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"METER READINGS" WORK SHEET
INTRODUCTION

The CONFER II is a high‑quality conference bridge providing conference capability for up to six parties per card.  Each card may be purchased in its own chassis with power supply (referred to as a CONFER Unit) or as a plug-in card to be used with the optional Card Cage (referred to as a CONFER Board). Multiple Units may be joined with the Desk Top COUPLER Unit(s) to provide up to 36 ports.  Multiple Cards may be used in the Card Cage to provide up to 48 ports.

The CONFER has 2‑ wire loop‑start interfaces for use with virtually all central offices (C.O.), or PBX's which have 2‑wire, loop‑start station lines (2500‑type phone) capability.  It is preferred that the station cards be capable of providing loop-current interrupt or North American dial tone when the calling party hangs up so that the CONFER can release that port for other callers.  Generally, Off Premise Extension (OPX) cards can be used in the PBX for assured disconnect supervision if normal station cards do not provide this.  Most C.O.s provide this supervision.

The CONFER II may optionally be configured for 4-wire audio or 4-wire E&M, Type V (modified) interfaces for special applications.  

The CONFER utilizes digital signal processing and PCM voice signals to provide a patented full-duplex (two-way) conferenc​ing and automatic level control of incoming signals for a comfortable, well balanced conference.

As with any amplified high‑quality telephone equipment, it is necessary to match the CONFER to the C.O. or PBX lines in order to assure the proper performance from the unit.  With the CONFER, this is a simple, straightforward procedure which requires a small screw driver (supplied) and a high‑impedance (electronic) voltmeter.

With the proper installation and adjustment procedures, the CONFER should provide years of excellent, trouble free conferenc​ing.  The instructions should be read and understood before beginning the installation.  If you have any questions, call your supplier or FORUM Support Services for help.


CONFER‑COUPLER
If this CONFER‑II is to be used with the CONFER COUPLER for expanded conference capability, be sure to read the CONFER COUPLER Manual before starting installation, matching and use.  The operation of the “Desk Top Coupler Unit is slightly different than the operation of the plug-in Coupler Board used in the Card Cage.


FEATURES SETUP
The CONFER II contains several selectable features which must be set in order to obtain expected operation.  Read and follow the instructions on these features (Section 6) when setting up the bridge.


Forum Communication Systems


CONFER
Complies with Part 68 of FCC Rules

FCC Registration

Number:                 2B6USA-74902-BR-N

Ringer Equivalence:     1.0B

Required Connector:     RJ 11 Modular (Male) 

This equipment complies with the requirements in Part 15 of FCC Rules for a Class A computing device.  Operation of this equipment in a residential area may cause unacceptable interference to radio or TV reception requiring the operator to take whatever steps are necessary to correct the interference.

Specifications:

No. of Parties:
6 parties and 1 monitor

Audio band:            
200‑3200 hz, automatic volume control to  provide constant speech quality

Compatibility:          
Compatible with KSU/PBX systems, Centrex, C.O. Trunks and other optional interfaces.

                        

Flexible command structure

Power Requirements:     
115 VAC  60 hz, 25 Wats (nominal)

Mechanical Characteristics (6-port unit/chassis):

          Size:     19" x 10" x 3" (approx.)

          Weight:   11 lbs.

Operating environment:

          Ambient temperature:
5 to 50 c

          Relative humidity:     
25 to 85%

          Installation:


Requires no modification from the existing KSU/PBX systems. Very easy to install.


PBX INSTALLATION NOTES

(Primarily for Disconnect Supervision)

Revised 5/28/00

Disconnect Supervision, PBX Station Cards
Optimum operation of the CONFER relies on proper disconnect supervision from the PBX when a caller hangs up.  This requires the correct station card and programming in the PBX.  Following are some guidelines which may help in setting these up.  The preferred supervision is loop-current interrupt, a.k.a., loop break; wink off; "reliable disconnect"; or battery reversal.

NOTE THAT THE FOLLOWING GENERALLY REFER TO EQUIPMENT INSTALLED IN THE U.S.  SOME AMERICAN-MADE PBXs INSTALLED OVERSEAS MAY HAVE DIFFERENT PARAMETERS.
Lucent Definity G2 (G3)  In the Lucent Definity  series PBXs, the analog station card needed is PC Board # 228B.  In program class of service 010, word 3, field 13 "Data Protection Permanent" it should be set to a "1" to give loop current interrupt.


When connecting a Definity trunk port to the CONFER “C/M” port, the trunk group must


Have the following settings:






Group Type:

WATS






Trunk Type:

Loop Start






Direction:

Outgoing






Outgoing Dialer Type:
Automatic

Lucent Legend  In the Legend, for "Reliable Disconnect Supervision" set Call (Hunt) Group Option to "Generic Voice Mail".

Lucent (ATT) Partner  This is an older analog PBX.  Test calls for matching should be made out through a Central Office (C.O.) line and back into the system.

Nortel  SL-1/Meridian-1  In SL-1 with release 17 and Meridian 1 PBXs, the station card must be programmed to pass North American dial tone to the CONFER when a calling party hangs up (in Load 10 under station CLS, set for "LDTA").  The line disconnect tone time (LDTT) is found in Load or Overlay 15 in the customer data block.  It should be at least 30 seconds to assure releasing all lines when all parties hang up at once.  When a single caller hangs up, dial tone will only be heard for about two seconds.

With X11 Release 21, Nortel now also makes available loop-current interrupt, called hookflash disconnect supervision.  This does require NT1R20AB OPS line cards.  Under "LD 10 - Enable hookflash disconnect supervision", in response to prompt "FTR", enter "ISP 100" or higher, to activate.  For more details, read MCS Product Bulletin 96006, Supervised Analog Lines and NT1R20AB OPS Line Cards.

As an alternative, Digital Techniques Inc.  offers an Analog Terminal Adaptor (ATA) which is cost effective AND provides loop-current disconnect when the calling party hangs up.  The ATA can be used with digital station ports.  It can be used to share a port with a digital phone which does not require a data port, and can use the second channel of those ports, providing a savings in port utilization and cost.  This can be ordered for the Meridian or Norstar systems.
In older SL-1s, no disconnect supervision is provided and the station ports should be programmed for silence so as to not disrupt the conference with "reorder" when one caller hangs up.  Two minutes after all callers hang up, the CONFER will release all lines (with option sw S2-3 ON).

Nortel DMS 100 and 250  The C.O. switches do provide loop break.

Nortel - Norstar  In the Norstar key systems, an analog adapter is required.  The Nortel ATA or ASM does not give the loop-current or dial tone, only silence, which would require the "two-minute silence" feature to be set on the CONFER (option sw S2-3 ON).  Digital Techniques Inc.  offers an ATA which is cost effective AND can provide loop current interrupt.  The ATA must be programmed in "shared mode" in order to build hunt groups.  The Norstar hunt group must be programmed to “sequential” mode.  “Broadcast” and “Rotary” won’t work.  See the Norstar supplement for more connectivity information.

Siemens
On Siemens (Rolm) 9000 CBX, OPX cards are recommended.  These should be set for Two-way or Outbound during the matching procedure and then set to Inbound (or Terminate) for conference use.  In the 9751 with 9005 software, use the OPS card.  With 9006 software, and on the Hicom 300E, configure the analog card for OPS.

NEC
NEC 2400 uses 16LCQ and first party disconnect.  For NEC 2400 ICS, use 16LCBC or 16LCBE.  For NEAX 2000, use (P/N) 4LCDA and program all ports for command 1322, momentary open.

Executone IDS   In Executone systems, you can use the single line station cards with software release 7.0 or newer.  The Day Class of Service for the ports connected to the CONFER should be set to "16".  This will provide dial tone when a caller hangs up.  OR, the 12-port single-line card, p/n 15540, will give loop break.

Toshiba  In Toshiba DK 40 and DK 424 systems, the CONFER II "Reorder Tone Detector" option must be ordered and the Toshiba must be programmed to give reorder (fast busy) when a caller hangs up.  You also need to enable end-to-end signaling, program 31 led #17 to ON.

Mitel SX200 & SX2000  On MITEL SX200 and SX2000 systems, positive disconnect supervision (loop-current interrupt) is not available.

The SX2000 (all versions), the ONS, MC321 card provides dial tone to the CONFER II port when the caller hangs up, so the CONFER II Dial Tone Detect feature must be used to release that port.  The trunk circuit descriptor, “Release Supervision Expected yes/no” should be set to yes.

The SX 200 Digital and Light can also provide dial tone using card 9109-040-0D, but must be selected as a system feature.  System option 22, Last Party Clear To Dial Tone should be set to "YES".  Again the Dial Tone Detect on the CONFER II must be used.

Fujitsu
To our best knowledge, with Fujitsu (the 9600 at least) no disconnect supervision is provided when a conferee hangs up, so the CONFER II will have to be set to release all ports after two minutes of silence.

NEW   Reportedly,  on the 9600 ports can be set to “Voice Mail” to give the CONFER dial tone when the caller hangs up.

SRX
In SRX systems, the 2702, 6-port card is preferred and can be set to give loop-current interrupt and/or North American dial tone.  These should be used with System-1 release 4.6 or newer or Vision 2.2 or newer.  Older 2701 cards may be used but only give dial tone.

INTER-TEL
INTER-TEL systems provide loop-current interrupt as a default.  

DASH
Dash systems provide loop-current interrupt.  No details.

TELRAD
Telrad systems provide North American dial tone only.  No details.

PANASONIC
Some Panasonic systems provide steady North American dial tone.  Others provide an interrupted dial tone (busy).  These require the "Reorder Tone" detector option.  Check the system you're connecting to.

HITACHI     Reportedly, the HCX 5000 will give loop-break, using the card: 8LFH.  This has not been tested by Forum.

WINN 1000   Reportedly, the Winn 1000 PBX gives loop-break disconnect supervision.  This has not been tested by Forum .

ROCKWELL – SPECTRUM ACD  When connecting the CONFER to the Spectrum ACD, it is recommended that you define an agent group for each port going to the CONFER II.  This allows the system to be programmed in a rotary hunt fashion, for ease of diagnostic functions.

3COM  These systems give loop break, we are told.

Shoreline Teleworks  These systems give North American dial tone.

REORDER TONE DETECTOR (OPTIONAL)  On Toshiba and some foreign phone systems, disconnect supervision is presented to the CONFER as a reorder tone.  Where this is true, the REORDER TONE detector must be ordered.  The Standard option can be strapped to detect 440hz or 480hz.  By special order it can be set up to detect 350 or 620hz.  Contact Forum is you are not sure of your installation parameters.

If you have specifics on other PBX's, please forward them to Forum  for inclusion.

Last revised 09/29/00

SUPPLEMENT TO CONFER II INSTALL NOTES

NORSTAR/BCM CONNECTIVITY

For additional information on Norstar connectivity to the Confer II Audio Conference Bridge, please call Forum Communications Tech Support, at (972) 680-0700.

A. When programming the Norstar Hunt Group, use sequential mode.  Broadcast and rotary modes will cause problems in the hunting process.  

B. Because of the way the Norstar system hunt group operates, we are asking that you program the extension ports connected to the bridge to ring 6-7 times.

C.  The Linx Norstar (manufactured by DTI, Allen, TX)

1. The Confer II line ports will connect to the Norstar ports via a Linx Norstar ATA (one per Confer port).

2. Look at the underside of your Linx atas:  all Linx atas should be the Linx Norstar, Revision 

"AA", part # 500-2500-001.  If it is not "AA" – we recommend you replace it with revision “AA”.  

(NOTE:  Forum has tested the CONFER II with revision “AA;” the CONFER Bridge may not work with some earlier versions of the Linx ATAs).

3. Program the digital ports on the Norstar that are connected to the bridge (via ATA) for only one (1) intercom line.

4. The Linx Norstar will disconnect each port as the party hangs up using loop break, so there is minimal intrusion and immediate availability of all CONFER ports.

5. When dialing the CONFER bridge extension from another extension within the same PBX, the Norstar transmits digital information, but will not generate the DTMF command tones that the bridge is listening for.  To generate the DTMF tones needed by the CONFER II, you would use the “[Feature] 8 0 8” function on the Norstar (you will see “long tones” in the phone display).

6. If you are calling the bridge from outside the PBX, you will simply transfer to the extension assigned to the CONFER bridge.  If the bridge has the Authorization Code option, you would enter the 4-digit Auth Code when you hear the beep and enter into the conference.

If you are dialing the CONFER bridge from another extension within the same PBX, you will dial the bridge extension number; when you hear a beep, press “[Feature], 8 0 8”, then enter the four-digit Authorization Code (option 520-00020-000 or 520-00020-001)
.

7. If you are using the Lock-Out/Unlock function from an extension on the same PBX, you would press “[Feature] 8 0 8”, then enter “5” (Lockout) or “8” (Unlock) button on your phone pad.  If you are calling in from a remote location, this will not apply.

8. If the CONFER II you are using has Option Dial-Out function, dialing into Port 6 from an internal extension on the same PBX, you would press “[Feature] 8 0 8” then press ** to access the next available PBX line to call out.  Once you hear the dial tone, you dial the party you wish to add to the conference, and when the party answers, you will press “[Feature] 8 0 8”, then pause (“long tones” will appear on your phone display) and press “*2” to add the party to the conference call.  When calling from a remote location, this will not apply.

9. If you purchase the Authorization Code option, you must order it with an extended entry time.  This allows the User to enter the feature 808, and still have enough time to input the Authorization Code.
If you need assistance, please call Forum Tech Support at 972-680-0700.  Be sure to identify to the Forum technician the serial number of your CONFER bridge(s) and what version of the Norstar/BCM you are using.

Forum Communications International maintains an on-going relationship with Nortel engineers to pursue and/or create additional options to provide extended quality conferencing abilities for Norstar/BCM users.

D. The Norstar ASM module and ATA2

1. The Confer II will connect to the Norstar system with a Nortel ASM module or an ATA2. The Audio path is functional for standard conferencing.  

2. The ASM module and the ATA2 will not read D channel signaling and generate DTMF tones from a local phone off of the Norstar. This becomes an issue if the customer attempts to use Authorization code, Dial out, or lockout on the Confer II.

3. The ASM module and the ATA2 do not provide any disconnect supervision. When the calling party hangs up the Confer II port will not disconnect until all parties remain silent for two minutes.

E. The Norstar VMI card

1. The Confer II will connect to the Norstar system with the VMI card. The Audio path is functional for standard conferencing.

2. The VMI card does generate the DTMF signals needed to run the Confer II standard functions and options.

Exception: Authorization Code has a problem from the second port since the VMI card sends a DTMF string. This interferes with the Authorization code functions of the Confer II.

Solution: The Confer II needs to be ordered with a “delayed detect DTMF.” We don’t allow the microcontroller to check the Authorization code for a brief period and this problem is solved.

3. The disconnect supervision supplied from the VMI card is “dial tone disconnect.”   When a person hangs up, the people in the conference have to listen to a dial tone burst of about three to five seconds until the bridge disconnects the given port.

Forum Communications will continue to update this information as we identify other solutions for Norstar/BCM installations.

Forum Communication Systems


CONFER II 


Six Party Digital Voice Conferencing Bridge

1.0
INSTALLATION MANUAL FORMAT

While the CONFER II has many optional interfaces and operating features, the Installation and Matching sections discuss the basic unit configured with 2-wire loop-start line interfaces.  Refer to the Configuration sheet of the unit and the Options section of this manual regarding the use of any options which have been purchased.


In this Manual, the term "PBX" will be used to represent either PBX or KEY SYSTEM environments.

2.0
INSTALLATION OF CONFER:


Typically, the CONFER‑II is used with six (6) Central Office (C.O.) or six PBX/KEY SYSTEM station lines.  Normally, these  lines should be in a rotary hunt group so that only one access number (the lead number of the group) needs to be remembered.  If the lines are not in a hunt group, the numbers of each line will have to be identified and assigned to each party who is to call into the conference.  This latter method is less convenient but may be preferred for special applications.



NOTE:  The CONFER II is designed to operate with lines which provide North American dial‑tone and/or loop current interrupt (150 ms min.) when a conference member hangs up.  The system will also operate in environ​ments where only silence is provided when the party hangs up, but will not release lines until all parties have hung up for two minutes. Any environment which provides a reorder, other tone (other than North American dial tone) or line noise will be disruptive to normal conference usage.  An optional “Reoreder Tone Detector” may be required.  See Installation Notes and section 7.5 for more details on the Reorder Tone detector.


All PBXs vary in operation.  The best results are generally achieved by employing Off Premise Extension (OPX) cards in the PBX, rather than standard analog station cards, because OPX cards typically provide loop-current interrupt to the CONFER when the calling party hangs up.  You should check on the operation of the PBX to be connected to.  In general, the ports to be connected to the CONFER should be set up (in the PBX) the same as they would be set up to connect an answering machine or voice mail.  See "Installation Notes".

2.1
Unpacking and Mounting the CONFER

First check the shipping carton for any apparent damage and report andy damage to the CARRIER.

2.2.1
THE CONFER UNIT


CONFER II is  shipped as a 2 piece package: 1) CONFER, fully assembled, tested and mounted in a blue-color metal case, 2) an envelope containing manuals, a configuration sheet and the CONFER Tuning Tool (small screw driver).


Remove the CONFER from the shipping box.  Save the box until proper operation is confirmed.  If possible, it is recommended to save the box for proper shipping in the unlikely event that the unit needs to be returned for repair.  Mounting may require removal of the CONFER cover.  Loosen the screws at the top and bottom of the CONFER.  With these screws loosened, the cover of CONFER slides off (Fig. 1).   The base plate of CONFER contains all the electronic assemblies.  Notice that the base plate contains four large keyhole-shaped mounting holes.  The exact dimension and spacing between these holes are given in Fig. 2 along with mounting details.


Notice that CONFER  basically consists of 1) a circuit board assembly and, 2) the power supply unit (which is easily identified by an arrow on the top).  All adjustments and test points are mounted on the edge of the circuit board and may be accessed without removing the cover.  These potentiometer's and other measurement points are shown in Fig. 3.  The reset switch should be pressed once after the instal​lation is complete and the CONFER is powered on, to assure initialization.


Connections from the CONFER will be through modular cords to the demarc.  You will notice a green LED by each RJ11 line jack.  This LED will illuminate when a 2-Wire port is active (loop current flowing), and is convenient for tracking during the Matching procedure or for checking the bridge operation or troubleshooting.


Power is provided through the six-foot power cord.


The installation of CONFER consists of drilling four mounting holes on the wooden panel (or drywall) close to the connector blocks of the KSU or PBX.  Before a suitable place for CONFER is selected, be sure to consider the following:

     

*
Measure the length of the telephone cables to be used (not included) and make sure that the cable reaches the connector blocks from CONFER with sufficient slack.  Also make sure that AC power cord will reach a nearby wall outlet.  However, do not plug the unit in until it has been firmly mounted to the wall.

     

*
Do not install in a location near heat sources such as radiators, air ducts, air conditioning equipment, heavy duty machinery capable of radiating heat as well as electromagnetic interference or in a place subject to direct sunlight, excessive dust, moisture, ice or snow, mechanical vibration, shock, strong and varying sources of electrical, or magnetic fields.  Corrosive atmosphere slowly and steadily causes damages to both electrical and mechanical connections and hence should be avoided.


Firmly mount the base plate at the chosen place on the wall, with the help of four screws (not included).  Allow several inches of clearance on all sides of the CONFER  but especially on the right side.  Refer to the Fig. 2 of this manual for full details on the choice of the screws.  Be careful not to disturb other mounted assemblies while mounting the base plate.  A correct mounting leaves the power supply unit on the top and the connectors to the right side. Notice the arrow on the top of the power supply shield.  With a correct mounting, the arrow will point upwards.

2.2
Wiring


The CONFER II comes with 6-position RJ11 modular jacks for ease of wiring to the C.O. or PBX lines.  For normal 2-Wire lines, the center two conductors are used and are not polarity sensitive.  For 4-Wire Audio or 4-Wire E&M, refer to the drawing in Figure 4 to assure proper connections.  Use quality modular cords and assure solid connections.

2.2.1  Wiring to C.O. Lines

Once the unit is firmly mounted onto the wall, install the modular telephone cables and properly tie them.  Identify the C.O. lines to be used and make the connections. (these may also be modular).  


Note that the CONFER is designed to operate with loop‑start lines.  The CONFER will also operate with ground start lines, but will require special procedures during line matching, Section 4.      

2.2.2  Wiring to PBX System

The CONFER is connected to the station side of the PBX using the 2 wire loop start line termination  card.  For many PBXs, Voice Mail or OPX cards are preferred.  Identify the six station lines to be used and connect these to the CONFER.  Proceed to the line matching for PBX configuration (section 4).

2.3 
Wiring to the Control/Monitor Port

A Control/Monitor (CM) port is provided on  the  CONFER.   A CM phone (standard 2500-style Touch Tone phone) or test set must be connected to this port during installation to perform the line matching procedures of Section 4.  The CM phone may also be used during conferences to monitor or terminate the conference.  It may also be used to implement some options (see Options section).


There are three options for the permanent connection of the CM port in a PBX installation.  1)  to the CONFER COUPLER if one is being used, 2)  to a dedicated CM phone or, 3)  to a spare trunk port (2 wire loop start) with it's own access code.


If a COUPLER is to be used, the CM port must be connected to the COUPLER.  During the matching procedure this can be temporarily disconnected or the CM phone from the COUPLER can be used with the COUPLER buttons configured for "not coupled" and the monitor button depressed corresponding to the bridge connection, B1, B2, B3 or B4.


If no COUPLER is used, the CM port may be connected to a dedi​cated CM phone which may be located up to one thousand (1000) cable feet from the CONFER unit.


If dial access to the CM port is desired, the port may be con​nected to an unused 2-wire loop-start trunk port which is pro​grammed (in the PBX) for its own access code.  With this option, the CM port can be accessed remotely for maintaining and/or for programming the authorization code option or implementing other purchased options.

2.4 
Installation Finish and Power Up

If a local ground connection is available, it can be connected to CONFER with the help of a screw and washer.  Local grounding is typically recommended, but is normally not necessary for the functional operation of CONFER.  Grounding helps in avoiding ground loop noise injection and accumulation. 


Once all the connections are made, the CONFER is ready for matching.  Unroll the AC power cord and insert the power plug into the wall outlet.  Notice that a small LED at the top of the CONFER lights up as the plug is inserted in the wall socket and the power switch is turned on.  Press the reset button just below the power cord to assure that the system is initiated properly. 

3.0
MATCHING TO THE CONTROL/MONITOR PHONE

The Control/Monitor (CM) port may be set for 600 or 300 ohm impedance.  The C/M 69 SWITCH has been factory‑set for a 600 ohm (left position) in individual units and for 300 ohm (right position) in card cage configurations.   


If the bridges are to be used with the CONFER COUPLER, all CM ports must be set the right (300 ohm) position.



NOTE:  The purpose of the matching procedure in Sections 4 is to reduce the level of outgoing signal on a line which is reflected back into the bridge from that line due to line impedance mismatches.   The tone you hear in the CM phone during the procedure is the reflected tone (or echo).  This is also what is being measured with the voltmeter.  The objective is to reduce this to its minimum value.  This is important for clear, trouble-free conference calls.  While it is always tempting to "try it out" as soon as the CONFER is wired, this procedure must be followed before the bridge is released for service.

4.0
MATCHING THE CONFER PORTS

Figure 3 shows the locations of the test points, "trimpots" (resistors) and capacitor DIP switches used in the following procedures.  These components are identified by the "Line" number to which they're related (i.e.: TP 1, R1, and C1 are the test point, trimpot and capacitor switches for matching line one.  Also note that each "C" relates to two Dip switches.  This provides the option of four different values of capacity for optimum matching.  Matching is not required on 4-wire ports, if ordered.  Check your configuration.

The "C" DIP switches are referred to as Left and Right positions.  Initially, all switches except the CM 69 switch should be in the Left position.  These switches are positioned by pressing to the left or right side with a small object such as the supplied screwdriver.


During the matching procedures, you will be making a number of calls to some phone just to create a real-world connection.  It is most convenient if you have a phone located near the CONFER  so you can answer it and hang it up as needed.  If that is not possible, you need to locate a cooperative person who can spend 15 minutes or so answering these calls for you.  You need to explain that when he or she answers, no one will talk but they will hear a test tone and they shouldn't hang up until they hear the test tone STOP, after which the phone will ring again as you go to the next port and call again.

OUTSIDE CALLS


When making outside calls for matching, it is advisable to always use the same trunk for each call to remove any trunk differences from the procedure.  Once the procedure is complete, you should then try test Matching calls on each C.O. trunk to verify that the readings are all about the same (do NOT readjust anything at this point).  If one or two trunks give considerably higher readings (20 mv or more), verify that the trunk cards of the PBX are strapped for the proper impedance.  If they are, you should contact the phone company about checking the impedance of  such trunks.  If all trunks give higher readings, then the trunk used for matching is probably the problem and the Matching procedure should be repeated using a different trunk.  See the section on Troubleshooting.


If the procedure requires calling outside for matching or testing, and you know the local C.O. number for the "Silent Termination", you may use that number, thus saving yourself and/or someone else the trouble of answering test calls.



NOTE:  When you access a port during the matching procedure,either initially with the asterisk (*) or going from one port to the next, you must start dialing the called phone BEFORE you hear the test tone or the CONFER will interpret the digit as a command to go to another port.



NOTE:  Matching is not required for any ports which are optioned for 4-Wire Audio or 4-Wire E&M.  Check the configuration sheet which came with the uni to see if any ports are optioned for four wire.



NOTE:  It is recommended that the final meter readings in the Matching procedure be recorded and saved on the sheet provided at the back of this Installation Manual and kept in a safe place for future reference.

4.1
Line Matching for PBX Configuration

As stated earlier, the matching procedure is required to reduce echo into the CONFER II bridge.  When the bridge is connected behind a PBX, the callers in a conference may be calling from "inside" the company, extension-to-extension, or from outside the company on C.O. lines, FX lines, Tie lines, etc.  This will definitely have an effect on the matching in an analog PBX, but also can affect matching on digital PBX's.  Theoretically, the digital PBX should isolate the trunk lines from the bridge, but experience shows that there is not complete isolation.


DIGITAL PBXs
 
When the CONFER-II is installed behind a digital, PBX, all test calls for matching should be made directly to PBX digital extensions (an "inside" call) for best results.  This eliminates any trunk or analog phone peculiarities from the procedure.  The procedure is the same as described in section 4.



NOTE:  On digital PBX's and some analog PBX's, be sure that the impedance of the PBX trunk cards is strapped to match the impedance of the trunks provided (usually 900 ohms) BEFORE the matching is checked on outside calls.  This is often overlooked during PBX installation but is necessary for proper operation during conference calls. 


ANALOG PBXs

When the CONFER II is installed behind an ANALOG PBX, better performance may be obtained if all test calls for matching are placed through the local C.O. (an Outside call) rather than calling directly to a PBX extension; if you want to call an inside extension, first dial the local‑line access code (typically "9") and then call the extension as if calling from "outside".  


The matching procedure will be the same as described in section 4.1, remembering to include to "local‑line" access code on each call.


Voltmeter readings may be 1 ‑ 10 millivolts behind a digital PBX, but may be up to 40 millivolts behind an analog PBX and may vary if the procedure is repeated.  If readings vary considerably (20 millivolts or so) in repeated tests, see the section on Troubleshooting.

4.1.1 
Matching to Port 1

1.
Lift the handset of the control phone and, within 5 seconds, depress the asterisk  (*) key.  This code puts the CONFER in the calibration mode for matching the bridge, and connects the control phone to line one.  Dial tone should be heard from the PBX on Line 1.  (If no dial-tone is heard, refer to the section, Troubleshooting.) Do not hang up control phone until all ports have been matched.

2.
Dial a telephone number selected for this procedure and wait for the phone to be answered.  (You must start dialing BEFORE you hear the test tone.)  



Within 10 seconds, you will hear the test tone.  (A louder tone will be heard at the called phone).


3.
Assure that the DIP switches for C1 are in the Left position (OFF).  


4.
Set the multimeter to the 200 mv AC range.  (Note:  AC)



Connect the common lead of the digital voltmeter to the CONFER Signal Ground "TP GND", and  connect the other lead to "TP 1" (see Fig. 3).  DO NOT USE CHASSIS FOR SIGNAL GROUND.


5.
Adjust the potentiometer R 1 (see Fig. 3) clockwise or counterclockwise until the meter reading is at the minimum reading. If you have a good ear, you can also tell that the test tone echo on the Control phone is at it weakest point.


6.
Note the meter reading with each of the four combinations of the Dip switch pair for C1  (i.e  upper and lower, Right position; upper-Right, lower-Left; upper-Left, lower-Right; and both Left). 



Set these switches for the lowest reading.


7.
Re‑adjust the potentiometer R 1 until the meter reading is the lowest reading.  Readings of around 10 millivolts or less are typical.

4.1.2 
Matching to Port 2

At this point you could go to any line, 2 through 6.  For simplicity, we'll take them in order. 


1.
Press the digit "2" on the control phone.  This accesses the second line.  You will hear a dial tone.  (If you hear a beep tone, it means that you are already connected to line 2.  In this case, proceed to calibrating the next port by pressing another digit 1-6.)


2.
Dial a telephone number selected, again. Within 10 seconds you will again hear the test tone. 


3.
Assure that the DIPs for C2 are in the Left position.


4.
Connect the voltmeter lead to TP 2.


5.
Turn the potentiometer R 2 clockwise or counterclock​wise until the meter reading is the minimum.


6.
Note the meter reading with each of the four combinations of settings of the DIP switch pair for C2.  Set these switches for the lowest reading.


7. 
Re‑adjust the potentiometer R 2 until the meter reading is the lowest.

4.1.3 
Matching to Port 3

1.
Press the "3" on the control phone.    You will hear a dial tone.  (If you hear a beep tone, it means that you are already connected to line 3.  In this case, proceed to calibrating the next line.)


2.
Dial a telephone number as before.

       

Within 10 seconds you will again hear the test tone.


3.
Assure that the DIPs for C3 are in the Left position.


4.
Connect the voltmeter lead to TP 3.


5.
Turn the potentiometer R 3 clockwise or counterclock​wise until the meter reading is the minimum.


6.
Note the meter reading with each of the four combinations of settings of the DIP switch pair for C3.  Set these switches for the lowest reading.


7. 
Re‑adjust the potentiometer R 3 until the meter reading is the lowest.

4.1.4 
Matching to Port 4

1.
Press the "4"on the control phone. 


2.
Repeat steps 2 through 7 using "TP 4", R 4, and C4.

4.1.5 
Matching to Port 5

1.
Press the "5" on the control phone. 


2.
Repeat steps 2 through 7, using "TP 5", R5, and C 5.

4.1.6 
Matching to Port 6

1.
Press the "6" on the control phone. 


2.
Repeat steps 2 through 7, using "TP 6", R6, and C 6.

4.1.7
Matching Skipped Ports

1.
If any ports were skipped in the previous steps, or if you want to test that port on another outside line, press the digit for that line to see if it is now free.  If it is free, proceed with the calibration as described above.


2.
Repeat until all lines are calibrated.



Note:
If a particular digit (1‑6) is pressed twice in succession, a beep signal may be heard.  Select another port to clear this condition.

4.1.8
Checking Matching on Outside Calls


After the matching is complete, it is advisable to try a "Matching" call to an outside number on each C.O. trunk which could be used in any conference calls, and note the 

echo readings on the meter.  These will typically be higher than was obtained from an inside call, but if they are still at 30 mv or less, it should create no problems.  If they are higher, see the section on Troubleshooting.

4.2
Matching Procedure on C.O. Lines

The procedure for matching directly to C.O. lines is the same as matching to the PBX except that if calling to a phone near the bridge, it should be a DID phone so the 

operator doesn't have to get involved (she/he'll hear the test tone).  If you know the number for a Silent Termination, that would be best and it is automatically answered.

         
NOTE:  If Ground Start trunks are being used, the Ring lead (‑48VDC) must be tem​porarily grounded, after dialing the asterisk, in order to receive the dial tone from the C.O.

4.2.1
Matching Port 1

1.
Take the monitor phone off hook and within 5 seconds, depress the asterisk ( *) key.  You should hear dial tone on the first C.O. line. If you do not hear dial tone, see the section on Troubleshooting.


2.
Dial the number selected and proceed with steps 2-5 as described in section 4.1.

4.2.2
Matching Ports 2-6

1.
Follow the steps in 4.1.2 - 4.1.7 to access and match each remaining port.

5.0
COVER INSTALLATION

After the installation and calibration are complete, carefully replace the top cover of CONFER over the base plate, if it was removed, and tighten the cover screws. 


Should any heavy object or liquid fall into CONFER, unplug the power cord from the wall socket and have the system checked by qualified service personnel before trying to operate. It is also important  to remember that CONFER requires an operating environment of 5‑50 degrees celsius and a relative humidity below 85%.

6.0
FEATURES

6.1
Dial Tone-Detect Disable


6.2
Lockout Option Enable


6.3
Two-Minute Silence Reset Enable


6.4
High Gain (New Feature)  S/N 851 or higher

6.1
Dial Tone-Detect Disable


As shipped from the factory, the CONFER is programmed to release a port upon detection of North American Dial Tone or Loop-Current interrupt.  On rare occasions, line noise or a strong mail voice may look like dial tone for a sufficient period to cause the CONFER to release the port where this is detected.  If this should cause a problem and you are sure that loop-current interrupt is provided, the dial tone detector may be disabled.


To do this you must TURN THE UNIT OFF, remove the CONFER cover and locate the DIP switch near the central-left part of the circuit board (See Figure 5A).  It can be recognized as the (red) DIP with 8 slide switches on it and you can see "S2" printed on the circuit board near the upper-right corner of the DIP.


Move switch # 1 (top switch) to the right (ON) position.  Replace the cover and turn the unit on.  Depress the RESET switch once.  The CONFER will now disregard dial tone signals.  Make and terminate some conference calls to verify proper (loop current) disconnect.  If that is not available, you will have to rely on the two-minute silence to release the ports after a conference.

6.2
Lockout Option Enable


This option prevents the bridge from answering calls on unused ports during a conference. (e.g. you are having a 4-party conference on a 6-port CONFER.)  When all the desired parties have joined the conference, any party can depress the "L" (5) key to "lock" the bridge.  If it is desired to "unlock" the bridge for any reason, any party can depress the "U" (8) key to unlock it.  The key may have to be pressed few times till you hear a confirmation tone. If a conference is terminated in the locked mode, it will automatically unlock after two minutes of silence.


This option is disabled as the factory default setting. To enable this option, TURN THE UNIT OFF, remove the CONFER cover and set the DIP switch (S2) #2 (second from top) to the right (ON) position, replace the cover, turn the unit on, and depress the RESET switch once.

6.3
Two-Minute Silence Reset Enable


If the phone system connected to CONFER does not provide either loop current interrupt or dial-tone when a party hangs up, then CONFER can be set to release all lines after two minutes of total silence. This feature is not enabled as the factory default setting. This feature can be enabled by setting the DIP switch (S2) #3 (third from top) to the right (ON) position. Please follow the procedure as described above in changing the switch setting.

6.4
High Gain


The volume levels which have been programmed into the CONFER II are the results of several years of experience and provide the best operation for general use.  In some particular situations, however, it may be desirable to have a higher output level to offset other factors.  When this is desired, the gain of the CONFER II may be increased.  This can be done by setting the DIP switch (S2) #4 to the right (ON) position.  Please follow the procedure as described above in changing the switch setting.



NOTE: The higher gain  makes proper matching more critical.  If echo problems or squealing are noted with the higher gain, you will have to turn off S2-#4 and operate with the normal levels.

7.0
OPTIONS (Must be purchased)

7.1
Authorization Codes


7.2
4-Wire Audio Ports


7.3
4-Wire E&M Ports

7.1
Authorization Code


The authorization code (auth code) option requires that a caller enter the correct 4-digit code within 5 seconds of the bridge answering (indicated by a "beep" tone).  If the caller waits too long or enters the wrong code, the bridge will release that line.


The CONFER is shipped with a default auth code: 2580.  This can be changed any time a conference IS NOT in progress.  It is done through the Control (CM) port using a DTMF (Touch Tone) key pad, by first entering the digit "7", waiting for the confirmation tone and then entering the 4-digit code desired, which will be followed by another confirmation tone.  For bridge cards with a serial # 900 or higher, if multiple bridges are connected through the COUPLER, the code must be set in each bridge card individually to assure all bridge cards are changed.  This can be done through use of the "Monitor" buttons on the Coupler.  See the coupler manual for details on accessing the individual bridge cards.  Once a bridge card is accessed, the digit "7" must be pressed  within five seconds after taking the C/M phone off hook.  The code is stored in non-volatile memory and will NOT be lost during a power failure.


You may also disable (turn off) the auth code from the CM port as described above by depressing the digit "2" when no conference is in progress. It can be resumed by entering a new code as described above.

7.2
4-Wire Audio Ports


The CONFER may be ordered with any of the six ports configured with the 4-wire audio option, providing a transmit pair (out of the CONFER) and a receive pair (into the CONFER).  This is a factory-installed option.  These ports are active all the time and do not respond to or provide any supervision.  These ports are transformer isolated and do not require or provide battery.  Measures must be taken to limit any transformer current to 50 ma.  RJ11 jack wiring is defined in Figure 4.  The automatic level control for these ports can be reset by depressing the RESET switch.  Matching is not required on 4-wire ports. 

7.3
4-Wire E & M Ports


The CONFER may be ordered with any of the six ports configured with the 4-wire E & M option, providing a transmit audio pair (out of the CONFER), a receive audio pair (into the CONFER), and an "E" and "M" control lead.  This is a factory-installed option.  The CONFER  detects "Ring" when the "E" lead is grounded, and provides ground through relay contact closure to the "M" lead.  The audio pairs are transformer isolated and do not
require or provide battery.  Measures must be taken to limit any transformer current to 50 ma, and "M" lead current to 500 ma.  The "E" lead is at 12 vdc when open and must NOT be connected to any external battery source.  RJ11 jack wiring is defined in Figure 4.  Matching is not required on 4-wire ports.
8.0
TROUBLESHOOTING

The following sections should be read when the identified trouble is experienced.  If, AFTER reviewing these section, you still have troubles, call Forum Support Services, CONFER, at 972 680 0700.


8.1
No dial tone when depressing "*" to start Matching.


8.2
No dial tone when matching any line.


8.3
DELETED

8.4
Squealing" or noise during a conference (Barrel Sound). 


8.5
CONFER doesn't release ports after a caller hangs up.


8.6
CONFER appears to drop calls for no reason.

8.1
No Dial Tone When Depressing the Asterisk ( * )


On LOOP-START lines, a dial tone should be heard when the CM phone (test set) is taken off hook and the "*" key is pressed WITHIN 5 SECONDS.  If not, depress the RESET switch on the CONFER.  A dial tone should be heard while depressing the switch and should stop when it is released.  If no dial tone was heard while depressing the RESET switch, recheck your connections.  If dial tone was heard, try the "*" again.  



NOTE:  On GROUND-START lines, remember that you must temporarily ground the Ring (-48v) lead to hear dial tone.

8.2
No Dial Tone When Matching Any Line


If, during the matching procedure, no dial tone is heard on a particular line when it is selected, you can try changing the line connected to that port with another line to see if the line is bad or the port is bad.

8.3
Deleted

8.4
"Squealing" or Noise During a Conference (Barrel Sound).


If squealing or loud "white noise" is heard during a conference call, or if some parties sound like they're "in a barrel", this is an indication that one or more ports are not properly matched.  This may be due to changes which have been made in the C.O. lines or in in-house wiring.  All ports should be tested for optimum matching. 

8.5
CONFER Doesn't Release Ports After Callers Hang Up


If the CONFER is not releasing any ports after a conference call, this indicates that disconnect supervision is not being provided by the PBX.  The CONFER is looking for North American dial tone or a loop current interrupt of 150 ms minimum. This usually requires on OPX or Voice Mail card in the PBX.  Also, CHECK THE SOFTWARE in the PBX for these ports to be sure they are programmed correctly.  


If trouble occurs on one port only, change lines with another port to see if the trouble is in the PBX line or the CONFER port.

8.6
CONFER Appears To Drop Calls For No Reason


Occasionally, we will get complaints that calls are being dropped for no reason.  This may occur for either of two reasons: Poor  quality modular cords connecting the CONFER; Dial-Tone talk-off.


Poor Modular Cords


Some problems have occurred due to the modular cords being intermittent  either in their crimping or in their fit in the RJ-11 jacks on the CONFER.  To check this possibility, establish a test conference.  While in conference, move the modular cords around and see if any lines are dropped.  If so, replace all modular cords with high-quality cords and check again.  This should correct the problem.


Dial-Tone talk off


If dial-tone detect is not required for disconnect supervision (if loop current interrupt is provided by the PBX), The dial-tone detect should be turned off.  See section 6.1 for doing this.


If dial-tone detect is required for disconnect supervision (See section 6.1), check the matching of the ports (section 4).  If the problem persists, call Forum for assistance.
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CONFER II should be mounted to a wooden surface with 4 wood screws (1/4" X 3/4" L recommended, not supplied).  Drill a 1/8" pilot hole, 4 places, as indicated (mark X's in the corners of this sheet for full-scale marks).  Screw head size should be less than 3/8" to clear holes in the CONFER base.
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If CONFER II is to be mounted to dry wall, use #10 molybolts or larger.  Do NOT rely on wood screws in dry wall.

Make sure to position the CONFER so the power cord will reach the desired outlet.
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Figure 2.  CONFER II Mounting Detail
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Figure 1.  Supplied Items  
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2     4-Wire E & M




             Receive Pair (into CONFER)
Transmit Pair (out of CONFER)






PINS 2, 3

PINS 4, 5





Receive Pair (into CONFER)   Transmit Pair (out of CONFER)
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"E" Lead, PIN 1



"M" Lead, PIN 6


Figure 4.  Optional Line Jack Configurations


A-4








 DIP Switch   



   Circuit Board





SWITCH S-2 DEFINITIONS



The following definitions apply to standard CONFER II boards.. Special software may affect these definitions.  Check any included supplement sheets for changes.



FUNCTION



OFF


ON



S2-1
Dial Tone Detector

Enabled

Disabled


  -2
Lockout



Inactive

Active


  -3
Disconnect on Silence
Inactive

Active


  -4
High Gain



Standard Gain
+4db added


  -5
Not Defined


  -6
Not Defined


  -7
Not Defined


  -8
Not Defined


See Sec. 6.0 for details of these features.

Figure 5A.  DIP Switch Definition
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METER READINGS   Bridge #_____

Technician_______________________________________
Date____________

Calls To:  []Inside  []Outside  Notes_________________________________

______________________________________________________________________

Condition:_____
_____
_____
_____
_____
_____

Port 1
_____
_____
_____
_____
_____
_____

Port 2
_____
_____
_____
_____
_____
_____

Port 3
_____
_____
_____
_____
_____
_____

Port 4
_____
_____
_____
_____
_____
_____

Port 5
_____
_____
_____
_____
_____
_____

Port 6
_____
_____
_____
_____
_____
_____

Calls To: [] IN [] OUT
Notes:_______________________________________

Condition:_____
_____
_____
_____
_____
_____

Port 1
_____
_____
_____
_____
_____
_____

Port 2
_____
_____
_____
_____
_____
_____

Port 3
_____
_____
_____
_____
_____
_____

Port 4
_____
_____
_____
_____
_____
_____

Port 5
_____
_____
_____
_____
_____
_____

Port 6
_____
_____
_____
_____
_____
_____

Calls To: [] IN [] OUT
Notes:_______________________________________

Condition:_____
_____
_____
_____
_____
_____

Port 1
_____
_____
_____
_____
_____
_____

Port 2
_____
_____
_____
_____
_____
_____

Port 3
_____
_____
_____
_____
_____
_____

Port 4
_____
_____
_____
_____
_____
_____

Port 5
_____
_____
_____
_____
_____
_____

Port 6
_____
_____
_____
_____
_____
_____





METER READINGS   Bridge #_____

Technician_______________________________________
Date____________

Calls To:  []Inside  []Outside  Notes_________________________________

______________________________________________________________________

Condition:_____
_____
_____
_____
_____
_____

Port 1
_____
_____
_____
_____
_____
_____

Port 2
_____
_____
_____
_____
_____
_____

Port 3
_____
_____
_____
_____
_____
_____

Port 4
_____
_____
_____
_____
_____
_____

Port 5
_____
_____
_____
_____
_____
_____

Port 6
_____
_____
_____
_____
_____
_____

Calls To: [] IN [] OUT
Notes:_______________________________________

Condition:_____
_____
_____
_____
_____
_____

Port 1
_____
_____
_____
_____
_____
_____

Port 2
_____
_____
_____
_____
_____
_____

Port 3
_____
_____
_____
_____
_____
_____

Port 4
_____
_____
_____
_____
_____
_____

Port 5
_____
_____
_____
_____
_____
_____

Port 6
_____
_____
_____
_____
_____
_____

Calls To: [] IN [] OUT
Notes:_______________________________________

Condition:_____
_____
_____
_____
_____
_____

Port 1
_____
_____
_____
_____
_____
_____

Port 2
_____
_____
_____
_____
_____
_____

Port 3
_____
_____
_____
_____
_____
_____

Port 4
_____
_____
_____
_____
_____
_____

Port 5
_____
_____
_____
_____
_____
_____

Port 6
_____
_____
_____
_____
_____
_____

PRIVATE 




NOTICE FOR MULTI CARD INSTALLATIONS

DESK-TOP COUPLER
If you have an installation using the Desk-Top Coupler, It is best to unplug  the telephone cord from the bridge card C/M jack to the coupler and plug the C/M phone into that jack on the bridge card to perform the matching procedure.

COUPLER BOARD (in Card Cage)

If you have a Card Cage installation with the plug-in Coupler Board, you have two options for connecting the C/M phone for matching.

Choice one

Plug the C/M phone onto the phone jack on the Coupler Board.  Under the monitor ("MON") row of switches depress BR1, which isolates the first bridge card and connects it to the C/M phone jack.   Perform the matching on the first card as described in section 4.1.  Then depress "BR2" to match the card in slot two, etc.

Choice two

Unplug the Coupler Board to perform the matching  and plug the C/M phone into the C/M jack on the card to be matched.  Do the procedure on each card in the card cage.  When finished, plug the Coupler Board back into the seventh (from the left) slot

DO NOT PLUG THE PHONE INTO THE C/M JACK OF THE BRIDGE CARD WITH THE COUPLER CARD PLUGGED IN AND THE "COUPLED" BUTTONS "ON".  THE C/M PHONE WILL NOT OPERATE IN THIS CONDITION.               




� Each time you press **, you will need to press “[Feature] 8 0 8” again, then pause and press “* 2”, since you are accessing a new line on the Norstar.  








