caller is placed on hard hold. This effect usually occurs
when Malicious Call Trace is activated from a multi-appearance voice terminal using the dial access
code.

If this functionality is considered unacceptable, there are several ways to atlenuate or circumvent the
problem, To minimize the caller’s alarm, the person activating Malicious Call Trace can advise the
caller, "I need to put you on hold for a short time. I'll be right back.” Other alternatives are to provide
MCT ACTIVATE buttons for voice terminals that are likely to receive malicious calls, or to activate
Malicious Call Trace from a neighboring voice terminal. If the previous alternatives are considered
unacceplable, Music-on-Hold can be disabled vsing Procedure 275, Word 1.

Override

If an Override call is attempted toward a line involved in a Malicious Call Trace, the calling party
receives busy tone.

Priority Calling

If a priority call is attempted toward a line involved in a Malicious Call Trace, the calling party
receives busy tone.

Saft Hold

If Malicious Call Trace is activated with a party on soft hold, the soft held party will be dropped. If
Music On Hold is active, the music will be removed. The recorder will then be connected to the call.

Station Calls to Selected Attendant

Station to selected attendant calls to the activating attendant will receive busy tone. Calls to the
controlling attendant will receive busy tone if the controlling attendant is in position busy mode. If the
controlling attendant is not in the position busy mode the call will complete normally.

Timed Recall on Outgoing Calls

During a malicious call, the Timed Recall feature is deactivated for a trunk that is involved in the
malicious call.

The activating console receives modified Timed Recall operation during a Malicious Call Trace. If the
activating console is position busy, the Priority lamp lights during a timed recall, but the tone does not
sound. If the console is not position busy, the Priority lamp lights and the tone sounds during a timed
recall.

The controlling console also receives modified Timed Recall operation during a Malicious Call Trace.
While the controlling attendant is performing the trace, the Priority lamp lights during a timed recall,
but the tone does not sound. After the trace is deactivated, the Priority lamp lights and the tone sounds
for a timed recall.

Timed Reminder
The activaling console receives modified Timed Reminder operation during a Malicious Call Trace.

While the activating attendant is connected to the malicious call, the Ring lamp flashes during a timed
reminder, but the tone does not sound. After the activating attendant disconnects from the malicious
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call, the Ring lamp flashes and the tone sounds during a timed reminder.

The controlling console also reccives modified Timed Reminder operation during a Malicious Call
Trace. While the controlling attendant is performing the trace, the Ring lamp flashes during a timed
reminder, but the tone does not sound. After the trace is deactivated, the Ring lamp fashes and the
tone sounds during a timed reminder.

Trunk Verification - Attendant

The Trunk Verification - Attendant can assist in tracing malicious calls that originate from or tandem
through distant switches in the private network. After a attendant at the distant switch is called by the
controlling attendant at the local switch, the distant attendant can enter the call using the Trunk

Verification - Attendant feature and then activate Malicious Call Trace at the distant end.

NOTE: Since the warning tone provided by trunk verification could arouse suspicion by the malicious
caller, the verification should be deactivated as quickly as possible.

Unattended Console Service - Alternate Console Position

While the Alternate Console Position feature is activated, the alternate attendant position (instead of
the regular position) is alerted to trace malicious calls. If the alternate attendant responds to an alert
first (by pressing the MCT Control button), this attendant can also trace the call.

Unattended Console Service - Call Answer From Any Voice Terminal

While the CAAVT (Call Answer From Any Voice Terminal) feature is active, the switch does not
sound the CAAVT signaling device in response to a malicious call. Instead, the switch will activate a
voice recorder and alert the attendant consoles in the normal manner. After an attendant returns to an
attendant position, the trace can be performed and the MCT feature can be deactivated.

Unattended Console Service - Preselected Call Routing

While the Preselected Call Routing feature is active, preselected voice terminals are not alerted Lo trace
malicious calls. Instead, the switch will activate a voice recorder and alert the attendant consoles in

the normal manner. After an attendant returns to an attendant position, the trace can be performed and
the MCT feature can be deactivated.

NOTE: The limitation of only one MCT aclive in the system still applies.

Visually Impaired Attendant Service

A visually impaired attendant should not attempt to trace a malicious call. The controiling attendant
must be able 1o see and record the ICI messages. Also, the controlling attendant must be able to read
and communicate the information from the cross-reference of trunks,

Attendant Direct

DCS, CAS and EIN

When Attendant Direct is used in conjunction with DCS, CAS or ETN, for stations not on the main,
assignment to attendant group is based on incoming trunk group, not on station Class-of-Service.

Night Service

The Night Service feature will take precedence over Attendant Direct Overflow. For example, if a
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console is in Night Service and overflow conditions are satisfied, the call will be directed based on the
Night Service feature, not the Attendant Direct Overflow feature,

Attendant Emergency Alert
Abbreviated Dialing

The emergency alert dial access code may be entered into an abbreviated dial list. Abbreviated dialing
can then be used (o activate Attendant Emergency Alert,

Attendant Console

Once emergency signaling begins, two operations of the attendant console are affected. First, any
ringing of the console other than emergency ringing is suppressed. Second, the emergency ringing is
heard even if "audible off" has been activated.

The emergency audible signal is sent to attendant consoles even if they are in NITE or POSITION
BUSY states. The emergency signal is not sent to a console whose headset or handset has been
removed.

Altendant Direct

Altendant Emergency Alert calls are directed to the associated attendant group as described in
"Attendant Direct".

If the attendant group, to which an emergency call is directed, is in night mode, then the call will
follow the overflow path. If all of the overflow groups are also in night mode, then the call will be
directed to the night station of the original attendant group.

Hot Line

A station that is administered as a hot line station and has the Emergency Alert DAC as the Hot Line
destination code can activate Emergency Alert by simply going off-hook. No time-out period is
required.

Night Service

Emergency calls made when Night Service is in effect will be routed to the night station with no
special treatment.

Emergency calls that are routed to the night station when the night station is busy and no call waiting
is provided will go to the night station and be handled as a normal call.

Remote Access
The Emergency Alert DAC may be dialed on a remote access call,

A remote access call can time out into the emergency situation if COS 31 is set to permit Emergency
Alert timeout (Proc 010) and the Remote Access to Attendant field (Proc 286) is set to 0.

Restrictions - Voice Terminal Restrictions

A station with total controlled restrictions cannot dial the emergency dial access code. This station
can, however, time-out into the emergency situation.
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A station with origination restrictions cannot dial the emergency dial access code. This station can,
however, time-out into the emergency situation.

Interposition Calling

The priority call waiting lamp is used for both interposition calls and for emergency alert calls. Only
emergency alert calls cause the continuous audible signals. Emergency alert calls will be answered
before interposition calls.

Emergency Access of Trunks by Attendant

Emergency Access of Trunks precludes the use of AUTOVON. Any attempt to use AUTOVON will
result in unpredictable results. The use of AUTOVON will not be supported in this feature package.

Automatic Termination Restriction by Time of Day

All standard restrictions and feature interactions for the standard termination restriction apply. In
particular, there are two known (but undocumented) cases where the standard termination restrictions
do not operate correctly. Automatic Termination Restriction by Time of Day will operate in the same
manner as the standard termination restriction.

1. If an ACD split supervisor is time of day termination restricted and the restriction is in effect,
calls to the supervisor’s individual extension number continue to terminate at the supervisor’s
set. This occurs because standard termination restriction is never checked for ACD split
supervisors.

2. If astation is time of day termination restricted and the restriction is in effect and the station is a
member of a coverage path, calls to that station are not allowed to terminate. However,
coverage calls to that station are allowed to terminate. This is the same way that the standard
termination restriction feature operates.

Calls in Queue and Time of Day Display
Attendant Diversion

If the appropriate button is pressed, Calls in Queue and Time of Day displays will both overwrite the
Attendant Diversion display.

RESTRICTIONS

No modifications have been made to CACS/ECACS, TCM/FFM, or CSM. Use of these systems with
this special development is not guaranteed or supported. Any procedures that have been modified for
this special development are likely to be incompatible with the above systems. No modifications have
been made to TRACS which may affect the availability of CSD's and error listings, also TRACS will
not initialize any of the special software translations.

Autovon is not supported in this development. Use of the Autovon feature may produce unexpected
results.

"Meet-Me" Paging

The translation of the "Meet-Me" Paging Special Development may only be accomplished vsing the
Maintenance and Administration Panel (MAAP) or the System Management Terminal (SMT). The
"Meet-Me" Paging feature will not be translatable using TCM/FM.

The only limitation on the number of pager lines is the total line size of the switch, although this
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would be unrealistic since the Motorola paging equipment can only handle up to 10,000 numbers. In
the System 85® there is a limitation on call coverage groups which will have an impact on the number
of pager line numbers which may have coverage.

The following is a list of features which may not be assigned to pager line numbers:

* DCS - This implies that no page call may be retrieved from any node other than the one from
which the page was initiated. Pages may be placed from one node to another but not retrieved.

+ Call Waiting - A pager line will either be idle or busy, no caller can be put in a call waiting state,

+ Auto Call Back Calling - A station may not activate auto call back calling to a page line number.
An attempt to do so will result in confirmation tone applied to the calling party, but the feature will
not be activated.

Busy Verify - The attendant may not verify a pager line. If they try they will receive intercept tone
as if an illegal line number was dialed.

+ Executive Override - A station attempting an exccutive override towards a pager line number will
receive intercept tone as if an illegal line number was dialed.

+ Leave Word Calling - A station may not attempt to apply leave word calling toward a pager line
number, any attempt to do so will be ignored.

» ACD Group Members - Pager line numbers may not be assigned as members of a ACD group.

« Send-All-Calls - Pager lines may not use the Send-All-Calls feature. Only the Call Forwarding All
feature will be available. 3

+ Call Pickup Groups - Pager line numbers may not be assigned as members of a call pickup group.

+ Night Station - A pager line number may not be assigned to receive calls when the system is in
night service.

+ Attendant Six-Way Conference - If the attendant is calling a "Meet-Me" page line to add them into
conference, the attendant will not be able to cancel splitting as is normally the case for other lines.

Pager Number Assignments

The pager numbers must be assigned as special lines with no physical hardware locations. The line
number assignments should match those assigned in the Motorola Tone Paging equipment. The line
numbers should be unique in the last four digits.

A pager number can be assigned to have all of the "Meet-Me" Page capability but not send a message
over the RS-232C circuit. This can be useful for doing localized loudspeaker paging.

Coverage Paths

If all coverage points are unavailable, a caller to a "Meet-Me" Pager will continue to hear ringing
forever.

Coverage Criteria and Intervals

Call coverage timing is based on two factors, the call coverage criteria and the type of coverage.
There are four call coverage crileria: extension active, extension busy, all and don't answer. Each of
these criteria may choose what type of call will follow the coverage path. (Extension active and
extension busy coverage criteria are not applicable to Page Lines.) The types are no coverage,
extension numbers calls only, attendant or trunk calls only or extension, attendant and trunk calls,

Extension active is used if any call appearance of a line number is in use. Extension busy is used if all



SPEC : SD 3970 : 02/21/90 Page 24

call appearances of a line number arc in use. All means that any call of the type specified will go to
coverage. Don’t answer is used if the call is not answered within a specified number of ring cycles.
For the don’t answer case the number of ring cycles may vary from 2 to 6, cach ring cycle is
approximately 5 seconds. So this means that the don't answer interval may range from 10 to 30
seconds. :

The criteria for jumping from on¢ coverage point to the next is as follows: If the extension is busy, i.e.
all call appearances of a line are in use, the call immediately skips to the next coverage point.
Otherwise, the system wide don't answer interval is used to determine when to switch to the next
coverage point.

The suggested use of the criteria for "Mect-Me" pager numbers is no coverage for extension active,
cxtension busy and all, to assure busy tone is returned if the line is busy. The don‘t answer critcria
should be set for extension, attendant and trunk calls with the ring cycles set from 3 10 5.

Call coverage is assigned in groups. Each group has its own criteria, don’t answer interval and
coverage path. Lines are then assigned to be members of a coverage group. To allow different
"Meet-Me" pager line numbers to have different criteria and don’t answer time intcrvals it is only
necessary to assign the lines to different call coverage groups. "Meet-Me" pager lines will not
function properly for the 'BUSY" criteria, this should not be assigned for groups containing "Mcet-
Me" page lines.

Call Forwarding

If call forwarding is active, no page message is generated for the originally called page number. If the
forwarded to line is also a page number,the page message will be generated for that page line number.

Tie Trunks

Tie trunks may not be used to retrieve a page call.
Antendant Console

Page calls may not be retricved from an attendant console.
Key Equipment vs. Digital Sets for coverage points

If the backup coverage positions are to use key equipment, then the system will operate in the
following manner. Each "Meet-Me" Pager number will have to be in it's own coverage group. Each
of these groups must have unique coverage paths in order to assure availability of coverage which in
turn assures availability of the "Meet-Me" Pager line. The coverage point lines will be assigned as
normal station lines on the System 85® and any bridging will be handled by the key equipment.

In an electronic telephone environment there are two methods which can be used. To duplicate the
operation used with the key equipment assign the call coverage groups individually as with the key
equipment. Then assign a coverage point line number per button, maximum number of lines is
determined by terminal type, to the clectronic sets and use the bridged appearance feature, up to 16, to
have more then one answering position.

The second method would be a way to save line numbers in the dialing plan as well as call coverage
groups. To accomplish this there would be more then one pager number assigned to a single call
coverage group. The coverage positions can then be assigned with multiple call appearances, up to 12,
of the same coverage point line number. Each call appearance then may have bridged appearances on
other sets, up to 16. In this situation, there will not be a one to one ratio of pager number to coverage
number so the coverage points will need electronic displays along with the inspect feature in order to
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determine for which page number the call was intended.

The system provides a feature known as the names data base. Each extension and trunk group may be
assigned a string of up to 30 characters to be displayed. The maximum number of extensions and
trunks varies based on the number of characters assigned per extension or trunk. When call coverage
is in use, the coverage points will display the entry from the names data base of the originally called
party, along with a code for the reason the call has gone Lo coverage.

Malicious Call Trace

Only one Malicious Call Trace can be active in the system at one time. Attempls to activate additional
Malicious Call Traces using the dial access code will reccive busy tone. Attempts made using the
Malicious Call Trace button on a multi-appcarance terminal or on an attendant console will be
ignored.

The Malicious Call Trace recorder will not be connected on three way calls.

On three way calls, the Malicious Call Trace display may not be entirely accurate. Specifically, the
calling party information and the third party information may be switched.

The Malicious Call Trace feature should not be controlled by a visually impaired attendant because the
trace information will be displayed on the console ICI display.

When the calling party on a Malicious Call Trace is a remote access user, then the Malicious Call
Trace display will display a blank for the calling party extension.

This feature is not DCS transparent and operates only on the home switch and does not operate using
centralized attendant service.

A Multi-appearance set user cannot activate Malicious Call Trace on one of its appearances by dialing
the MCT dial access code from another appearance. In this case, the user must press the Malicious
Call Trace button while active on the malicious call. Additionally, Malicious Call Trace may be
activated from another set. However, if the original multi-appearance set has more than one line
appearance in use, the wrong one may be selected for the trace. The use of the Malicious Call Trace
button is strongly recommended.

If a malicious call trace is activated from an attendant position that has been put into Position Busy,
when that attendant deactivates the trace, the console will not be returned to the Position Busy state.

Attendant Direct

No more than 15 attendant groups can be assigned in the system. Each console may only be a member
of one attendant group. If an LDN, incoming trunk group, or Class-of-Service has not been assigned
to an attendant group, the call will be directed to any attendant in the system.

Split Night w/Attendant Direct

Attendants may only change the night service for their own group. The actual line number need not be
directed to the group for which it is the night station.

Attendant Emergency Alert with Immediate Talk Path
It is important to note that the Attendant Emergency Alert feature monitors only situations in which a

line times out into the emergency slate without dialing any digits or dials the emergency access code.
If any partial dialing or flashing is done, this feature does not consider the line to be in the emergency
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situation and docs not process that line.

This feature requires at least one console per attendant group to be attended at all times. Should an
emergency occur, altendant response at the console is mandatory. If the attendant consoles are not
attended, the emergency call will continue to ring without answer. If the console is in night service
mode, the call will be directed to the night station. If Attendant Direct Overflow is active, the call will
overflow if a console in the overflow group is idle. If there are no idle consoles in the attendant
overflow group, the priority lamp on the primary attendant group will flash and emergency tone will be
heard. The priority lamp on the Overflow Attendant Group will be lit and no tone will be heard.

In a timeout emergency alert condition, a line enters the priority queue approximately 20 seconds after
going off-hook. This 20 second interval consists of approximately 10 seconds of dial tone and
approximately 10 seconds of intercept tone. However, if a line is origination restricted, no dial tone is
given and only 10 seconds of intercept tone precede permanent signal. In this case only, the line enters
the queue and attendant signaling begins approximately 10 seconds after going off-hook.

In the case where the emergency access code is dialed, the alert is immediately entered.

Attendant Emergency Alert calls are directed to the associated attendant group as described in the
section on the Attendant Direct feature,

A station with total controlled restrictions cannot dial the emergency dial access code. This station
can, however, timeout into the emergency situation.

Attendant Emergency Alert is not compatible with DCS.
Emergency Access of Trunks by Attendant

This feature will only preempt for CO, FX and WATS trunks (trunk types 17, 19, 22, 24 and 27)
through direct trunk access or ARS access. Trunks involved in a previously preempted call ora 6 or 4
party conference are not eligible for preemption. A trunk which is involved in a 3-party call may be
preempted but the other 2 parties will be able to continue their conversation.

Attendant Service Observation

The monitored console may not be supervising another console at any time. Both consoles, the
supervisory and supervised, must reside on the same node. The supervisory and supervised console
must also reside in the same module. This is a very important restriction since the system will not
allow connections of parties residing on four (4) distinct modules.

Automatic Termination Restriction by Time of Day

The start and stop times for the Automatic Restriction may only be assigned on a system wide basis.
All Classes-of-Service with this feature active will use the same start and stop times.

If a Class-of-Service is changed to permit or not permit time of day restriction, this change will not be
effective for the stations in that Class-of-Service until the next time the start or stop times are passed.
For example, suppose the restriction start and stop times are administered to be 2100 and 0700
respectively and Class-of-Service 01 is administered to be time of day restricted and the current
system time is 0600. If Class-of-Service 01 is changed to not be time of day restricted, the stations in
that Class-of_Service will continue to be restricted until 0700 that moming. They will not be
restricted at 2100 that evening. If immediate restriction of a station is required, the feature Restriction
- Attendant Control of Voice Terminals may be used.

Time of Day and Calls in Queue Display
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The Calls in Queue and Time of Day displays are static. That is, once they are displayed on the
attendant console, they will not be automatically updated if the time of day or number of calls in queue
change. They may be updated by pressing the appropriate atlendant key again.

Since the attendant display is only 4 characters long, the maximum number of calls in queue that can
be displayed is 9999. If there are more calls in queue, the 4 characters "OFLW" will be displayed.

Attendant Interposition Calls and Station Calls to Sclected Attendant will not be counted in the calls in
queve.

INTERFACE
Motorola Pager Protocol

This peripheral device uses a terminal oriented protocol. The protocol used to operate the MODEN
Plus Pager Unit requires the following algorithm to be used when the System 85 processor talks with
the pager.

The CHAP ignores all characters from the MODEN Plus Pager except the following characters which
are listed below along with their meaning,

= Equal Sign: This is the Log In prompt from the pager. The complete message is:
ID=<CR><LF>

[ Left Bracket: This message indicates that the pager is ready to accept pages. The
complete message is: <ESC>[p<CR><LF>

<EOT> End of Text: This message completes a log in session on the pager. The complete
message is: PAGE EXCHANGE DISCONNECT<CR><ESC><EOT><CR>

<ACK> Acknowledge: This means that the pager has accepted the message from the sender
(PCC in this case). The complete message is: <ACK><CR>

<NAK> Negative Acknowledge: This means that the pager has not accepted the message
from the terminal. The complete message is <KNAK><CR>

<XON> Transmission on: This means that the Motorola buffer is ready to accept messages
from the terminal. The complete message is <XON><CR>

<XOF> Transmission off: This means that the Motorola buffer is full and no more messages
should be sent from the terminal. The complete message is <XOF><CR>.

The System 85 encloses the message for the pager as it would a message being sent using the Direct
Output protocol. That is, enclosed in a STX/MSN/ETX/BCC format. Upon recciving the message,
the CHAP strips the STX/MSN/ETX/BCC overhead and sends the message out to the pager. The
pager responds to the message with its ACK or NAK message. If the ACK message is received
(remember the CHAP looks for the ACK and trashes the CR), the CHAP updates the DPR indicating
that the message has been completed. If the NAK message is received, the CHAP retransmits the
message once, and if it is still NAK'd by the pager, the CHAP will lie to the System 85 processor and
tell it that the message was sent.

If any of the above characters are received from the pager by the CHAP, they are enclosed in the
STX/MSN/ETX/BCC format and sent to the System 85.

USER OPERATION

See the DESCRIPTION above for each feature.



