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General Availability (GA) of IP Office 1.3 Software and IP Office 412

Avaya™ has announced the availability of IP Office 1.3.  This document includes technical details about Release 1.3, the IP Office 412 server, VM Pro 1.2.12, CCC 3.0.33, and Phone Manager 1.3.10.
The IP Office 412 is the latest addition to the IP Office family and designed for customers with up to 256 Extensions and 96 T1/PRI lines.

For a complete description of IP Office, please refer to:
This document describes the changes from Release 1.1 to Release 1.3 and also provides additional details, which can assist in installing and supporting the product and the supported applications.

Trademarks

All Trademarks identified by ® and ™ are registered trademarks or trademarks, respectively, of Avaya Inc.

All other trademarks and registered products are the property of  their respective owners.
1. Product Overview

The Avaya IP Office 1.3 software is the latest version of IP Office core software.  IP Office 1.3 is the entry-level software to support the new IP Office 412 server.  The IP412 provides a more powerful call processing engine and greater internal data transfer capabilities, and is ideally suited for the heavier traffic environments such as CRM solutions.  

IP Office 1.3 is also the entry-level software to support the Dual T1/PRI trunk interface cards, which are supported on the IP 412.  







In addition to the IP 412, the 1.3 software supports the following:

· Firmware version 1.7 for the 4600 series terminals
· The 4602 terminal, with firmware version 1.6
· VCM 20 support on the IP Office 403

· Various Q.Sig enhancements



· Toggling programmable features on/off
· Voicemail Pro 1.3 (1.2.12), including dial-by-name
· Compact Call Center 1.3 (3.0.33)

· User CD 1.3 (1.3.10), including Phone Manager agent mode


· The SMDR Call Logging application



· Support of MicroSoft ™ Windows XP Operating System
2. IP Office 1.3 Hardware

2.1. IP412 Office

The IP412 provides a more powerful call processing engine and greater internal data transfer capabilities, and is ideally suited for the heavier traffic environments such as Call Center applications.  The IP412 can support up to 12 expansion modules, and a maximum of 256 stations, which can be made up of digital, analog, and IP phones, or a mix of all three.

Two dual T1/PRI interface cards can be added to increase trunk capacity to a maximum of 96 T1/PRI digital circuits.

The IP412 provides support for:

· 2 optional Voice Compression Modules that can be configured with a mix of VCM-5, 10 or 20 to give up to 40 VoIP channels

· WAN interface, a single synchronous data X.21, V35 or V24 port

· Ports for 12 Expansion Modules (up to 256 end-points)

· Two independent auto-sensing 10/100 switched Ethernet LAN ports

· Optional Modem2 card support 2 x V.90 modem cards

· DTE Port, a 9 way D-type used for connection to a PC or point of sale terminal

· Two Relay ports for door entry systems (External 3.5mm stereo jack socket)

· Audio Port for external Music on hold source (3.5mm stereo or mono jack socket)

· 100 internal Data channels*

*Note:  A data channel is used whenever a call is made from the IP network to an exchange line or a non-IP extension. For example, four people surfing the Internet will use a single data channel since they all share the same line to the ISP. Two people remotely accessing the Office LAN from home will use two data channels since they have dialed in on separate lines.


IP Office 412 is only compatible with Analog POT modules at PCS Level 3 or above.  This is clearly marked on the base of the unit.

3. Dual T1/PRI card

3.1. T1/PRI 48 T1 Expansion Kit

The dual T1/PRI doubles the digital trunk capacity to 2 T1/PRI circuits on a single internal module. Each can be configured individually. Two kits can be fitted to an IP Office 412 providing 4 digital circuits (96 lines).
*Note:  The dual T1/PRI is designed for the IP412 Office only and cannot be used on the IP403 or the IP406 Office.









4. Maximum Configurations

The following table shows the maximum configurations now possible for an IP 403, IP 406 and IP412:
	
	
	
	
	
	
	
	

	
	Max Analog sets
	Max digital sets
	Max IP sets
	Max analog, digital & IP sets
	Max all Trunks
	Max all digital T1/PRI trunks
	Max T1/PRI & analog trunks

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	IP403 Office
	92
	98
	90
	100
	56
	24
	76

	
	
	
	
	
	
	
	

	IP406 Office
	180
	180
	180
	180
	104
	48
	144

	
	
	
	
	
	
	
	



	IP412 Office
	256
	256
	256
	256
	200
	96
	288


5. Endpoint Support
5.1. 4602 IP Telephone

IP Office version 1.3 will support the 4602 IP Telephone, using firmware version 1.6. The 4602 phone is the new addition to the 4600 IP series. Although the 4602 phone is basic, it is simple to use and offers many of the characteristics found with the higher end sets.  The 4602 has 2 call appearance buttons, seven dedicated feature buttons, a 2 line by 24- character display and a one- way, listen- only speakerphone.  

Note: Currently the 4602 phone only supports Avaya 4600 Series Telephone firmware V1.6.
5.2. IP Office firmware version 1.7

With the exception of the 4602, the other supported IP phones will now support firmware release 1.7 on IP Office 1.3. Sometimes referred to as single connect protocol, Release 1.7 has advantages over previous versions and is the recommended firmware version when using IP Hardphones
Note: The IP Office 1.3 software will not support the Avaya 4600 Series Telephone firmware V1.1.
6. Intelligent fallback 
Avaya IP phone firmware release 1.6/1.7 adds the capability to specify multiple gatekeepers. When the Avaya 4600 IP phone is powered up or is rebooted, it attempts to establish communication with the first gatekeeper and will register with this primary gatekeeper. Subsequently if the communication is denied, or times out, the telephone will automatically attempt after approximate 3 minutes to register to a secondary gatekeeper, third gatekeeper and so on until it does register. The telephone does not report failure unless all the IP addresses on a given list of gatekeepers have failed.

This capability can significantly improve the reliability of IP telephony by maximizing the likelihood the telephone can communicate with backup equipment should the primary equipment be down or inaccessible. 

Note: A separate DHCP server is required if intelligent fallback is desired. Future releases of IP Office software will include DHCP enhancements to support this directly.

6.1. Number Portability

This capability also has the advantage of making station number portability easier, enabling users to take their IP set from location to location, correct DHCP administration will deny service on the local switch and route to the fallback location, in this case the users original location.

6.2. IP403 now supports up to 20 Voice Compression Channels (VCM-20)

The IP403 now supports the 5, 10 or 20 Voice Compression Module (VCM).  The table below indicates the configurations available.

	
	Max number of VCM cards
	VCM-5
	VCM-10
	VCM-20
	Max VoIP channels

	IP403 Office
	1
	Yes
	Yes
	Yes
	20

	IP406 Office
	1
	Yes
	Yes
	Yes
	20

	IP412 Office
	2
	Yes
	Yes
	Yes
	40


The VCM card supports conversion of IP packet (VoIP) calls to circuit (TDM) calls. These can be used for either providing networking between sites over a wide area network (WAN) or connecting IP phones (hard phones or PC-based soft phones) to wired, digital or analog phones. VCM channels are required to support the following five scenarios:

· Usage of Embedded Voicemail on the IP401 (used as a memory boost by compressing the voice files)

· Internal phone calls between an IP phone and a non-IP phone (analog/digital phone or voicemail)

· Analog/digital phones to IP trunks including T1 / managed Frame Relay and managed IP VPN (provides echo cancellation)

· IP phones to ISDN or PSTN trunks (convert IP to TDM and vice-versa)

· Calls between IP phones at call set up only (VCM resource will be released after call set up whether using Direct Media or not)

“Direct Media” is a VoIP concept that circumvents resources (TDM bus, Gateway) within the system and improves the voice quality. If two IP devices are connected on the same system, a direct LAN connection between them will be established once the call has been set up (as long as they use the same 
Codecs).  
It is possible for an IP device to be physically located at one site while being registered at a different site. In this case, even for VoIP across the WAN the VCM would not be used, as long as the two IP devices involved in a phone call are registered on the same system.

Note: Since VCM channels are managed as a shared resource, it is possible to support more IP extensions than VCM channels.

7. Q-Sig enhancements
IP Office has supported Q-Sig; a standard based networking protocol from launch.  The Q-Sig feature set has been enhanced in Version 1.3 (point-to-point T1 and Q-Sig over IP) to include: 

• Calling Name Identity Presentation (CNIP) provides the called party with the caller's name. Note: IP Office Directory name lookup will take precedence over the CNIP name.

• Connected Party Name Presentation (CPNP) provides the calling party with the connected parties name. Note: IP Office Directory name lookup will take precedence over the CPNP name.

IP Office now supports the following Q-Sig functionality:

· Desk-to-Desk dialing

· Calling Name ID Presentation

· Connected Party Name presentation

· Call Hold

· Call Transfer

8. Toggling programmable feature on/off
A number of features are now programmable ON/OFF through a single dedicated key and will provide visual indication when programmed ‘ON’. For example Do Not Disturb (DND) will be lit when active and unlit when de-active:

The following features are supported in Release 1.3

Call Waiting ON/OFF: A user can choose to be notified, visually and audibly, if a second call is presented while busy

Hunt Group IN/OUT of service: A user can set a hunt group to be IN or OUT of service by entering the group number

Hunt Group ENABLE/DISABLE: Allows a user to enable and disable membership of a hunt group

Hunt Group IN/OUT of Night Service: Allows a user to enable/disable night service for a hunt group

Voice mail ON/OFF: Users can elect to enable or disable voice mail on their extension

Headset/Handset mode: Users can select between headset and handset

Do Not Disturb ON/OFF: Users can set Do Not Disturb ON or Off

Extension Log in/Log out: Users can take ownership of an extension by entering a ‘log in’ number and then log out

Follow Me Here Set/Cancel: Allows a user to take calls from another extension (set at the destination extension)

Follow Me To Set/Cancel: Allows a user to take calls from another location, internal or external number (set at the user’s extension)

Forward Hunt Group Calls): Users can elect to forward all hunt group calls to a forward number

Forward On Busy ON/OFF: Users can enable/disable forward on busy to a forward number

Forward On No Answer ON/OFF: Users can go forward to another location after a specified ring time

Forward Unconditional ON/OFF: Users can forward all calls to a forward number

Ride Call/Park Call: Users can park and retrieve parked calls

Relay (External) ON/OFF: Users can activate/deactivate an externally connected relay device e.g. door opener

Voicemail Ring back ON/OFF: Users can elect to be alerted when new voice mail messages have arrived

The following emulation functions are also available to allow toggling:

· Automatic Call-back: Initiates a call automatically to a station when it becomes free

· Call Forwarding ON/OFF: Forwards all calls to forward number

· Internal Auto Answer ON/OFF: Allows calls to be answered automatically

· Ringer ON/OFF: Turns the ringer On and Off at the station

· Send All Calls ON/OFF: Send all calls to Voice Mail

9. Call Coverage

Call coverage allows calls ringing at one extension (senders) to also be presented and answered at other extensions (covering extensions) at the same time.

Senders are extensions that share their alerting calls with another extension(s), referred to as their Covering Extension.

The only calls that are not shared are:

· Hunt Group calls that alert at the sender.

· Automatic Intercom calls.

· Calls that have been forwarded/diverted to the sender.

· Paging calls.

· Calls that are being covered for another station.

· Calls from one of their covering extensions.

Covering Extensions When the Senders extension rings, the Covering Extensions also ring and show the call on a free Call Appearance button. The display indicates that the call is from the sender by showing the incoming call's name or number and the sender's name.  Covering Extensions can receive their own calls as well as calls for the Sender.  A Covering Extension can receive a call when:

· Send All Calls/Do Not Disturb is not active.

· Forwarding/Divert is not active.

· They have an available Call Appearance button to accept the call.

10. IP Office 1.2.12 VM Pro Software

Voice Mail Pro release 1.2.12 has been enhanced to include:

· Dial by name

· Select system prompt language

· Check digit

10.1. Dial By Name

A new option that allows callers to enter, the name of the person and/or group they want to contact from the telephone keypad. The caller is then played a list of available name matches from which they can select.

Dial by Name is fully integrated to the ‘User’ and ‘Group’ field in IP Office Manager and will perform the search based on name parameters in these fields, ensuring minimum set up.

When using the dial by name feature for ‘Users’ the Voicemail system maps the first/last name to the ‘Full Name’ field in the users configuration form if one exists followed by the ‘Name’ field if full name is not present.

E.g.
User: 200
Full Name: Joe Bloggs
Name: Joe

In this instance both first (Joe) and last (Bloggs) name searching could be carried out for this user.  If the full name did not exist the first and last name for this user would be perceived as ‘Joe’.

Dial by name features include:

· Dial by Name Can be configured to search on first or last name

· Matching names can be catered for:

· 10 or less matches are found, the matching mailbox name greetings are played as part of a selection list, i.e. Press 1 for [name] Press 2 for [name].

· If more then 10 matches are found, the caller is prompted to either press #to hear the first 10 or to dial more characters in order to reduce the number of matches. If they select to play the list, after each set of 10 matches they can either make a selection or follow the prompts for other options.

· Can include searches on Users only, Groups only or users and groups.

10.2. Select System Prompt Language

Languages used for system prompts can now be changed within call flow actions.
10.3. Check Digit for Conferencing

A new ‘action’ enables VMPRO to check the digits entered by a caller against those set for this action. If the digits are matched the caller is allowed to proceed to the next action. This could be used to set up ‘Rendezvous Conference’ where the caller has to enter a PIN number to join the conference.

10.4. Changes to Conditions Editor

Changes have been made to the way in which the conditions had previously worked in version 1.0.x/1.1.x and 1.2.2 releases of Voicemail Pro. If after you have upgraded to this version the conditions do not appear to be working, change the conditions logical function from the default of AND to OR. 

If you were using a week planner set for Monday to Friday 09:00 to 17:30 the default logical condition applied to this would have been an AND. On previous versions of Voicemail Pro software this would have worked, with the latest build this has been changed and you must now use the OR logical function.

E.g. It is not possible for it to be Monday AND Tuesday AND Wednesday AND Thursday AND Friday at the same time, this is why you now need to use OR. It is either Monday OR Tuesday OR Wednesday OR Thursday OR Friday.

11. IP Office 1.3 Compact Contact Center Software
Compact Contact Center 1.3 is the latest Contact Centre offering from Avaya, which although offers no new functionality addresses the following issues that have been identified in the field.

· Agent real time state incorrect when receiving an unannounced transfer from internal voicemail call.

· Trunk-to-Trunk calls giving incorrect call directions in historical reports.

· Calls Waiting figure not removing calls from the queue when they have been abandoned in voicemail whilst being played a message.

· To protect against viruses the SQL database user ‘sa’ is now installed with a password of ‘NMYSBH’. Please bear this in mind when making any changes to the ODBC DSN settings for the SDXArchiver and SDXRepository entries.

12. IP Office 1.3 User CD

12.1. PhoneManager PRO release 1.3 – Agent Enabled

PhoneManager PRO now includes ‘Agent Mode’ enabling users of PhoneManager PRO to simulate Call Center agent operation.

Additionally IP PhoneManager PRO offers Remote Agent working functionality, whether at home or working in a different location, the Compact Contact Center reports all agent activity.

Login.  Upon start up the user will be presented with a login dialog box. Once logged additional icons will consist of Busy and Busy Wrap Up.

Busy Not Available.  Selecting Busy Not Available will not present any further calls to the agent until Busy Not Available is selected again

Busy Wrap-Up.  Selecting Busy Wrap Up allows an agent to conduct post-call activities, which will prevent group calls being received. The agent is placed into the ready state once Busy Wrap Up has been selected again.

Group Selection.  Agents can elect which group they need to be logged into, this has the advantage that in unusual traffic conditions, agents can quickly log in to another group to reduce the call burden in that group.

Account Code.  Agents can enter an account code relating to call type, which is recorded in the CCC.

Licensing.  The licensing of PhoneManager Pro has changed from a system- wide setting with unlimited users to a per seat license. Sites wishing to upgrade to 1.3 who have PhoneManager PRO currently installed will retain the current system wide license. Licenses are given on a first come first served basis i.e. if there are 100 Phone Manager users but only 20 Pro licenses the 1st 20 clients will run the Pro version while the other 80 will run the Lite version.

PC Specification.  Phone Manager PRO version 1.3 requires a minimum specification of:

· Pentium II 133MHZ or higher

· 64 MB RAM

· 1 GB hard disk

· Standard Ethernet Card

IP PhoneManager Pro (VoIP) requires a USB-headset or alternatively a Multi-media Soundcard with headset/microphone capability.

13. SMDR Application

A new application, IP Office SMDR, replaces the Call Logger application formerly found on the IP Office Administrator Application CD.  The new application provides more information than Call Logger and allows call tracking, i.e. logging of call transfers, dropped calls, etc.  The call log information is output to a log file, which is automatically rolled over each day. 

No license key is required for IP Office SMDR. The application runs on a Windows PC, networked to the IP Office control unit. IP Office SMDR provides call logging for a single IP Office system.  For multi-site IP Office configurations, one IP Office SMDR application per IP Office system will be required.  IP Office SMDR cannot run on the same server PC as IP Office CBC or CCC. 

For full details refer to the "IP Office SMDR Installation & Reference Manual.”















14. Management enhancements: Copy extension 

The IP Office Manager now has the ability to copy telephony & data features from one user to another within manager.  This has the advantage of allowing creation of a template or templates and copying information from existing to new users, cutting down installation time. 

15. Windows OS Support

The range of Windows operating systems against which IP Office application are tested and supported has been expanded.  IP Office 1.3 Admin and all Applications have now been tested and proven with Windows XP.
The following table gives a summary of all the operating systems on which various IP Office applications are tested and supported for IP Office Level 1.3.
	Microsoft Client OS's
	Manager
	CBC

	CCC Clients
	CCC Server
	VM

Lite 
	VM Pro  
	eBLF
	eConsole

eBLF
	Phone Manager

	XP Professional
	Yes
	Yes
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	Yes

	XP Home Edition
	Yes
	Yes
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	Yes

	2000 Professional (SP2)
	Yes
	Yes
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	Yes

	NT4 Workstation (SP6)
	Yes
	Yes
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	Yes 

	ME
	Yes
	No
	No
	No
	Yes
	Yes
	Yes
	Yes
	Yes

	98 (2nd Edition)
	Yes
	Yes
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	Yes 

	95(SR2)
	No
	Yes
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	No

	
	
	
	
	
	
	
	
	
	
	
	

	Microsoft Server OS's
	Manager
	CBC
	CCC Client
	CCC Server
	VM

 Lite 
	VM

 Pro
	eBLF
	eConsole
	Phone Manager
	SMDR 

	2000 Server (SP2)
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes

	NT4 Server (SP4)
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes

	XP Professional
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes


Notes:

Voicemail Pro IMS and Web Campaigns are only supported on Windows Servers. Aspects of operations such as Voicemail to Email, Integrated Messaging Pro (IMS), Web Campaigns, etc, are subject to further requirements. Please refer to the Voicemail Installation and Administration manual. 

Integrated Messaging Pro (IMS) is supported on both Microsoft Exchange 5.5 and 2000. 

CBC requires the associated Delta Server application to be installed on a NT/2000 server.

For IP PhoneManager Pro (IP Softphone), Avaya recommends the use of Windows XP/2000.

Although a server application, IP Office SMDR can also run on a Windows 98 SE, 2000, Windows NT4 and Windows XP client Operating Systems but should not run on the same PC as a CBC or CCC Delta Server.


16. Documentation Amendments

This sections details major changes to the existing IP Office documentation.

Voicemail Installation Manuals:  The "Voicemail Lite", "Voicemail Pro" and "IMS Installation" manuals have been combined into a single "Voicemail Installation and Administration Manual".

Busy on Held:  The explanation for the Busy on Held setting has been clarified.  If an extension has a call on hold, the system marks as Busy and will not present any more calls to it. Instead it will return "Busy Tone" to the caller or, if voicemail is enabled, the caller will go to the voicemail for the extension called.

Hunt Group Voice Recording:  The option for recording of Outbound Calls has been removed from the Voice Recording tab on the Hunt Group form. Inbound calls to Hunt Groups can still be recorded while outbound calls can be recorded under the User settings.















4400, 6400, 4600 phone Group Display Button:  The telephone user guide for these terminals, description of the group button is incorrect.  It describes the park slot, NOT the group button feature.

17. Known Issues





· Incoming calls delivered on an Analogue line to a busy POT extension return ring tone.

· The Call Waiting audio indication on a 46XX Handset is every 30 seconds.  The Help file states every 6 seconds.
· The “Dial Intercom” feature is incorrectly documented.  The ”Dial Intercom” and “Automatic Intercom” feature provide exactly the same function on IP Office.  There is an error in the Help file, which outlines an incorrect difference. 

· In certain countries that only support Disconnect Clear on Analogue trunks, it is possible that Voice Mail systems could record up to 6 seconds on Disconnect Clear tone from the exchange.   This is due to the time IP Office has to successfully sample the tone to identify a disconnect.



· IP PhoneManager Pro does not support forced account codes.

· When installing TAPI components, you must remove TAPI and then reinstall.

· If using the PhoneManager application on Windows 95 and Windows 98, when selecting a user in the speed dial tab that is not initially displayed in the user dialog box you have to manually add a new user by right clicking in the speed dial tab, then selecting new.

· When on a VoIP line silence suppression is checked, silence suppression is still now always active on a 4600 set.

· When using Frame Relay with IP Office and WAN3 module or integral Control unit WAN port, the default RAS (Dialin) must be set on the TOP level of the WAN configuration.  Please note that when using the integral WAN port the RAS (Dialin) is set on the top by default, however when using the WAN3 module, the default RAS (Dialin) is NOT set on the top.

· When setting up a Menu in Voice Mail Pro for a caller to input a desired extension, the following short code should be added.  Please note that “Extn201” is an example extension.

	Short Code
	Telephone
	Line
	Feature

	?
	“Extn201”
	0
	DialExtn


· This will then route the callers input to the named extension should they enter an extension number that has not been programmed on the switch. A call flow can then be setup within Voice Mail Pro to route the calls directed to Extension 201. If the caller enters an unknown extension, without programming the above Short Code, the caller will be dropped.

· IP Office does not support NAT functionality when used in the same LAN interface as the WAN3 module.  

· When using IP Office Compact Contact Center ensure that the Report Manager and Report Viewer are installed in the same language.

· When call queuing is enabled against a group if a member of that group enables Call Waiting on a handset, this will disable the queue messages for calls queued against the group.

· When using more than 5 IP hard phones Avaya advises that an external DHCP server be used to provide IP addresses to for the 4600 handsets to ensure re-registration of 4600 handsets following a system re-boot.   Alternatively, Avaya also recommend the use of static IP addresses in this scenario.

· In exceptional circumstances even with the use of an external DHCP server 4600 handsets may not re-register after a system re-boot.  In this case the 4600 handset must be powered down from the LAN and re-booted to re-register the 4600.

· When using analog lines as backup to support a frame relay link that is running PPP and multi link the analog backup lines will not establish a connection   However this does not occur if multilink is not enabled at both ends of the link.

· IP Office 412 only supports a WAN3 module on the LAN1 interface.


· In the Manager VPN field, the check box for FAX transport support should only be ticked when networking an IP Office to IP Office.  If using FAX over IP to a third party, this field should be unchecked.

· When using a WAN3 module associated with LAN1 on the 412, you cannot use NAT on the LAN1 interface.

· On occasion when using the IP Phone Manager Pro, users can experience a 2-3 second delay in the initial setup of a speech path.  This is due to the Phone Manager Pro codec setting becoming blank or corrupted.  If a user experiences this problem a utility which is available from the Avaya support website, can be downloaded and installed to resolve this issue.

· Avaya does not recommend the use of IP PhoneManager Pro on the Windows NT4 operating system.  This is because users will experience up to 5 seconds of delay in the initial setup of a speech path when connecting to either an IP phone or a VoIP trunk.

· When calls arrive via a VMPro AutoAttendant and are queued to a busy group, the first caller in the queue will not be serviced by the queue messaging when there are more than two calls in the queue.  All other callers in the queue will be serviced with the correct queue messaging.

· Transtalk units need to be powered off (i.e. all extension cables removed) after every IP Office System Reboot/Upgrade.   Test calls should be made to/from each phone.


18. Resolved Issues in 1.3

· Intermittent recognition of DTMF tones when dialing into VMPro.

· When two calls both ring an available extension with call waiting and three appearance buttons, one call will ring the phone while the other will ring direct to voice mail.

· Duplicate User records being created within IP Office configurations.

· IP Office Manager application not able to copy form and paste details.  When opening a user name, selecting Edit, and the copy form options are grayed out.

· When using a long screen name, the text would overwrite the caller ID.

· If there are no agents available and enabled in a Hunt group, and a message is left for the group, the agents would not receive a message-waiting lamp.  The agents would still not receive a message-waiting lamp when they enable themselves back to the group.

· When an incoming call DID is answered, by an extension or a group, and was then transferred to another extension using the unsupervised transfer feature, the no answer timeout is doubled before the call returns to the voice manager or forward action.

· If a call was queuing in the VM Pro for a group, and being played a message, if the call is then picked up using the DSS group key, and the answer key pressed, the call is taken ok.  Once another user becomes free in the group, the call reverts back to ringing at that extension, and the user that picked up the call if left with no call.

· When Hunt group is set to Most Idle, when one call is answered, the subsequent calls will queue against the group and not alert agents within the group.

· Bursts of station activity triggered by specific user actions can cause overflows in the station to switch messaging. Typical applications triggering overflow conditions are system-wide Message Waiting notifications, numerous call appearances and some collective ring groups.

· If you log into PhoneManager Pro/Lite as a valid user with no physical phone connected to the port and then make a call, the system may reset when the call is completed.

· When a user programs two or more appearance buttons to toggle between calls, putting one call on hold, and speaking to the second, then back to the first, and then back to the second the hold recall timer is disabled.  The call status will also show the call as still in progress, connected to the line.

· When an incoming call is routed via an incoming call route to an extension at a remote site, if the extension was busy, the call will not divert to voicemail.

· Incoming calls are not always being routed correctly because the IP Office does not receive all of the routing digits from the T1 link.  (E.g. the incoming routing digits could be 456; on occasion the IP Office may receive 45 instead of 456).

· When using ACT 2000 on Windows 2000 Professional (SP2), the IP Office TAPI line is not always available from ACT 2000 when the PC it is running on is Shut Down and switches it off and then on again.

· When using the Forward No Answer feature, the call will not go to the forwarding extensions voice mail after ring timeout.

· 4600 phones may function normally for several hours, and then don’t provide dial tone when handset picked up. This is a protocol issue where the phone looses contact with the IP Office H.323 Gatekeeper, and affects 4606, 4612 and 4624

· If the IP Office locale is set to FRC and you have a short code for direct access to leave voice mail to a user, it will not work.

· You are able to put multiple entries of a hunt group into the group overflow list.  However calls will not ring the overflow group more than once.

19. Technical Notes

19.1. Upgrade Installation Notes for IP Office 401/403/406

If upgrading between software levels, for example from 1.1 to 1.3, you should also upgrade the IP Office Administration suite of software to match. The new level of .bin software is likely to need the matching level of Manager software to allow access to new configuration fields.

When upgrading an IP Administration suite from one software level to another the recommended process is to uninstall the original IP Office Administration suite and then reinstall the new IP Office Administration suite of software.

Please Note - Upgrading IP Office Control Unit software must only be done from a Manager PC on the same LAN as the IP Office. Do NOT attempt an upgrade across WAN or RAS links. Once the existing software is erased, the IP Office loader cannot communicate over WAN/RAS links to complete the upgrade.

To upgrade the Control and Expansion units; see below

1. Ensure that you have received and made a copy of the IP Office's configuration. If the upgrade fails the current configuration may be erased so a backup copy is an essential precaution.

2. In Manager, select File | Advanced | Upgrade. This starts the UpgradeWiz application.

3. After a few seconds the wizard should list the Control Units and Expansion Modules found.

4. No Units Listed - If this occurs using the Broadcast Address of 255.255.255.255 it implies that the Manager PC is not on the same LAN as the IP Office. You should not continue if this is the case, until you identify a Manager on the same LAN as the IP Office.
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5. The list shows the current software level of the units and the level of the appropriate bin file it has available for each unit from those in the Manager's working folder.

6. Tick the boxes for those units that you want to upgrade.

7. In Manager select View | TFTP Log. This will allow you to see the file transfer processes. Arrange the windows so that you can see both the TFTP Log and the UpgradeWiz.

8. You will be asked to enter the System Password 

9. The process of erasing, download and installing will begin.

10. Following the upgrade the IP Office Control Unit should return to normal operation.
A more detailed Job Aid on how to upgrade all IP Office Applications will soon be available on the Job Aids section of the IP Office Web site.

19.2. Upgrade Installation Notes for VoIP networks. 

If you install or upgrade an IP Office 1.3, which is an end point or member of an IP Office VoIP network, then all other nodes on that network must be upgraded to 1.3 to benefit from enhancements in SCN.
19.3. IP Office/IP600 VoIP Networking.
When Voice networking with a Definity or IP600 using IP Trunking, the IP Office has changed the H323 code, which means that in Definity configuration - Signaling Group form - "Calls Share IP Signaling Connection" should now be set to "No". This is a change from 1.1(30).  Failure to set this correctly will cause call cut off.





Note:  Power leads are no longer being supplied with the base units 
(403, 406, 412) or the expansion modules. Power leads in packs of 10 will are now available for order.

Note: When using Direct Media between 2 x 4600 sets, one on the IP Office and one on the IP600 then the IP600 must have G729 Ulaw as it’s first codec selection.
19.4. Upgrading 4600 Series Phones on IP Office

Each time a 4600 Series phone restarts, it attempts to connect with its TFTP server and download a file called 46XXupgrade.scr file. It then compares the software files listed in 46XXupgrade.scr with those it already has. If the files differ, it starts a process of downloading the new files during which it may restart several times as it loads files and then rechecks for further files. 

In the recommended installation process for 4600 Series phones on IP Office, the TFTP Server IP address (set on System form | System tab) is set to the IP address of the PC running Manager, i.e. Manager is the TFTP server.

New versions of IP Office core software may support different versions of 4600 Series IP telephone firmware. If that is the case those files are included as part of the IP Office Manager application installation. 
If the 4600 phones were installed using the recommended method, then upgrading of the 4600 Series phones is largely automatic. Uninstalling the previous Manager software and then installing the new Manager software will update the 46XXupgrade.scr and other 4600 software files on the Manager PC. Upgrading and then rebooting the IP Office will then cause the 4600 Series phones to request the new 46XXupgrade.scr file and start their upgrade process. 

The most likely reason for the automatic upgrade not to occur is if the IP address of the PC running Manager no longer matches the TFTP Server IP Address set in the IP Office configuration. This may occur if the Manager PC obtains its IP address via DHCP. Thus, it is recommended that the Manager PC always be given a fixed IP address.  

19.5. How to Determine the Firmware Version of a 4600 Set

The software currently loaded in a 4600 Series IP phone can be checked by the following sequence:

With the handset on-hook, dial HOLD 8 4 3 9 # (HOLD VIEW #).

Pressing * will now take you through different phone settings (the information varies between software releases). One of these will be the software file the phone currently has loaded. For example "def24r1_70.bin" would appear on 4624 running 4600 Series firmware V1.7.

19.6. How to Manually Force an Upgrade of 4600 sets

If after upgrading IP Office Manager and the IP Office control unit, you suspect that the 4600 Series phones have not loaded the software included with the new IP Office Manager, use the following process:

Start IP Office Manager and load the IP Office configuration.

· Open the System form and look at the TFTP Server IP Address on the System tab.

· In Windows, select Start | Run and enter cmd. This starts the Windows command prompt. Enter either winipcfg (Windows 95/98) or ipconfig to display the Manager PC's current IP address settings.

· The IP address of the Manager PC and the TFTP Server set in the IP Office configuration should match. 

· If they don't match, alter the address in the configuration. Send the configuration to the IP Office and reboot.

· If they do match, select File | Advanced | Reboot. 

· Select View | TFTP Log to display the progress of the reboot. 

· Eventually the TFTP log should show a request for the 4600upgrade.scr file and the file being sent to the requesting phone.

· What happens now depends on whether the files listed in the 4600upgrade.scr file match those the phone already has loaded. If they differ then the phone begins a process of loading a file, restarting and checking for further files until all files it has match those specified in the 46XXupgrade.scr file. This may take several minutes for each phone. 
20. Conversion of an IP Office 406 Configuration to an IP Office 412 Configuration

It is possible when upgrading from an IP Office 406 to an IP Office 412 to convert your existing configuration file for use on the IP Office 412.  This can save a great deal of time and offers an easy upgrade path.

This is done by:

· Create a backup copy of the IP Office 406 configuration file by renaming systemname.cfg to xxx.cfg.
· Take another copy of the IP Office 406 configuration file.
· Open this file Offline in the 1.3 Manager
· Send this file to the new IP Office 412. You are then prompted with the following splash screen to which you must chose “Yes”:

[image: image3.png]



· You will then be asked to “Save As” you must save the configuration file as the same name as the current configuration from the IP Office 406 
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· You can then send the configuration file to the IP Office 412

21. Manuals & CD’s

The IP Office manuals (which incorporate IP Office 412) can be downloaded from the IP Office Website: http://avaya.com/support.



22. IP Office Technical Training

Courses available:

IP Office Sales

IP Office Compact Contact Center for Sales BSP162i2/U2/L2

IP Office Core Implementation Workshop – BTT294H2

IP Office Data Components – BTT079H2

IP Office Compact Contact Center Implementation Workshop – BTT296W2 (Replacement for BTT080H2)

IP Office Voicemail Pro – BTT081H2

IP Office Compact Contact Center (CCC) Supervisors- BTC295W

For all training course registration and schedule information, please contact the local Avaya Training Coordinators. 
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