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	Chapter1. Introduction


This User’s Guide provides an overview of the CTS system, including installation, administration, provisioning and operations, and includes a programming and troubleshooting guide for the successful configuration of the CTS IP PBX System.

This document is intended for Trained Technical service engineers.

This document is organized as follows:

· Chapter 2, “Product Overview” describes the operation and integration of the CTS IP PBX System in an IP Network and provides an overview of the voice topology expected.

· Chapter 3, “Hardware” describes the CTS Hardware, installation, safety, and hardware options available.

· Chapter 4, “Management” deals with the management, configuration and maintenance of the CTS System. This chapter uses a menu by menu approach to introduce each section of the management system to the engineer.

· Appendix A, “System Specifications” provides the technical specifications (size, weight, protocols etc.) of the system.

· Appendix B, “Feature Code List” Lists all feature codes that can be dialled by an extension to perform a system or extension specific function.

· Appendix C, “Example Configurations” provides some typical installation scenarios and the processes necessary in order to accommodate each configuration requirement.

· Appendix D, “Glossary of Terms” provides definitions of technical terms used throughout this document.

· Appendix E, “Configuration Guides” Provides configurations for the most common setup requirements. 

Additional material including sales tools, white papers and competitive comparisons can be found online at http://www.ayc-telecom.com

	Chapter2. Product Overview
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The IPcts system encompasses a fully enabled Telephone PBX system and the functionality of IP Telephony system encased in a 1U 19" rack, wall or desktop mountable. So it can be installed in to any existing or 'green field' environment.
The complete solution is built up of a system and then optional SIP based phones and Gateways.

· IPcts 


- System Base Unit

· IPcts-E

- Expanded Capacity System Base Unit
· IPcts-VoIPTx 
- System SIP Phone Range

· IPcts-VoIPGx
- SIP adapter unit for Analogue or ISDN use

· IPcts-AT4 

- 4 Analogue trunk line card (TBA)

· IPcts-DT2BR
- 2 BRI ISDN trunk line card (TBA)
The system comes complete with:-
· IPcts has 16 x 25 capacity (16 trunks x 25 extensions - plug in trunk cards or add gateways for Analogue or ISDN as required)
· IPcts-E has 24 x 50 capacity (24 trunks x 50 extensions - plug in trunk cards or add gateways for Analogue or ISDN as required
· IP Trunks from an IP Voice Service Provider 

· PBX functions 

· Make / Receive incoming and outgoing calls 

· DDI to users and/or Groups 

· Hold, Transfer, Divert, Do Not Disturb, Redial, Speed Dial 

· Trunk Groups, User Groups, Call Pickup, Group Pickup 

· Music On Hold - multiple interface 

· Message waiting 

· Call Barring 

· Compatibility with standard SIP handsets 

· Wireless/Mobile Handsets 

· Standard analogue to SIP gateway unit 

· Multi Level / Multi Tenant Auto Attendant 

· Voicemail Centralized and for all users 

· ACD working 

· Call Queuing 

· LCR / ARS 

· CTI for all users providing BLF, Call Control Buttons, DDI information 

· Instant Messaging 

· Windows Operator Console 

· Long Line remote extensions using IP network 

· IP Tie Trunks between systems 

· LAN & WAN ports with QOS between ports 

· VoIP using the G.729 or G711 codec 

Web Browser Configurable / Remote configuration

Hardware Configurations and Capacities

A standard density IPcts is licensed for 25 non-blocking IP extensions and 16 IP trunk connections. SIP based devices may then be added upto the number of licenses available. Sip phones for the IP extensions and a mixture of internal and external trunk modules along with pure IP trunks are available.

Internal modules include (TBA):

Analogue

The IPcts can be configured with a maximum of 2 IPcts-AT4 giving the system access to 8x Analogue trunk Lines.

Digital

The IPcts can be configured with a maximum of 2 IPcts-DT2 giving the system access to 4x ISDN2e trunk Lines (8x 64k channels of ISDN).

Option modules may be mixed and could, for example, give the IPcts system access to 4x Analogue Trunk lines and 2x ISDN2e Trunk lines simultaneously. This configuration would simply involve installing 1 IPcts-AT4 and 1 IPcts-DT2 into the two available option module slots.

Note:

The trunk connections available in the IPcts System can be freely configured to include internal option modules, external gateways and IP trunks up to the limit of 16 on the IPcts or 24 on the IPcts-E.

Topology Examples

The IPcts can be used in scenarios where basic analogue systems were traditionally used. Below is an example of a basic analogue installation.
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Two IPcts systems can be connected together over either a public or private IP connection which enables two offices to communicate for free. The example below illustrates that while all intra-office communication is performed over the IP network (Broadband IP, Leased line etc.) both locations have local access to the PSTN. This enables local calling charges for each office and also provides a backup dialing route between the offices.
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The IPcts can connect to traditional analogue and digital ISDN but also IP voice trunks to benefit from low cost services. In addition, the flexibility of the IPcts provides Least Cost Routing (LCR) and Automatic Route Selection (ARS), which will automatically select the lowest call cost service provider that you have subscribed too, built in as part of the base system. The IP Trunk feature can be used on it's own or in conjunction with traditional lines. Below is an example of a broadband connection to a SIP service provider.
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Providing remote working capability is becoming a must to businesses and using the IPcts is one of the simplest ways to achieve it and certainly the most cost effective. Using the IPcts will provide your remote, home or tele workers with fully featured voice communications over public or private IP connections using VoIP technologies and deliver operational use as though they were sitting in the office at their desk. See example below.
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	Chapter3. Hardware


Safety

Caution

1. There are no user serviceable parts in this product. Do not remove cover.

2. The system contains static sensitive components that can be damaged by electrostatic discharges.

3. Please ensure that you use anti static precautions when working inside the case of the system.

4. Before commencing any work inside the case of the system please ensure that all power and external network connections have been removed. 

Installation

The IPcts is a 1RU 19” chassis. It is shipped with versatile mounting ears and rubber deskmount feet. The mounting ears take the chassis width to a full 19” for rack mounting purposes although they can be swivel mounted in order to securely fasten the IPcts chassis to a solid wall if required. See Installation diagrams below.

Example 1. Ears positioned for rack mounting.
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Example 2. Ears positioned for wall mounting.
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Power Requirements

The chassis is powered via standard 100-240V AC mains at 50-60hz and can simply be plugged directly into any standard outlet. For pluggable equipment, that the socket-outlet shall be installed near the equipment and shall be easily accessible. It is also advisable, however, to pass the mains supply through an uninterruptible power supply (UPS) unit in case of power failures and voltage spikes.

Network Connectivity

The IPcts has two Network ports, LAN and WAN.

The LAN port is used to connect directly onto the local network using standard CAT5 through an RJ45 presentation. The LAN and WAN ports will auto detect the type of patch cable used to connect to the Customers Network Hub/Switch. Once connected into a LAN segment, the IPcts will communicate with all properly configured VoIPT’s and Gateways on the same subnet.

Note:

It is beyond the scope of this document to explain correct IP networking and subnetting practises although configuration of these properties are explained later in this document.

The WAN port can be used to connect directly to an NTU such as a broadband modem, leased line termination unit, www gateway etc. The WAN port provides Quality of Service (QoS) between itself and the LAN port in order to prioritise traffic coming into and going out of the local network. If QoS is not required or a 3rd party QoS system is in place then the WAN port does not need to be used.

Example. IPcts connectivity
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Module Cards

The module slots are universal and will accept any module cards issued by AYC Telecom.

IPcts-AT4

This is a 4 port analogue FXO card to enable connection to local PTT services.

The card is identified to the IPCTS by setting the straps (JP23 and JP24) on the card to reflect the module number required (1 or 2).

The card also has strap settings to denote the country of installation. These are broken down into the following areas.

ASIA, Middle East

Europe (Default)

USA Brazil

Japan

These consist of 4 straps in 4 blocks for each line.

The card will show a cycling LED display until it establishes contact with the IPCTS software. Upon correct initialisation from the IPCTS the LEDs will go out and the card will be ready for calls.

IPcts-DT2

<TBA>

<installation procedure TBA>

COM Port

The COM port is pinned as RJ45, in 4 distinct pairs. The COM port is primarily used for alarm connection and door operating systems. Pairs 3-4 are cabled for Alarm panel connection while pairs 1-2 are used for connectivity to a door entry system.

Pair 1 is a normally open relay connection

Pair 2 is a normally closed relay connection

Pin 5 and Pin 7 are alarm sensors and operate when taken to ground.

RS232 I/O

The RS232 serial port is used for optional initialisation of the system IP settings and also for connection to an SMDR Call Logging system.

Settings are 9600 N81 using a standard RS232 crossover cable. 

Starting the IPcts

The IPcts will automatically boot into either a default configuration (out of box) or into it’s previous configuration as soon as the unit recieves AC from plugging it into an outlet socket. The unit may be powered off by either removing the power cord or by using a small pointed object like a paper clip to gently depress the recessed power button on the front of the unit.
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If the unit has been powered off using the power button then the system will only power up again using the same method. Removing and replacing the AC cord from the rear of the chassis will have no effect.

In normal operation, the system will restart automatically when mains supply is returned under power-fail conditions.

	Chapter4. Management


Getting Started

The IPcts is managed and configured using a web browser interface system. Recommendations for the management PC are listed below.

Hardware: Pentium based PC with at least 64Mb of RAM capable of running screen resolutions of 800x600 and above. A 10/100bT Network interface.

O/S: Any operating system capable of running one of the internet browsers listed below.

Browser: Internet Explorer 5 and above, Netscape, Opera, Safari, Mozzilla.

The IPcts system is shipped with these default management settings:

IP Address: 
10.0.0.100

Subnet:
255.255.255.0

Gateway:
10.0.0.1

In order to connect to the IPcts the management PC will need to be configured with a new IP address matching the subnet of the IPcts and connected to the LAN.

Alternatively, you may connect using a standard serial program like Hyperterminal to the RS232 port of the system. This will present you with a network configuration menu to enable you to configure the system to your local network. You should configure your rS232 program to 9600 N 8 1 and use a standard RS232 crossover cable. 

Once the management PC is reconfigured and a successful ping test has been performed, a browser session can be launched to the IPcts using the IPcts IP address in the address field of the browser as below.

http://10.0.0.100:8801
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This should present a Login as follows
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You may choose the preferred language at this point. Currently only English, French and German are available.

The extension number can be any valid extension on the system.

The password will be the CTI user password for that extension. In default this 

is the same as the extension number.

Access to the management requires the CTI user password to have a minimum level of Administrator. Anything below this will only allow access to the help files and the CTI installation button.

Once logged in you will be presented with the following menu page.
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First time configuration

If you are configuring for the first time select Wizard from the left hand menu or click the Wizard icon in the middle of the screen.

Please refer to the Wizard User guide for specific details of how to use this option.

System Programming 

The management system is laid out as follows…

System
- System Settings

- SMDR/Log

Voice

- Extension

- Line

- VoiceMail

- Queue

Groups
- Trunk Groups

- Hunt Groups

- Pickup Groups

Routes
- Routes

- Destinations

- Gateways

- Modules

- Dialplan

Network
- System IP

Each of the options will now be covered in detail.

Note:

Each configuration page has an update [image: image12.png]


 and a cancel [image: image13.png]


 button. The cancel button changes all settings on the page to their previous states, the update button commits the changes to memory. You must update after each configuration change in order to store the changes to that page. After all required changes have been made, you may commit all changes to flash using the Commit button [image: image14.png]


 (explained later in this document).

It is advisable to Click the main RED Cancel button [image: image15.png]


 before commencing any programming to ensure you have an upto date copy of the running database.  

System

System Settings

From this page you may configure some basic options of the system. You can also manage various uploads including backup, restore and Upgrading.
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Site Name: Name for identification in log files.

System Mode: Display and Set the current system operating service, Day, Day2 and Night. This can also be set from the CTI software and any phone. Use of these options will be explained later in the manual.

Operator Destination: Default destination for calls if an incoming call cannot be routed correctly.

Preferred Outgoing Route: Default routing digit to be used for Central speed dials. E.g. 9

Enter Manual Time: Manual setting of system time if Time Server not available.

Enter Current TimeZone: International timezone setting for correct voicemail and call logging time stamps.

Tone Profile: This allows you to choose the supervisory tones used by the system. Currently UK, USA and European tones are available.

Import Phonebook: Import phonebook from uploaded data so that it may be used for central speed dialling.

Change User Passwords: Update passwords for CTI users.

CODEC: Change the systems default codec. Switchable between G729 and G711. Please note that this will clear all existing messages and greetings.

Backup the System: This backs up the current system settings to a default location. This may be uploaded and downloaded to/from an off system storage medium using the engineering download tool.

Restore the System: This restores the web management database from the default location. Please check the entries on the system first before finally committing the restored data to the system.

Licence: This is where the System Unique ID is found, where the ‘Product Activation Keys’ are entered in to the system and information on the current activated features and facilities.

Factory Default: Factory default the Web management database. This will not effect the running system until the commit button is clicked.

VM Default: Factory default the Voicemail, all messages and greetings will be cleared.
Reset System: Restart the system.

Upgrade Firmware: Upgrades the system from firmware uploaded using the engineering upload tool. Specific usage will be provided with each upgrade.
SMDR/Log – Call and System Logging

From this page you may configure the basic call logging functions of the system.
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SMDR Server Enabled: Tick this to enable call logging.

SMDR Server Output: Select either serial for  the front panel RS232 port or Network for DataGram network output.

SMDR Client IP Address: IP destination for output.

SMDR Client Port: Port number of destination for output.
System Log level: Set the detail of the system log…

1. SIP messages

2. 1+ system progress messages

3. 2+ software flow messages

4. 3+ polling and watchdog information

5. 4+ DTMF RTP output

6. 5+ Full RTP stream output 

Log Client IP Address: IP destination for output.

Log Client Port: Port number of destination for output.
SMDR Call logging Output fields: Format all fields right justified.

[Date8][1][Time5][1][Type3][1][CallID2][1][Orig4][1][Dest6][1][Dialled/CLI20][1][Route2][1][Account/DDI20][1][Dur8]CR/LF

25/02/05 10:53 UNA 01 801  2002                         801 01 618100 00:00:17

25/02/05 10:53 ANS 01 801  2002                         801 01 618100 00:00:07

25/02/05 10:53 INC  01 801  2002                         801 01 618100 00:00:04

25/02/05 10:53 OUT 01 801  2002        
        01252616969 01 00:00:04

Voice

Extension Page

Each SIP telephone device will have a corresponding entry on this page and any settings in the phone should match the entries shown here.

Note:

Each SIP device(phone) has its own configuration totally independent of the settings entered here. You will need to configure the phones to match one of the free device numbers available on this page. See appendix E where there is a configuration guide for the VoIPTa range of phones, which can also be used as a template for other SIP devices.
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Extension: The extension to be configured / maintained.

New Number: New number required for this extension. Please note that this will require the phone itself to be reset and possibly reconfigured if system phones are not used.

First Name: The First Name of the Extension user.

Last Name: The Last Name of the Extension user.

SIP Auth Password: The SIP authorisation Password associated to the extension. (do not set this unless you know what you are doing)

Force Clear: This is used for analogue phone gateways that are connected to devices that do not detect cleardown correctly.

Phone IP & SIP Port: The IP address and port of the Phone associated with the extension. These are non editable fields, the system receives this information from the individual phone when it registers.

Release IP: This button force releases the registration details previously logged for this device. This updates the system immediately, you do not need to click update or commit.

Lock IP: This locks the registration details associated with this device preventing any other device registering as this number.

Remote & RTP Port: If the Remote option is selected then the IPcts knows to uni-cast packets directly to this extension through a NAT using the specified Port. The NAT address is configured under the Network settings page. The RTP port only needs to be set if you are manually configuring your nat settings and are not using STUN.

Dial Plan: Sets the dial plan this phone will use when making calls depending on the current system service. Barring may be implemented using the dialplans but by default all phones are set to 0 which allows complete access.

Account: Fixed account code for this extension when using SMDR call logging.

Pick-Up Group: Use this selection box to join this extension to a pickup group. Pickup groups are defined and maintained under the Groups menu option (covered later in this document).

VoiceMail Box: Use this selection box to choose the mailbox number associated with this extension. Individual voicemail options are configured under the Voicemail page (covered later in this document). By default no users are allocated voicemail boxes. Allocating a voicemail box will automatically configure the mailbox with the User name and allow 10 messages. This will also set the diverts for the phone to forward to the voicemail on no answer and busy.

Music On Hold: Use this selection box to choose from 10 music on hold files to assign to this extension. When this extension puts a call on hold the third party will hear the selected music on hold playing. Leaving the entry blank will cause the system to cycle through the available sources. 

Queue: This option will enable the selected call queuing configuration for this extension. If no queue number is selected, basic queuing is used which presents ringing to the caller until the phone is free.

Lock Code/Dial Plan: The code needed to unlock the phone when put into lock mode using the lock/unlock feature code. The dialplan used whilst the phone is locked allowing for different levels of locking if required.

Forwarding: The forwarding section allows reading and setting of the divert/forwarding state of the extension. Clicking Update will immediately change these values on the system.

Phone Mac: This entry allows certain approved phones to be auto deployed. By entering the mac address of the phone in lower case, the system will generate the necessary files to configure the phone to the extension number on this page. Currently only Polycom IP phones are available to be configured this way.

Line Page

Each SIP Trunk line device, whether contained within a gateway or in a standalone device, should have a corresponding entry on this page. If this device is in a Trunk group the routing entries here are superseded by those in the trunk group. Hint: Normally you would not change any settings on this page.

Note:

Each SIP device (Line) has its own configuration totally independent of the settings entered here. You will need to configure the line gateway to match one of the free device numbers available on this page. See appendix E where there is a configuration guide for external gateway units, which can also be used as a template for other SIP gateways.
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Trunk Line: The trunk line to be configured / maintained. This number should match the SIP device number of the trunk gateway containing this device.

Name: Name associated to this trunk line.

SIP Auth Password: Authentication password for a SIP gateway (if required).

Line IP & SIP Port: Non editable field displaying the IP address and port of the gateway housing this trunk line.

Lock IP: This locks the registration details associated with this device preventing any other device registering as this number.

Remote & RTP Port: If the Remote option is selected then the IPcts knows to uni-cast packets directly to this gateway through a NAT using the specified Port. The NAT address is configured under the Network settings page. The RTP port only needs to be set if you are manually configuring your NAT settings and are not using STUN.

Default Dial Plan: Depending on the mode that the system is in (Day1, Day2, Night), An incoming call on this Trunk line will follow the rules defined in the Dial plan selected here.

Trunk Group: Trunk group that includes this line as a member (read only). Trunk groups are defined under the Groups menu (covered later in this document).

Linked Gateway: This is the Gateway Associated with the trunk line. The linked gateway is derived from both the Groups ( Trunk Group page and the Routes ( Gateway page. (Covered later in this document).

Voicemail page

This page allows the configuration of the 80 generic mailboxes contained in the system. These may be used for either user mailboxes or auto attendant destinations. By default no mailboxes are allocated.
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Voicemail Box: The voicemail box number to be configured / maintained.

Name: The Name of the Voicemail Box.

Password: The mailbox password for this mailbox. This can also be configured from the mailbox user menu.

Max Messages: The maximum number of messages that can be held by this mailbox.

Linked to Extension: This is a non-editable field. Information regarding the extension associated with this mailbox (previously defined in the Voice -> extension menu) is presented here.

Message Forwarding: If messages need to be forwarded to another user please enter the details here. (May also be set via the phone)

Auto Attendant Dial Plan: If you apply a dial plan in this field the system will treat this mailbox as an auto attendant mailbox. The auto attendant will respond to user entries based on the contents of the dial plan.

Audiotext Only: If this option is selected then this mailbox is simply used as an outgoing message and will not record and store voicemail messages.

AA Timeout: Default timeout before routing to timeout destination.

Timeout/Assistant Destination: AA Timeout destination or assistant destination used when dialling ‘1’ whilst listening to the users greeting.

Notifications and Destinations: These allow alternative forms of notification other than the default message waiting light associated with the extension of this mailbox. All notifications only trigger once in order of the list at an interval dictated by the Escalation timer. Level 1 triggers immediately along with any levels set to MWI.

Notification Types:
MWI- Light the message light of the destination.




RING – Ring the destination once.




CALL – Ring the destination and wait for an answer.

Voicemail User interface

7400(
1 – Listen to new messages

2 – Listen to saved messages



1 – Replay the Message



2 – Save Message



3 – Delete Message



4 – Next message



5 – Date and Time of Message



6 – Forward message

3 – Record Greetings (
1 – Record No Answer Greeting 

2 – Record Busy Greeting

3 – Record Name


4 – Change mailbox Password

5 – Change Forwarding Options

6 – Change Assistant Destination Options

Default options available when listening to User greeting:

Press 0 to forward to the operator destination (set in System Settings).

Press 1 to forward to the Assistant Destination (as described above).

Press 9 to change to mailbox user mode to retrieve messages.

Queue Page

This page is used when Advance call queuing is enabled. Queues defined here may be allocated to individual extensions or Huntgroups to provide advanced call queuing functions including in call announcements and position notification. Queuing information can also be shown on the users CTI.
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Queue: The Queue number to be configured / maintained.

Name: The name of the queue.

Music On Hold: The Music On Hold associated to this queue. Leaving blank will cycle through the available sources.

Play Position: Tick if the queue position should be played back to the caller after an announcement is played. Will play the position at the announcement timer intervals if no announcements are selected.

Linked to Extension: This is a non editable field. Information regarding the extension using this queue configuration (previously defined in Voice -> Extension page) is presented here.

Linked to Group: This is a non editable field. Information regarding the group using this queue configuration (defined in Groups -> Hunt Groups) is presented here.

Announcements: If selected then these announcements will momentarily cut into the music on hold to be played to the queued call. May be left blank if not required.

Announcement Logic: Defines the order in which the Announcements are played to the caller.

Sequential – Announcements are played in order, with the last one being repeated.

Cyclic – Announcements are played in a cyclic fashion.

Announcement Timer: Defines the amount of time between each announcement. Timed from the start of the announcement.

Groups

Trunk Groups

Trunk groups allow a number of SIP trunk devices to be managed for incoming and outgoing call routing. These are linked to gateways and reflect the devices contained within those gateways. When linked to a gateway it is assumed that only one registration will be received/sent for that gateway and as such all the devices within the associated trunk group will be enabled upon successful registration.
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Trunk Group: The trunk group number to be configured / maintained.

Name: The name of the trunk group.

Group Members: Select to add individual trunk lines to the trunk group. Note these will match the SIP device numbers on the associated gateway. 

Linked Gateway: This displays the Gateway that this group (and therefore group members) are associated with. When a call is made over one of the group members the call is automatically routed out over the Linked Gateway.

Routing Dial Plan: This is the incoming dialplan used by all lines in this group. Hint: Make sure that you do not use dialplan 0 as this is the default outgoing dialplan and has entries that are not used by lines.

Routing Type: This sets if the incoming calls will route via DDI or CLI when routing through the Routing Dialplan.

Group Type: Sets the way the group is accessed for outgoing calls. TopDown, BottomUp, Cyclic.

Direct Line Select: Matches the line numbers directly with the gateway. Only use where the gateway has individual line selection and does not use CLI, as this will mask the incoming line number.

Hunt Groups

Hunt groups allow a number of devices to be linked for incoming call routing purposes. The default operation for all group types is Busy Hunting which means the selected extension will be the final destination of the call unless the Global no answer settings are configured. The exception is Cyclic hunting which will also perform No answer hunting as described below.
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Hunt Group: The Hunt Group to be configured / Maintained

Number: The number associated with this hunt group. If an extension calls this number directly or a trunk line is redirected to this number, all extensions in this hunt group will ring according to the Group Type.

Name: The name of this hunt group.

Group Type: The type of hunting required, types listed below:

· Cyclic – Calls will be directed to extensions in a round-robin fashion. Once all calls are cleared from the system, the cycle will start from the next extension in it’s hunt list. For example, 5 extensions are set up in the hunt group 1) 2001 2) 2002 3) 2003) 4) 2004 5) 2005. 3 calls come in and are directed to extensions 2001, 2002 and 2003 respectively. These calls are cleared and three more calls come into the system. These new calls will be directed to 2004, 2005 and 2001 respectively.

· Sequential – Calls will be directed to extensions in order of priority, the first extention listed is the highest priority. For example 4 extensions are set up in the hunt group 1) 2001 2) 2002 3) 2003 4) 2004. 3 Calls come in and are directed to 2001, 2002 and 2003 respectively. These calls are cleared and two more calls come into the system. These new calls will be directed to 2001 and 2002 respectively. If just one call comes in and is cleared at a time then 2001 will answer all calls.

· Parallel – All phones in the group will ring at the same time.

· Random – The system will choose a phone to ring out of the group at random.

Group Members: Add extensions to this list in order to include them in the hunt group. Ordering of the extensions is important for the Sequential Group Type as the first position in the hunt list is priority 1.

T: An individual extension timer. If set to Cyclic hunting then an un-answered call to this extension will move onto the next position in the hunting list after this specified time period.

No Answer Destination: If an incoming call completes the entire hunt group without being answered in Cyclic mode or when the Global overflow timer is reached for all other group types then it will be forwarded to the destination listed here. This destination can be any valid number usable on the system.

Busy Destination: If all positions in the hunt group are busy then the call will be forwarded to the destination listed here.

Global Overflow Timer: Timeout used to forward to the No Answer Destination.

Queue: If all group members are busy then the incoming call can be sent to a queue until one of the member agents become free. Check the Queue box to turn on queuing and select the desired queue (Defined in the Voice ( Queue page) in the drop down selection box to the right.

PickUp Groups

This is a non-editable table showing the pickup groups defined by adding individual extension to the pickup list in Voice -> Extension Page.
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Group: The PickUp Group Number.

Members: Extensions listed within this PickUp Group.

Routes

Routes

There are 3 route entries that may be configured by day and time to route calls depending on the cheapest routes. Each route has upto three outgoing groups to choose from and these will be searched in order to find a free outgoing device. A typical example would be to have IP trunks configured in the groups 1 and 2 with a backup ISDN or Analogue service in group 3 in case the IP groups fail or are busy. 
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Route: You may configure upto 9 routes for outgoing call routing.

Barring Route: This is the route to send calls that are barred. All call allow/Deny settings are configured through the dial plans. Note. This is a Global setting and is the same on every page.

Dialling Mask: This is used to translate the outgoing number before being dialled. This will most commonly be used to strip 9 from the dialled string as this should not be passed to line. You would also use this to add least cost routing digits if required.

Translation options available…




S – Strip the digit in this position




I – Insert the digits enclosed in […]




R  - Replace entire number with […]

Example: User dials 901252618100 and we wish to use LCR to route via cable and Wireless on 1602. The mask would read “SI[1602]” which strips the 9 and inserts 1602.

Destinations

This page allows the routing of incoming calls through the system. The incoming calls are routed based on the system service setting and the Dial Plan of the incoming trunk device/group.
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Destination: Destination number to be configured.

Name: The name of this gateway.

Destinations: Free fields to enter the required destination of the incoming call. This may be a direct number or translation digits may be used.

Translation options available…




S – Strip the digit in this position




I – Insert the digits enclosed in […]




R  - Replace entire number with […]

Gateway

Gateways normally contain a number of SIP trunk devices allowing you to route through to the local PTT. These may be small gateways owned by the customer or large public gateways providing IP Trunk services.

Gateways are linked into the IPCTS through trunk groups, the members of which emulate the available devices on the gateway itself.

There are 3 types of gateway available;

1. Fixed customer gateway which resides on the customers WAN.

2. Public IP Trunk gateway which normally requires the IPCTS to register before using.

3. IPCTS  Tie gateway which represents other IPCTS systems on a network.
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Gateway: The Gateway Number to be Configured / Maintained.

Active: If checked, will enable the system to use this gateway to route calls.

IPCTS Gateway: If checked, this represents another IPCTS system for tie calls. See appendix for configuration examples

Name: The name of this gateway.

Gateway IP Address: The IP Address of the SIP VoIP Gateway if this is a fixed gateway. If this is an IP trunk from a service provider then this will automatically be filled in upon updating with a valid Domain Name entry. 

Remote: Check this if the gateway is located beyond a NAT firewall and you are not using an OutBound Proxy. The NAT address is defined in the Network options page.

RTP Base Port: RTP Base port which will be used when making and receiving calls. Use 8000 as your first entry and then allocate to subsequent gateways as follows. If you have allocated 4 trunk lines to this gateway then 8000,8001,8002 and 8003 will be used by this gateway. The next gateway will then have a base port of 8004. 

SIP Port: Defaults to 5060 but may also be updated if an Outbound Proxy is used.
Trunk Line Group: The Trunk Line Group associated with this Gateway. When calls come into and go out of the system using this gateway as a transport provider, the devices, dialplan rules and routing rules associated with the selected Trunk Group are followed.

IP Trunk section: The settings under this section should be provided by a SIP service provider to enable you to access their IP trunk services.

User ID: SIP User ID.

Auth User ID: Additional SIP Authorisation ID. This is normally the same as the User ID. Defaults to the User ID.

Password: SIP Password.

Domain Name: Fully Qualified Domain name eg. MyDomain.co.uk

Expires: Registration timeout delay. Defaults to 60.

Outbound Proxy and Port: If your provider has outbound proxy support enter the details here.

Modules

The Module page allows you to program individual settings to any module cards that are installed on the system. Each card is strapped to identify it as either Module 1 or 2 to match the entries on this page.
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When a module has been initialised its Type will be shown against the corresponding module number.

Trunk Line Group: The advanced options will not become available until a valid Trunk group is allocated containing lines.

Activate: This tells the system to expect this module to try and connect to the system. Until this is ticked and committed the system will ignore any requests from that module number.

Advanced Settings

The advanced settings page allows you to configure the individual parameters of the attached module.

AT4 Module Advanced Settings

These settings are specific to the AT4 module card only.
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Module Type: This is configured when a valid module has been initialised.

Line: Select the specific line to be programmed. This list will match the trunk group allocated.

Copy to All Lines: When ticked this will copy all changes made on the current line to all the others on this module. This also applies to the automatic settings described later.

Disconnect Timer: If applicable, enter the disconnect clear timing provided by your local PTT for valid cleardowns.

I/C Number: This is the incoming DDI number for this line and is used to route calls from this line through the dialplan.

Ringing Pattern Detected: If this is not selected the card will automatically train to the ringing pattern presented. This takes about 3 calls to train after which ringing detection will be optimal and the option will become ticked.

Call Progress Tone Detected: If this is not selected the card will automatically train to the end of call progress tones presented. This takes about 3 calls to train after which CPT cleardown detection will be optimal and the option will become ticked.

Continuous Tone: When selected this indicates that the call progress tone for cleardown is a continuous tone not a cadenced tone. This will be automatically set when the system trains for CPT detection.

Manual Settings

These entries will be automatically filled with the detected patterns if the cards is allowed to train itself. However if you wish to enter predefined values provided by the local PTT then ensure that the relevant Detection option is ticked and enter the values here.

CPT: Requires a frequency value to detect and then two cadence cycles unless continuous tone is selected in which case just fill in the first ON entry with the length of time required to detect a valid signal.

Ringing: These values are the Minimum ON time to detect a valid ring signal and a Maximum off time to detect a valid no ring signal.

I/C & O/G Gain: These set the volume adjustments at the line interface of the card. It is recommended that you leave these at default as changing the settings can create echo problems.

Echo: This sets the echo cancellation tail length for the line or switches the echo cancellation off. It is recommended that you leave these at default.

Dial Plan

The Dialplan page links all the elements of the system together. There are 25 plans each with 50 entries available for use. Each device may be allocated to a dial plan and this denotes what may be dialled from that device. The table is searched using a top down approach with the first match being used to route the call. Once matched the Action, value and Mask are used to route the call to the required destination. See the examples at the end of this section. Clicking an entry button will insert a blank row unless it is already blank, in which case it will delete the row.
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Dial Plan: Dial plan number to be configured / Maintained.

Name: Dial plan name.

Copy From: When creating a new Dial plan, you can enter all of the details from an existing dial plan here automatically by selecting the source dial plan number in this field.

Digit Timeout: System wide setting which tells the system how long to wait when ‘V’ is encountered in a dial plan. Used to allow for variable length entries such as exchanges with 5 and 6 digit numbers. Global setting.

Dialled Digits: What the user may dial if he is allocated to this dial plan.



0-9 * # - match digits directly



X - matches anything



[x-y+z] - range selection for a digit



V - start digit timeout to wait for this digit

Action: What to do if the dial string matches.



Extn/Line – End point devices. Route call to device.



Group – Group destination, search hunt group for next device.



Internal – System routing




Val= internal allocation number

0 – Feature Code server (Code+XX) where XX indicates internal feature code (Code 00 accesses dialtone server), User Voicemail server (*XXXX)(#XXXX) where x is the number range. 

1 – Group Pick Up

2 – Directed Pick Up (Code+XXXX) where X is number range.

3 – System message recording (Code+XX) where XX indicates internal message 00-99

4 – System message playback recording (Code+XX) where XX indicates internal message 00-99

5 – Direct Mailbox access (Code+XX) where XX indicates mailbox number 20-99. With preceding * allows box to be managed.

6 – Alternate Flash

7 – DTMF dial through

8 – Night Pick Up

9 – last Number Redial

10 – 19 Central Speed Dial Blocks recording (Code+XXX) where XXX indicates block 000-999 



Destination – Incoming Call Routing. 

Routes using the destinations in the Destinations Page

Val=Destination number.

Mask=Allows a fixed destination to be used



Route - Outgoing Call Routing.

Routes using the routes defined in the Routes Page

Val=Route number



Translate – Translate the digits according to the mask entry.




I – insert the contents of […] at this position




S – strip the digit in this position




R – Replace the entire number with […]


The following flow diagrams are to show the basic operation of the dial plan and how calls route through the IPCTS.

Example 1
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This translates to 300 which routes back through the same dialplan to match entry01 routing the call to a Hunt Group 300.

The Hunt Group  selects a 200 range number which routes again through the dialplan to match entry02 which rings an extn.

Example 2
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In this case the destination page translates the incoming number to automatically route to an extension.

The translation is SSSSSI[20] which will strip the first 5 digits and insert 20 before the X digit thus allowing translation of a range of 10 DDI numbers.
Example 3
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Please note that the final routing from the Auto Attendant dialplan uses the original incoming dialplan to route the call so you do not have to allow for all the subsequent routing in the AA dialplan.

Network
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Server IP Address: IP address of the IPcts

Broadcast IP Address: Broadcast IP address of the IPcts

NAT IP Address: If the IPcts is on a private LAN behind a NAT router then enter the NAT public address here.

Default Gateway: Network Default Gateway/Router. Note this is your LAN/WAN gateway/router and is not to be confused with any VOIP gateways present on the network.

Subnet Address: Subnet mask for the LAN segment.

Primary DNS: Your preferred DNS server.

Secondary DNS: Your preferred DNS server.

Stun Address: Domain or Address of a STUN server for stun usage. Defaults to port 3478 but you may add a specific port by adding : followed by the port number. Please ensure this field is blank when not used.

SIP Port: Port on which the IPcts Listens for SIP communication from devices such as VoIPT phones and gateways.

CTI Port: Port on which the IPcts Broadcasts CTI Update messages. This can be the same as the standard SIP port as CTI messages are clearly distinct from SIP Device messages. This option should only be changed if SIP devices and Machines running CTI sessions are behind a remotely located NAT router / firewall. For example a remote teleworker.

[image: image35.png]



In the example above, the Teleworkers NAT router is set up to send all incoming traffic on port 5060 to the VoIPT IP address and all incoming traffic on port 5061 to the Laptop (CTI) IP address.

Note:

This is a system wide setting. All Local CTI machines must also be set to use an alternative port (5061 in the example above) in order to receive CTI updates. Setting an alternative port within the CTI program is covered in the CTI User Guide.

DHCP Enable: Turn DHCP on and off.

DHCP Start/End Address: DHCP address allocation range.


Note: Incorrectly setting any of the network settings on this page will prevent your system from functioning correctly. Please ensure these settings are valid for the LAN you are connecting to.
Saving Changes

We mentioned earlier in this document that each configuration page has an update button [image: image36.png]


. This update button is used to store the ongoing configuration to memory. Each time an individual page is updated with new information, that information has to be stored to memory before moving on to another page / section.

When we mention that “each page” has to be Updated, we mean each page of information, not each configuration page of a menu. For example, If changes have been made to extension 2002 in the Voice -> Extension page then these changes will need to be updated before attempting to change another extensions attributes. If the Update button wasn’t pressed after changes were made to extension 2002 then all changes would be lost if the administrator clicked into the ‘Extension’ selection box and selected a new Extension to configure.

This is true of all configuration pages where multiple profiles, groups, or extensions can be selected within the page.

After making all of the required changes in an administrative session and updating all changes per page as required, the Commit button [image: image37.png]


 may be pressed in order to commit all stored changes to disk. All stored changes will now be active.

Note:

If a system reboot is required, after an IP address change for example, the system will notify the administrator that the restart is required.

The Administrator can cancel all stored configuration from a management session by clicking the Cancel Changes button [image: image38.png]


 at the top of the page. All configuration changes that have not been Committed will be returned to their previous values. We recommend that you do this before starting any new programming session to ensure that you have a clean copy of the running database. See below for an explanation of the different memory locations on the system.

Memory organisation


Getting Help

Help is provided by the management system by clicking the Help button at the top of the page [image: image39.jpg]


. This will display a resource page which will present a link directly to this document and also to the CTI User guide for reference.

	Appendix A. System Specifications


Specifications

Chassis Dimensions

Width: 380mm

Height: 43mm

Depth: 255mm

Chassis Weight

Empty: 4kg

Slots 1 & 2 occupied:

Power

Required: 110 - 240VAC

Consumption: Max 4 Amps

Operating Environment

Standard office environment.

Operating Temperature 0 ~ 50oC. Operating Humidity 0% ~ 93% (relative humidity; non-condensing).
Certification

European: CE Mark

Safety: EN60950-1 and International CB

Emissions: EN610000-6-1 / EN61000-6-3 and FCC part 15

Interfaces

WAN: 1x RJ45 CAT5 (front)

LAN: 1x RJ45 CAT5 (front)

COM: 1x RJ45 CAT5 (front)

Module Slots: 2x 25pin presentation slide tray (front)

Serial: 1x RS232 DB9 male (front) for SDMR/CDR and CLI Management.

Protocols

Management

HTTP (rfc2616)

Telnet (rfc854)

Presence

ICMP (rfc792)

CTI


UDP(rfc768)

	Appendix B. Feature Code List


Feature Codes

These codes can be keyed directly into an extension to perform system wide and individual extension functions.

7001 Set Divert No Answer (7001 <beep> extension # <beeb> delay # <beep> hang up)

7002 Set Divert when busy (7002 <beep> extension # <beep> hang up)

7003 Set Divert immediate (7003 <beep> extension # <beep> hang up)

7004 Set Do Not Disturb

7005 Set Follow Me

7006 Set Twin Ringing

7007 Retrieve Follow Me (7007 <beep> follow me extension # <beep> hang up)

7008 Cancel All Diverts

7010 Lock Phone

7011 Unlock Phone

7012 Ring-Back
7014 Account Code

7020 Set Day Service 1

7021 Set Day Service 2

7022 Set Night Service

7030 Unregister Phone

7400 Voicemail System Access

71 Pick up Group

72 Selected Pick up (72 extension)

73 Night Pick up

74 Voicemail Access (74 mailbox number)

*74 Manage Mailbox (*74 mailbox number) 

7* Retriev1e Call

75 Last Number Redial

* Alternate Transfer Key (* extension (while in call)) 

* Voicemail: management (* extension)

# Voicemail: Leave message (# extension)

## Send a # to line whilst on an external call.

#* Send a * to line whilst on an external call.

	Appendix C. Example Configurations


Example 1. Setting up a 2 level auto attendant.

Level 1 – main menu

Select an unused mail box -> we’ll use box 30.

Use a phone to dial the following:

1) *7430 (access the mailbox settings)

2) 3 (Change mailbox greetings)

3) 1 (Change no-answer message)

4) Record a message (“Press 1 for sales and 2 for Technical”)

5) Hang up after recording

Go into the “Voice -> Voicemail page”

Select Voicemail box 30

Give it a name (“Main Menu”)

Set max messages to 0.

Select an unused Dial plan and enter the number in the Auto Attendant Dial Plan box. (use dial plan 24)

Update

Go into the “Routes -> Dial Plan”

Select Dial plan 24

Enter the following information:

Entry

Dialled Digits

Action

Value

Mask

0

1


Translate
0

R[7431]

1

2


Translate
0

R[2003]

Entries explained:

Entry 0 allows the user to press the digit 1 and have their call routed to the sales department. The digit is Translated using the Mask “R[7431]”. R replaces the digit 1 with the number within the square brackets. Therefore the call will be routed to number 7431 which happens to be a voicemail box that we will setup as a 2nd level auto attendant menu (See Level 2 – Sales menu).

Entry 1 allows the user to press the digit 2 and have their call routed to the technical department. The digit is Translated using the Mask “SI[2003]”. R replaces the digit 1 with the number within the square brackets.  Therefore the call will be routed to number 2003 which is an extension number.

Level 2 – Sales menu

Select an unused mail box -> we’ll use box 31.

Use a phone to dial the following:

6) *7431 (access the mailbox settings)

7) 3 (Change mailbox greetings)

8) 1 (Change no-answer message)

9) Record a message (“Press 1 for enquiries or 2 to pay your account”)

10) Hang up after recording

Go into the “Voice -> Voicemail page”

Select Voicemail box 31

Give it a name (“Sales Menu”)

Set max messages to 0.

Select an unused Dial plan and enter the number in the Auto Attendant Dial Plan box. (use dial plan 23)

Update

Enter the following information:

Entry

Dialled Digits

Action

Value

Mask

0

1


Translate
0

R[2001]

1

2


Translate
0

R[2002]

Entries explained:

Entry 0 allows the user to press the digit 1 and have their call routed to enquiries. The digit is Translated using the Mask “SI[2001]”. S strips the digit 1, I inserts the digits within the square brackets. Therefore the call will be routed to number 2001.

Entry 1 allows the user to press the digit 2 and have their call routed to Accounts Payable. The digit is Translated using the Mask “SI[2002]”. S strips the digit 2, I inserts the digits within the square brackets. Therefore the call will be routed to number 2002.

Example 2. Setting up queuing on an extension

Recording Announcements

1) Record three announcements in voicemail boxes 32, 33 and 34 by configuring their no-answer messages (*743x, 3, 1, hang up)

2) Configure mailboxes 32, 33 and 34 to have 0 max messages.

Defining the queue

1) Go into the “Voice -> Queue page”

2) Select an unused queue (in this case select “1”)

3) Name the queue

4) Select a music on hold source (“1”)

5) Click Play Position to enable the system to inform the caller of their position within the queue.

6) Select announcements 32, 33 and 34 respectively

7) Select announce logic Cyclic

8) Set the Announcement timer to 40

Setting an extension to use a queue

1) Go into the “Voice -> Extension page”

2) Check the Queue box and select Queue “1” in the box to the right.

Example 3. Setting up an analogue gateway:

Gateway:

1) Setup the gateway with an IP address matching the subnet of the IPcts

2) Give the gateway a user ID which matches one of the Trunk line numbers to be used in the IPcts (see IPcts step 10)

3) Configure the required dial plan for incoming and outgoing calls. Incoming calls (from the IPcts through the gateway out to the PSTN) would normally be set to strip the trunk line digits (example: stripping three digits and forwarding the rest of the string would strip off the 801/802/803/804 and forward the rest of the number out to the PSTN). Outgoing calls (from the PSTN, through the gateway to the IPcts) would normally be set to pass all digits transparently.

4) Configure the gateway to use the IP-cts as both the SIP server and the Registrar server.

Obviously not all gateways are the same, but those general guidelines should point you in the right direction.

IPcts:

1) Click Routes -> Gateway

2) Select an unused gateway number

3) Click Active

4) Enter the gateway IP address and port (port is usually 5060)

5) Select NAT if a NAT is between the gateway and the IP-cts

6) Choose an RTP base port (usually starts from 8000)

7) Select a trunk group to be associated with this gateway (trunk groups explained from next step)

8) Click Groups -> Trunk Groups

9) Select the trunk group number associated to the gateway above

10)  Select 1 group member for each available voice channel in the gateway. For example: Gateway has 4 analogue channels. Assign group members 801, 802, 803 and 804. Use one of these group member numbers as the gateways user ID (see Gateway step 2).

11)  Set an unused dialling plan for each of the system modes day1, day2 and night. The dial plan is dealt with in step 14 of this process.

12)  Select the routing type. We can either route by number dialled (DDI) or the number calling in from (CLI)

13)  Under the Outgoing section select the order in which the trunk lines are accessed when an external call is made. Options are as follows:

a. Top Down – try to access the last trunk line, if this is busy try the second to last trunk line and so on.

b. Bottom Up – try to access the first trunk line, if this is busy try the second trunk line and so on.

c. Cyclic – cycle around the list until a line becomes available.

14)  Click Routes -> Dial Plan

15)  Select the unused Dial Plan chosen in step 11

16)  Give the Dial plan a name and ensure that the system DP is 1

17)  Create all required entries in the dial plan to enable DDI’s / CLI’s through the system. Example:

a. Let us assume that we have a DDI range 618100 through 618109. We require that all calls for any number in the range are passed through to hunt group 3000 except for DDI: 618107 which we want to pass directly to extension 2001.

b. Add entries as follows:

c. Entry
Dialled Digits

Action

Value
Mask

0

61810[0-6]

Destination
1


1

618107

Destination
0
2001

2

61810[8-9]

Destination
1


This will enable all DDI’s to call into the system. The destination Action and a value of 1 will route the call through destination page 1. See step 18. The Mask 2001 on entry 1 overrides the destination page entry in Value.

Now we need to set up the dial plan so that these DDI’s can access their relevant endpoints (in this case our hunt group 3000)

Add the following entry:

d. Entry
Dialled Digits

Action

Value
Mask

3

30XX


Group

0


If we look at the hunt group (Groups -> hunt group) we can see that all entries are set to Extension numbers, therefore we also need to add Extension numbers to the dial plan in order that the Hunt group can forward the call on successfully. Add the following entry:

e. Entry
Dialled Digits

Action

Value
Mask

4

20XX


Extn

0

18) Finally Click Routes -> Destinations and fill out destination page 1 to route calls to Hunt Group 3000 for all service modes. 

19) If the configuration is committed, DDI’s should be passed through the analogue gateway onto the IPcts and the IPcts should pass the call to hunt group 3000. Hunt group 3000 will use a hunting algorithm to select an extension / multiple extensions to ring.

	Appendix C. Glossary Of Terms


Glossary Of Terms

	AC
	Alternating Current.

	ACD
	Automatic Call Distribution.

	ARS
	Automatic Route Selection.

	BLF
	Busy Lamp Field.

	BRI
	Basic Rate Interface.

	CDR
	Call Detail Reporting.

	CLI
	Command Line Interface.

	Codec
	Coder/Decoder.

	CTI
	Computer Telephony Interface.

	DDI
	Direct Dial In.

	DTE
	Data Terminating Equipment.

	G.729
	Speech compression codec.

	GSM
	Global System for Mobile communications.

	HTTP
	HyperText Transfer Protocol

	ICMP
	Internet Control Message Protocol.

	IP
	Internet Protocol.

	IPcts
	Internet Protocol Converged Telephony System.

	ISDN
	Integrated Services Digital Network.

	ISP
	Internet Service Provider.

	LAN
	Local Area Network.

	LCR
	Least Cost Routing.

	NAT
	Network Address Translation.

	NTU
	Network Termination Unit.

	O/S
	Operation System.

	PBX
	Private Branch Exchange.

	PSTN
	Public Switched Telephone Network.

	PWR
	Power.

	QoS
	Quality of Service.

	RS232
	Serial Interface protocol.

	RTP
	Real Time Protocol.

	RU
	Rack Unit (1.75 inches / 42mm).

	SIP
	Session Initiation Protocol.

	SMDR
	Station Message Detail Reporting.

	UDP
	User Datagram Protocol.

	UPS
	Uniterruptable Power Supply.

	VoIP
	Voice Over Internet Protocol.

	VPN
	Virtual Private Network.

	WAN
	Wide Area Network.

	WWW
	Word Wide Web.
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AYCTelecom IPcts Feature Codes:

Many features of the telephony client program (Hold, Do Not Disturb etc.) may also be activated and
controlled using a telephone handset. Special key press sequences, called feature codes, are used for

this purpose.

Outside line Diverts

Use this feature code to select an external ine: To set Diverts:

Feature Code Feature Code

Access External Live 19 Set Divert No Answer | 7001 <beep> exin 7
<beep> delay #

Hold <beep> hang up

Callers may be put on hold and taken off hold by S Divert When Busy | 7002 <beep> extn 7

using the following key presses <beep hang up

Feature Code St Diver Immediate | 7003 <beep> extn 7

Hold using TPcls phone | Hold (button) <beep hang up

Hold using other phone | * (button) Sef Do Mot Disturb 7004

Relrieve using Ipcts | Hold (button) Set to Follow e 7005

phone Relrieve Follon Me 7007 <beep> follo me

Retrieve using other | 77 (button) exin # <beep> hang up

phone St Tin Ringing 7006 <beep> extn #
<beep> hang up

Transter Cal Cancel Diverts 7008

To transfer an incoming call to another user:

Feature_ Code Unregister Phone

Using [Pci phone. TR/ FLAGH (Buttor) To unregister a phone

then dial other extension Feature Code
sing other phone * (bution) then dal Unregister Phone 7030

other extension

Pick-Up Night Ringing__| 73

Voice Mail
To access and manage your voice mail box from
jour own phone:

Call Pick-Up
o pick-up a cal inging on another handset General

Feature Code Voice Mail:

pick-Up any 72 + extengion To access your own voice mail box to listen to
Fickc-Up in Group 7T message from another extension of if caling in to

the IPcts from external, e.g. your mobile phone, dial
* + extension number.

To leave a voice mail message in a voice mail box
dial # + extension number.

Feature Code

‘Access Volce Mal Box__| 7400

Last Number Redial
To redial the last number you called:

o
‘There is a separate CTI Quick Reference User Guide
showing how the CTT software can be used to
deliver al the features and functions described on
this user quide.

Feature Code
Last Number Redl 75

Ring Back

To request a 'Ring Back from 2 busy extension:
Feature Code

Request Ring Back When busy tone heard,

dial 7012 and hang up.

Lock & Unlock phones
o lock and unlock your phone to restrict others
using your phone:

Feature Code

To Lock phone 7010

To Unlock phone 7011 + ook + &

Day & Night Service
To set the system in to Day or Night service:

Feature Code
Set to Day Service 1 7020
Set to Day Service 2 7021

Set to Night Service 7022
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How to make an external call
4 ways to make external calls.

Type number into number entry field & cick dial,
Press required digits on the keypad & click Dial.

Click speed dial Icon. %)

Right click speed dial Icon and dlick dial.

How to make an internal call
4 ways of making an intenal calls.

Type extension into number entry field & cick dial.
Press the required cigits on keypad & click Dial.
Click extension Icon

Right click extension Icon and click dil.

How to Hold a cal using the CTI
Cick the HOLD button. HOLD button ()
tams e, caler heas s Ck O (R
buton to get back

How to Transfer a cal using the CTI
There are 3 ways to ransfe  cal

Cick extenson Tcon to transfer call o,

Right clck extension Icon, lck “ransier”
Clck Transfer buton, type number in popup,
dick transte”

How to set Diverts using the CTI
Click Divert button. Check required box &
filin required information (i.e. destination)

How to dial from the phonebook
Click Phonebook button or select "phone:
book” from view menu. Scrollto find

required contact. Click required contact.
Number placed in “dial field” Click "Dial"

How to Redial a number using CTI dropdown
There s 20 number redial it box at the bottom

of the CTI information window. Click box to drop down
a lst of numbers. Select entry to redial number placed
in"dial field”. Cick Dial.

Vot put sy extesionancl-bnck
K ot sy et n o
e e e
e o
g ol o
ekl il X
s o e e,
T S S, e

How to pickup ringing extension
When extension rings icon flashes orange (animated).

o pick up call cick orange icon
o ot chkicon ang seect pepr.  (ng T,
How to change the background colour

From View menu hghight Themes and select Change

Background Colour. Click colour to change background
to,

How to change the Text colour
From View menu, highlight Themes and select Change
Foreground Colour. Click colour to change foreground
text to.

How to access your voicemall using the CTI
Gl vocemall acies bationyour

tension wil g, Pk up handset @
Vo il hve et access t you vocal,

11 message s et n your message

o e he voicemall accessbtton

il re

(animated)

How o controlyour vlcermail box using the CTI
Clck vl actess ton and pRup

nancse. Once your matbor s scceses @
e sandard ca convol buions i hange to
Vicemallconirlbttos.

Gl te sve button t save the

st sccssed message,

Gl the ply btion 1 st o

your mestage.

Gk the et buton to ekt the

It messag ltenea t,

Gl the s2p bttt p ot

e nex méseage

==
=

Clck the voicmal acces button or hang
up o ext the veicema system and etun (@)
the Standard cal conro bttons o the CTL.

T ——
I i o s e CT s
e I o e o
i et e i,

e s e >

i e e
B o o s

s el 00

e ot o g
It o v s o i
e e e

How to Reply to an instant message
When an instant message s recelved, a new instant
‘message window appears with the message text.
Click Reply to initiate a response. Type your message
i the response window and click send.

How to edit an Icon (i.e. an extension)
Right click an unused icon & select "Edit Contact”.
Select "Extension” as icon type then set its extension
number and name. Click submit to save changes.
Icons can be:-

Extensions.

Speed Dials

Feature Buttons.

Dynamic Lines

Static Lines

Group Buttons.

Voice Mail Boxes

Renaming the “Tabs” for Icons
Right click the tab and select "rename tab". Fillin
required name and click "submit”.





Networking multiple IPcts systems

The IPCTS comes with the ability to network up to 99 IPCTS systems together using a SIP based tie trunk facility.

Procedure
We will assume that you have 2 IPCTS systems connected via an internet connection.

Step 1

a. Configure a trunk line group called PW and allocate a number of trunk lines to the group. Please note that the number of lines allocated will be the maximum number of calls allowed for Tie line calls. 

NB. If you are using this via an ADSL or SDSL connection please note this will be in addition to any other call traffic that has been allocated.

i.e. if you have allocated 4 IP trunks, 4 Tie trunks and 4 Remote users over an adsl connection (possible max amount of calls is 12)  the bandwidth will normally only allow a maximum of 5-6 calls before call quality starts to be impacted. 

b. Allocate appropriate dial plans to receive the incoming dialled digits from other IPCTS systems on the network. If the received digits are the local extension range then this can be the default dial plan.

c. Update the page.
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Step 2
a. Configure a gateway called IPCTS 2 and allocate the PW trunk group to it.

b. Set the IP address to the address of the remote IPCTS and the SIP port to 5060.

c. Set the Base RTP Port to a number in the 8000 range, ensuring that this does not clash with any other gateways and that it matches an open port on your router. NB. Remember that the system automatically allocates ports Base Port+No of trunk line members so ensure that this range is free and open.

d. Tick the NAT checkbox and ensure that the NAT IP address has been set under the Network page. NB. This is not needed if the units are not traversing any NAT firewalls.

e. Finally Tick the IPCTS Gateway and Active Checkboxes.

f. Update the page.

Repeat this step and create a gateway for each remote IPCTS using exactly the same entries except for the remote IP address and name.

The trunk line group is common to all the gateways as this is the common route out of the system. So in theory you could have 99 IPCTS Gateways configured but the maximum amount of calls would be limited to the size of the common trunk group.
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Step 3
a. Configure the incoming dial plan you allocated to the trunk group to route incoming digits from the remote IPCTS systems. If you are just forwarding the direct extension number then this dial plan can be the default.

b. Configure the Default dial plan to route calls to the remote IPCTS units.

If the systems are using a linked numbering scheme then you can just enter the extn range otherwise you will need to add some sort of routing digit to prevent it clashing with the local systems numbers.

The action to use for this dial string is Route with the value allocated to a free route which we will set up next. In addition to this you will need to identify the specific IPCTS that this route will send the call to. This is done by entering the gateway number associated with the remote IPCTS in the Mask field.

The same route can be used for multiple remote IPCTS systems but the Mask field would be different.

i.e. If the remote IPCTS had a numbering range of 500 upwards, used gateway 4 and Route 1 the entry would be as follows…

Dialled: 5XX Action: Route Val: 1 Mask: 4

c. Save the page.
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Step 4
a. Configure the free Route you allocated in the dial plan and call it PW Route adding the PW trunk group previously created.

b. In this case no Dialling Mask needs to be entered as we do not want to strip any digits, however if you were using routing digits you can add or remove them here.

NB. If you were using different routing digits for each remote site then the maximum remote sites you could configure would be 9 the maximum number of routes available. This is why a linked numbering scheme would be preferable as you could use a common simple route.

c. Save the page

d. Commit changes.
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Repeat steps 1 to 4 for the remote site and you should then be able to call between the sites.

Please note that currently there is no provision for CTI updates between sites.
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