
  CONFIDENTIAL

YOUR COMPANY NAME

Request for Proposal

VoIP Phone System and Unified Messaging

Objective

YOUR COMPANY NAME is currently evaluating VoIP and Unified Messaging platforms to potentially replace its PBX and voicemail systems.  The primary business objectives include:

· improved integration with the computer network infrastructure and applications.

· improved voice communication capabilities.

· improved provisioning flexibility.

· reduced cost of voice communications ownership, operations, and support.

This RFP is intended to elicit the information necessary to assess leading vendor alternatives in order to determine whether the firm will proceed with this initiative.  Should the firm decide to proceed, there may be a subsequent RFP with refined requirements, to all or some vendors.

Terms

Submit your response no later than DATE, via email to:

Paper materials not available in electronic form, may be delivered separately to:


YOUR COMPANY NAME


Attn:  

The response must be in the Response Format described below.

Vendors will be provided with reasonable access to pertinent documentation and necessary IT staff in order to prepare their proposals.  All information provided by the Firm is confidential and/or copyrighted and will be returned to the Firm or destroyed, including all copies, upon request of the Firm.

Response Format

Part 1:  Cover Page.  Include your company name, RFP authors, and at least one primary point of contact, including phone numbers, e-mail addresses, and other contact information.  The primary contact should be able to provide us with additional information we may require and should also be able to supply a technical contact should we have technical questions regarding the RFP response.

Part 2:  Executive Summary.   Summarize how your solution meets or exceeds YOUR COMPANY NAME’s expectations, and describe the features in your solution that differentiate it from the competition.  Describe what makes your solution superior, and the compelling reasons for the Firm to invest in your company’s products and services.  The Executive Summary should be worded for technically competent IT professionals.

Part 3:  High level design.   Provide a technical description of your design and its features and limitations.  

Part 4:  Response to Technical Requirements.   Address all of the items included in the Technical Requirements portion of the RFP.  Include a complete list of products and services necessary to meet the Detailed Requirements.  List all services and product brand names as they should appear in print.  Note explicitly if you cannot meet the requirements within your line of business or through business partners.  Identify qualifications of those responsible for installation and implementation of the solution.

Part 5:  Cost Summary Sheet for Required Items.  Provide an itemized price list including all software, hardware, and support necessary at each site to meet the Detailed Requirements.  List all devices, modules, expansions, etc., as they should appear in print, and include the versions of software that support the features that you reference.  List separately the required consulting, implementation, installation, and training fees and expenses.

Part 6:  One-Time Investment Summary.  Summarize the non-recurring costs for purchase and installation of equipment and software at each site.   

Part 7:  Recurring Cost Summary. Report the costs of ongoing maintenance and software support plans that you recommend, including annual and five-year costs.

Part 8:  Project Implementation.   Include a proposed project timeline for implementation and training.  Explain how you would handle a missed-deadline or office failure during implementation.  Discuss your plan for providing training, including: end-user, train-the-trainer, and system administration.

Part 9:  Solution Summary.   Above and beyond your executive summary, describe additional details or factors you would like to point-out for consideration.  Provide additional diagrams if necessary or helpful in assessing your proposal.

Part 10:  Product Literature, Additional Documentation, and References.  Please provide specific references that should include other law firm implementations of comparable size and complexity (multiple office, similar architecture, etc.).  If you do not have comparable-sized law firm references, include other comparable-sized businesses plus any law firm implementations (regardless of size).

Assumptions

The data networking needs of YOUR COMPANY NAME are considered to be an integral issue. YOUR COMPANY NAME currently uses a mixed Cisco/Dell-based network infrastructure.  In conjunction with implementing a new phone system, COMPANY  NAME is looking to upgrade the LAN switches at each of its 10 offices.  

The new infrastructure should be capable of connecting all existing computers, printers, MFPs, H.323 compatible Polycom video cameras and gateways, and other network equipment, as well as delivering PoE to all new phones.  The switches should be capable of delivering gigabit speeds to all endpoints over existing Cat-5/Cate-5e copper wiring utilizing fiber uplinks where available.

The integrator will be expected to configure and install all new network switches.  Configuration will include creating all necessary VLANs, including separate VLANs for each floor in those offices where the firm occupies more than one floor of a building.  Additionally, switches should be configured for and capable of routing multicast traffic such as that used by Symantec Ghost.

Overall System Goals

Because all of COMPANY  NAME’s offices are located in Florida, disaster planning is of paramount importance.  As such, any solution should be designed to enable each of the firm’s offices to maintain maximum functionality in the event of the failure of another office.  Redundancy and resiliency must be built into the system.  

Further, the system should be designed so that firm personnel can travel amongst the firm’s different offices and be able to have direct access to their normal phone extension and line appearances.  These requirements must be provided in conjunction with the capability of managing the system from a single console/interface that is accessible anywhere on the WAN.

Detailed Requirements

General

· Provide capacity for 5 or more incoming/outgoing PRI trunk lines plus, at a minimum, one full T-1 for fax in Fort Lauderdale,  provide capacity for one PRI and at least two full data T-1 lines in all other offices

· Provide analog ports for fax service, modems, etc., for all offices

· Include the minimum number of items listed below or nearest equivalent

Handset Requirements

Fort Lauderdale Office

Fort Lauderdale is the main office and location of the primary datacenter.  The office has a burst-able DS3 connection to the MPLS with an 8MB commit.  The proposed PBX system must support a minimum of 1000 handsets.  The current number of handsets and types needed are:




Quantity 
Model Type



1

receptionist console




15

conference room phones




52

Cisco 7912 phones




282

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



4

Cisco 3750 – 48 port Gb PoE switches




22

Cisco 3560 – 24 port Gb PoE switches

Miami Office

The proposed PBX system must support a minimum of 200 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




8

conference room phones




9

Cisco 7912 phones




99

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




6

Cisco 3560 – 24 port Gb PoE switches

Naples Office

The proposed PBX system must support a minimum of 50 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




2

conference room phones




1

Cisco 7912 phones




6

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



1

Cisco 3560 – 24 port Gb PoE switch

Orlando Office

The proposed PBX system must support a minimum of 100 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




2

conference room phones




7

Cisco 7912 phones




18

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




2

Cisco 3560 – 24 port Gb PoE switches

Port St. Lucie Office

The proposed PBX system must support a minimum of 50 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




2

conference room phones




6

Cisco 7912 phones




19

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




2

Cisco 3560 – 24 port Gb PoE switches

Sarasota Office

The proposed PBX system must support a minimum of 100 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




3

conference room phones




3

Cisco 7912 phones




35

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




3

Cisco 3560 – 24 port Gb PoE switches

St. Petersburg Office

The proposed PBX system must support a minimum of 200 handsets.  The office currently has a dual T-1 MLPPP connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




5

conference room phones




23

Cisco 7912 phones




81

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




7

Cisco 3560 – 24 port Gb PoE switches

Tallahassee Office

The proposed PBX system must support a minimum of 50 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




2

conference room phones




3

Cisco 7912 phones




19

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




2

Cisco 3560 – 24 port Gb PoE switches

Tampa Office

The proposed PBX system must support a minimum of 200 handsets.  The office currently has a dual T-1 MLPPP connection to the MPLS.  The current number of handsets and types is equal to:



Quantity 
Model Type



1

receptionist console




6

conference room phones




17

Cisco 7912 phones




76

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




7

Cisco 3560 – 24 port Gb PoE switches

West Palm Beach Office

The proposed PBX system must support a minimum of 100 handsets.  The office currently has a single T-1 connection to the MPLS.  The current number of handsets and types is equal to:




Quantity 
Model Type



1

receptionist console




3

conference room phones




12

Cisco 7912 phones




56

Cisco 7971 phones

Additionally, the office will need the following network switches:




Quantity 
Model Type



2

Cisco 3750 – 24 port Gb PoE switches w/ enhanced IOS




5

Cisco 3560 – 24 port Gb PoE switches

Technical Requirements

Provide the requested information in this format exactly, question by question, and section by section.

Section 1:  System Architecture

Provide a conceptual description of the overall architecture of the system.  Provide a diagram that illustrates all of the major network components and their roles and interactions with each other.  Where applicable, indicate the OS that the server software requires.  Include the PBX server, gateways, and phones.  You may refer to these diagrams in later sections.

Section 2: Phones

1. Provide the part number for each product that will be referenced in the price list.  You may also choose to provide a brief description.  These phones require the ability to handle the following basic features:

· Call Transfer, Park, Pickup

· Message Waiting Light

· Ad-Hoc Conference (Indicate the limit of phones that can be conferenced)

· Incoming Call waiting beep

· Call Forward (Indicate the limitation of paths the call may take)

· Speaker

· Dial from Outlook

· Dial Outlook Personal Address Book Contacts and Global Address List Contacts direct from phone

Further specific settings and/or features that must be configured are listed in Appendix A.

2. High-quality conference phones will be used in meeting rooms for conference calls. These phones should be equivalent to Polycom conference phones.  Please describe the features of these phones.

Section 3: PBX Functionality

1. Describe how the access from the phones is distributed and managed across the respective servers.  For example, if multiple servers are needed, do phones have to be manually balanced among the individual servers?

2. How do you provide Automatic Route Selection/Least Cost Routing?

3. How many classes of service do you provide for Toll Restriction?

4. How do you provide classes of service based upon PIN?

5. Can you restrict calling to specific Area Codes?

6. Can you restrict individual numbers from being called?

7. Describe how you provide differentiated ringing for internal and external calls.

Section 4: Access to PSTN

1. Describe the equipment necessary to provide digital access to the PSTN in all offices.

2. Describe the equipment necessary to provide digital access for incoming trunks for DID service.

3. Explain how the equipment is integrated with the PBX servers and phones. For example, if multiple gateway devices are used, what are the limitations on mapping them to the PBX servers? 

4. Can multiple PBX servers equally share multiple gateways?

5. Can individual trunk groups transparently span multiple gateways?

Section 5: Voicemail and Unified Messaging

1. Describe your Unified Messaging solution.

2. Diagram and explain what is necessary for the email client and server software to retrieve voicemail and fax messages.

3. Describe how your system can be configured to deliver notification to email of voicemail messages without delivering the actual message.

4. List the email systems that are compatible based upon client and server requirements.  Describe how your voicemail system will integrate with Exchange 2007.

5. Indicate what is used to populate the subject lines of the email system with meaningful information from the voicemail and fax system.

6. Describe your integration with Captaris Rightfax.

7. Describe functionality of the voice messaging system if not integrated to the email system (i.e. if used purely in a stand-alone format).

8. Explain how your system can be configured for voicemail broadcasts by groups, offices, or system-wide.

9. Describe what features are available to enable users to forward and respond to voicemail messages intra and inter-office.

Section 6: Telecommuting

1. Describe any features that give a telecommuting or traveling employee the ability to receive calls from home or a hotel room with Internet access.  Include the cost per employee.

2. Indicate the type and level of internet access that is necessary for secure access from an employee’s home and when traveling.

Section 7: High Availability

1. Describe how your design will provide the highest levels of reliability and uptime. You may refer to Section 1.

2. Describe how the system will continue to function and/or what limited functionality will exist in the event of a problem with an individual office’s MPLS or PRI connection or connections at other offices.

3. Describe how your system will function in the event of the failure of a Call Manger or voicemail server.

Section 8: Network Design Guidelines

1. Provide the amount of peak bandwidth necessary per phone per call between phone and PBX server.

2. Provide the amount of peak bandwidth per call between the PBX server and the gateway supporting the trunk lines.

3. Indicate the QoS standards supported by the phones, PBX, gateways, and other end nodes, where applicable, that help the voice services to achieve preferred priority levels on the network, from end to end.  Explain how the components implement QoS standards such as 802.1p, DiffServ, ToS, RSVP.

4. Describe how you would integrate the phone system with the firm’s existing Riverbed Steelhead WAN accelerators (which currently are running QoS).

5. Indicate any other networking services that must be implemented, such as DHCP, DNS, etc., in order to support the system and the options that must be turned on.

Section 9: Call Accounting Features

1. Do you provide SMDR (Station Message Detail Recording)?  If yes, describe the options for handling the output of the data.

2. Can you provide busy studies on outbound trunk groups?  If yes, describe the feature that makes this possible.

3. Can you provide busy studies on incoming trunk groups?  If yes, describe the feature that makes this possible.

4. Can you provide usage reports based upon PIN or account numbers?

5. Discuss other reporting features provided by you or a third party.

6. Are any of the above reports accessible via web browser?

Section 10: Platform, APIs

1. What database supports call management: proprietary, MS SQL, or other? 

2. List the APIs that are supported, and the benefits of the API support, such as third party products that have been developed and partnerships that have been formed for future third party development.

Section 11: Standards

1. Describe the standards that you are supporting that will provide interoperability among vendors for components of a VoIP PBX solution.

2. Is the solution SIP enabled?   If not SIP enabled, will it work with a SIP Proxy, a SIP Gateway, and connect to an MPLS via SIP trunking?

3. What is the native language for the API?  JAVA, .NET, COM? Are there ActiveX controls included? 

Section 12: Training

1. Describe how you will handle training for administrators and end-users.

2. Describe what sort of “cheat sheets” or “quick start” guides you can provide.

Usability Questions

Voicemail

1. Email Notification – Is it possible to have the system send a notification that a voicemail message has been received while not including the message itself as an attachment? 

2. Email Notification – If setup to do so, how are voice messages delivered to the Exchange system?  When the message is deleted from Outlook, is it also deleted from the voicemail server? When a message is listened to in Outlook, is it marked as read in the voicemail system? What options are there for the codec used to encode the WAV file?  Can the system be configured to deliver CallerID information from voicemail messages to email?

3. Transfer calls direct to Voicemail – Is it possible to transfer a call directly to someone’s voicemail rather than having it ring the user’s extension first?

4. Multiple extensions with a single voicemail account – There are users in the Firm who have offices and phone numbers in more than one office. Is it possible to provide these users with a single phone profile and voicemail account associated to more than one DID?

5. Selective message playback based on a call history list – Is it possible to review a call history log and directly check a specific message rather that iterating the list?

6. System Capacity – What limits are there on the amount of data that can be held on the voicemail system? What limits are there on the number of ports available in each office? Is the storage shared for all users or assigned to individual users? If individual users, can different users have different amounts of storage?

7. Mailbox limits – How are voice mailbox size limits defined? Are there configurable time limits on the retention of messages?

Outlook Integration

1. Dial from Outlook contacts – Is there integration between the phone and the computer system to allow for dialing contacts from Outlook directly? Can this feature also integrate with Legal55 (a third party application) to provide client/matter data?
2. Dial from Outlook Personal Address Book – Is it possible for users to dial directly from their computers using their Outlook Personal Address Book when Outlook is not actually running?
3. Add conference bridge access information to an appointment – Is there integration between the conference services of the system and Outlook to allow for adding conference bridge information in to the appointments at the time that they are created?

Conference Calling

1. Selective party drop – Is it possible to selectively drop a party from an ad hoc or bridge-based conference call? Can the process be handled through the phone and through a computer-based GUI?

2. Ability to temporarily exclude selected parties from the conference – Is it possible to temporarily place selected parties in a conference on hold? Is the process handled through the phone or through a computer-based GUI?

3. Dedicated conference bridge code per user to ease setup – Can the conference bridge be set up to allow predefined access codes to be assigned to each user?

4. Conference Capacity – What is the maximum number of parties that can be handled in an ad hoc conference? In a bridge-based conference? What is the maximum number of ad hoc conference parties that can be supported on the system in total? In bridge-based conferences? What additional system resources, if any, are consumed by the conference processes?

 
Administration

1. Web/Explorer based GUI – Is the system fully administered from a GUI? Is there also a CLI? Are there any features that are available from one interface and not the other?

2. Management/Monitoring GUI – What sort of interface and program does the system have to monitor the phones and servers firm-wide?

 
System Redundancy

1. 100% self-sufficient systems in each office – Is the system 100% self sufficient in the event of a WAN outage with respect to inbound and outbound call processing as well as voicemail handling? Are there limits to the number of devices that can be supported in each office in “island” mode? To the number of calls that can be handled?  Can these limits be increased, and what are the components and costs associated with these increases?  What functionality is lost in the event of a link failure?

2. Interoffice dialing resiliency to WAN outage (PSTN reroute) – Can the interoffice dialing automatically reroute to the PSTN in the event of a WAN outage (without the need for dialing additional digits)?  Describe exactly what would happen in the event of a WAN outage at a particular office.

3. Internal redundancy of each office – What components, if any, of each office configuration are redundant to remove the possibility of a single point of failure from the system?  If there are single points of failure in the design, are there changes that can be made to the design to remove them?  What are the associated costs?  Also, describe exactly what would happen if a single piece of equipment fails, including all telephone components as well as the Cisco network switches at the back-end of the phones and computers.
 
Other

1. Caller ID for second call – Is there Caller ID displayed for the second call when a user is on the phone?

2. Transfer an outside call to another outside call – Is it possible to allow a transfer from an external caller to an external number?  Is this configurable on an extension by extension and/or Class of Service basis?

3. Do Not Disturb – Is there a Do Not Disturb feature available to route all calls directly to voicemail?

4. Follow-Me routing – Is there a Follow-Me/Find-Me function available?  How is it configured by the user?

5. Extension Mobility – How is it possible for a user to move to a new phone, either temporarily or permanently, without requiring reprogramming of the system?  How can this feature move among offices or just within a single office?

6. Built-in support for headset port – Is there a dedicated headset port on the telephone?  How limited is the selection of supported devices?

7. Full-duplex speakerphone – Does the speakerphone on the device provide full duplex communication?

8. Music on Hold – Can it be selectively applied to specific extensions?
9. Scalability – What is the maximum number of phones that can be supported in each office should it be isolated by a WAN failure?  What upgrade paths are available for the various hardware configurations to allow for growth in the offices?

10. Line Appearances – Each secretarial phone needs the ability to support their personal lines, as well as all of the lines for each of the attorneys that they cover.  How many line appearances can be provided on the main telephone?  What is the total number of line appearances the phones you have quoted for secretaries will show?  What expansion device options are available for providing additional appearances above that number?  What costs are associated with the expansion device? What solutions have you provided and how have you handled this issue for other law firms?
Appendix A – Handset/System Configurations

Abbreviated Dialing

Allows you to speed dial a phone number by entering an assigned index code (1-99) on your phone keypad.  Abbreviated dialing can be useful if your phone model does not provide speed-dial buttons or if you want to configure more speed-dial numbers than you have speed-dial buttons on your phone.  You can assign index codes from your User Options web pages.

Associated softkey: AbbrDial

See also Fast Dials and Speed Dialing.

Auto Dial

Allows you to choose from a list of previously dialed numbers that could match the number you are currently dialing.  As you begin to dial on hook (without a dial tone), Auto Dial displays any previously dialed numbers from your Placed Calls log that match the string of digits that you are entering. You can choose a number from the Auto Dial list to place the call, or you can continue to dial without using the Auto Dial feature.

Background Image Setting

Allows you to change the background image that displays on your phone screen.

Associated button: Settings

Backlight Setting

Allows you to enable or disable the backlight on your phone screen.

Associated menu path: Menu > Phone Settings

Brightness Setting

Allows you to control the brightness level of the phone screen.

Associated button: Settings

Busy Lamp Field (BLF)

Allows you to monitor the line state (in-use or idle) of a phone line associated with a speed-dial button, call log, or directory listing on your phone.  The BLF feature does not prevent dialing; you can place a call to the line regardless of BLF status.

Call Back

Allows you to initiate an audio and visual alert on your phone when a busy or unavailable party becomes available.

Associated softkey: CallBack

Call Details

Allows you to view the complete call record for a multiparty call (for example, for a call that has been forwarded or transferred to you). The Call Details record shows two entries in reverse chronological order for each missed or received multiparty call.

Associated softkey: Details

Call Forward All

Allows you to redirect your incoming calls to another number. You can set up call forwarding directly on your phone (for the primary line only) or from your User Options web pages (for any line on your phone).

Associated softkeys: CFwdALL, CFwdAll

Associated button sequence: **1

Call History

See Call Logs.

Call Logs

Allows you to view records of your missed, received, and placed calls.

You can go off hook or press a softkey or button to place a call to the phone number in the call record.  If you are on another call at the time, your phone might offer you a menu of options for handling the first call before it places the second call.  With some phone models, you can press the Navigation button when the phone is idle to see records in your Placed Calls log.

Associated buttons: Directories, Menu

Associated menu path (wireless phones only): Menu > Call History

See also Edit Dial.

Call Overview

Allows you to change the display on your phone screen to show one call per line. The displayed call per line is either the active call, or if all calls are on hold, the held call with the longest duration.

Associated button: line button

Call Park

Allows you to park (temporarily store) a call and then retrieve the call by using another phone in the Cisco Unified CallManager system.  Call Park can be useful if you want to transfer a call from your phone to a phone in a lab or conference room, for example.

Associated softkey: Park

Call Pickup

Allows you to redirect a call that is ringing on another phone to your own phone, so you can answer the call.  Call Pickup can be useful if you share call-handling tasks with coworkers.

Call Pickup features include Pickup, GPickup, and OPickup:

• Pickup allows you to answer a call that is ringing on another phone within your “group” (a collection of extensions that your system administrator defines).

• GPickup allows you to answer a call ringing on a phone in another group.

• OPickup allows you to answer a call ringing on a phone in another group that is associated with your group.

Associated softkeys: PickUp, GPickUp, OPickUp

Caller ID

Allows you to see caller-identification, such as a phone number, name, or other descriptive text, on your phone screen.

Call Records

See Call Logs.

Call Waiting

Allows you to be alerted when you receive an incoming call while on another call.  Call waiting provides an auditory alert and displays incoming call information on your phone screen.

Associated softkey: Answer

See also New Call Indicator Setting.

cBarge

See Barge.

Client Matter Code (CMC)

Allows you to enter a billing or tracking code when you are placing a call, as specified by your system administrator.

See also Forced Authorization Code (FAC).

Conference Features

Allow you to talk simultaneously with multiple parties.

Conference features include Conference, Join, cBarge, and Meet-Me:

• Conference (or ad-hoc conference) allows you to initiate a conference by calling each participant.

• Join allows you to connect current callers who are on a single line by creating a conference call.

• cBarge allows you to establish a conference by adding yourself to a call on a shared phone line.

• Meet-Me allows you to call a predetermined number at a scheduled time to host or join a conference.

Associated softkeys: Confrn, Conference, Join, cBarge, MeetMe

See also Join, Meet-Me Conference, Remove Conference Participants, and View Conference List.

Contrast Setting

Allows you to adjust the contrast for your phone screen.

Associated button: Settings

Corporate Directory

Allows you to use your phone to search for coworkers’ numbers.  You can press a softkey or button to place a call to the phone number in the directory listing. If you are on another call at the time, your phone might offer you a menu of options for handling the first call before dialing the number in the directory listing.

Associated buttons: Directories, Menu

Direct Transfer

Allows you to connect two calls to each other (without remaining on the line yourself).

Associated softkey: DirTrfr

See also Transfer.

Directed Call Park

Allows you to transfer and store an active call to a directed call park number. Allows you to retrieve a parked call from any phone in your network by dialing the retrieval prefix and directed call park number.  Directed Call Park works with the Busy Lamp Field feature (if available) to indicate whether the line associated with the directed call park number is in-use or idle.

Associated button: Call Park BLF

See also Busy Lamp Field (BLF) and Transfer.

Disable Ringer

See Do Not Disturb (DND), New Call Indicator Setting, Wireless Phone Profiles, and Vibration Alert.

Disable Touchscreen

Allows you to disable the touchscreen for cleaning (for phones with touch-sensitive phone screens only).

Associated button: Display

Distinctive Ring

See New Call Indicator Setting and Ring Tone Setting.

Do Not Disturb (DND)

Allows you to block incoming calls from ringing on your phone. When DND is enabled, callers hear a busy tone and calls are not logged to your Missed Calls directory.  When DND and Call Forward All are both enabled, Call Forward All takes precedence on incoming calls. That is, calls are forwarded and the caller does not hear a busy tone.

Associated button: Settings

Associated softkey: DND

See also Do Not Disturb (DND), Wireless Phone Profiles, and Vibration Alert.

Drop Conference Party

See Remove Conference Participants.

Edit Dial

Allows you to edit or delete a phone number that is displayed in a call record or corporate directory before dialing the number.  You might use Edit Dial to add a prefix, for example, to a phone number in one of your call logs.

Associated softkeys: EditDial, <<, >>, Delete.

See also Call Logs and Corporate Directory.

Extension Mobility Service

Allows you temporarily to apply your phone number and user profile settings to a shared Cisco Unified IP Phone by logging into the Extension Mobility service on that phone.  Extension Mobility can be useful if you work from a variety of locations within your company or if you

share a workspace with coworkers.

Associated button: Services

Fast Dials

Allows you to select a Fast Dial code to place a call.

You can set up Fast Dials directly on your phone or from your User Options web pages. You can assign Fast Dial codes to phone numbers and to Personal Address Book entries.  Fast Dials can be useful if your phone model does not provide speed-dial buttons or if you want to configure more speed-dial numbers than you have speed-dial buttons on your phone.

Associated button: Directories

See also Abbreviated Dialing, Personal Address Book, and Speed Dialing.

Forced Authorization Code (FAC)

Allows you to enter an authorization code to place calls to certain numbers, as specified by your system administrator.

See also Client Matter Code (CMC).

Group Call Pickup

See Call Pickup.

Headset Support

Allows you to use a headset with your phone.

Associated button: Headset

Help System

Allows you to get on-the-spot information about phone features, buttons, and softkeys.

Associated buttons: ? or i button

Hold

Allows you to move a connected call from an active state to a held state.  Your phone allows only one call to be active at a time; other calls will be put on hold.

Associated button: Hold

Associated softkey: Hold

See also Resume.

Immediate Divert

Allows you to transfer a ringing, connected, or held call directly to your voice-messaging system.

Associated softkey: iDivert

Join

Allows you to join two or more calls that are on one line to create a conference call. You remain on the call.

Associated softkey: Join

See also Conference Features.

Line Text Label

Allows you to create a text label that appears on your phone screen for each phone line.

This feature can be useful if you have multiple lines on your phone.  You can access the line label setting from your User Options web pages.

Locale Setting

Allows you to change the language (locale) that your User Options web pages and/or phone screen use to display text.  You can access locale settings from your User Options web pages.

Log Out of Hunt Group

Allows you to log out of a hunt group and temporarily block hunt group calls. Logging out of hunt groups does not prevent non-hunt group calls from ringing your phone.

Associated softkey: HLog

Malicious Caller ID

Allows you to notify your system administrator about suspicious or harassing calls that you receive.

Associated softkey: MCID

Meet-Me Conference

Allows you to host a Meet-Me conference in which other participants call a predetermined number at a scheduled time.

Associated softkey: MeetMe

See also Conference Features.

Message Waiting Indicator

Allows you to see if you have an incoming call or new voice message by looking at the message waiting light (or “lamp”) on your handset.  By default, the message waiting lamp glows steadily to indicate a new voice message. You can specify a different message waiting lamp policy by changing the setting in your User Options web pages.  Similarly, you can change how the lamp on your handset behaves when your phone rings.

See New Call Indicator Setting.

Multiple Calls per Line Appearance

Allows each line on your phone to support multiple calls.  The typical default configuration specifies four calls per phone line, but your system administrator can adjust this setting.

Only one call can be active at any time; other calls will be on hold.

Multiple Lines per Phone

Allows you to handle calls on multiple phone lines.  Your system administrator assigns one or more phone lines (directory numbers) to your phone.

Mute

Allows you to disable the audio input for your handset, headset, speakerphone, and external microphone, so that you can hear other parties on the call but they cannot hear you.

Associated button: Mute

Associated softkeys: MuteOn, MuteOff

New Call Indicator Setting

Allows you to specify the call indicator that your phone uses to indicate an incoming call on each line, depending on whether the phone is in use or idle.  Ring indicator settings include ring once, flash only, beep only, and do nothing (no ring).  The call indicator that the phone utilizes when it is in use is also known as the call-waiting indicator.  Changes to the call indicator setting do not impact the caller ID and status information that appears on your phone screen when you receive an incoming call.  You can access the call indicator setting from your User Options web pages. Your system administrator must make this feature available to you.

See also Call Waiting, Ring Tone Setting.

On-hook Dialing

See Pre-Dial.

On-hook Transfer

Allows you to hang up to complete the transfer of a call.

See also Transfer.

Online Help

See Help System.

Password Setting

Allows you to change your password from your User Options web pages.

Personal Address Book

Allows you to create a directory of personal contacts that you can access directly on your phone or from your User Options web pages.

Associated button: Directories

See also Personal Directory.

Personal Address Book Synchronizer

Allows you to synchronize data that is stored in your Microsoft Windows, Microsoft Outlook, or

Microsoft Outlook Express address book(s) with the Cisco Unified CallManager directory and your Personal Address Book.  This tool can be provided by your system administrator.

See also Personal Address Book.

Personal Directory

Allows you to set up and use Personal Directory features (Personal Address Book and Fast Dials) directly on your phone or from your User Options web pages.

Associated button: Directories

See also Fast Dials and Personal Address Book.

Phone Book

Allows you to create and use a personal phone book on your wireless phone.

Associated softkey: PhBook

See also Personal Address Book.

Phone Services

Allows you to subscribe to phone services from your User Options web pages.

After subscribing to a service, you can access it from your phone using the services menu or a service URL button.  Phone services can include features, network data, and web-based information (such as stock quotes and movie listings).

Associated buttons: Services, Svcs

See also Service URL Button.

Phone Screen

Allows your phone to display features, call activity, caller ID, and other information.

PIN Setting

Allows you to change your PIN setting from your User Options web pages.

Pre-Dial

Allows you to enter a phone number before getting a dial tone. Go off hook to complete the call.

Programmable Buttons

Allow you to access:

• Phone lines (line buttons)

• Speed-dial numbers (speed-dial buttons)

• Web-based phone services (for example, a corporate calendar button)

• Phone features (for example, a Privacy button)

Your system administrator can configure programmable buttons for your phone and determines how many lines (and therefore line buttons) you have on your phone.  Using your User Options web pages, you can assign speed-dial numbers or phone services to available programmable buttons.

See also Speed Dialing and Service URL Button.

Quality Reporting Tool (QRT)

Allows you to submit call quality information to your system administrator at his or her request.

Associated softkey: QRT

Redial

Allows you to call the most recently dialed phone number by pressing a button.

Associated softkey: Redial

Remove Conference Participants

Allows the conference initiator to drop participants from the conference call by using Remove or Remove Last Conference Participant:

• Remove drops the selected participant.

• Remove Last Conference Participant drops the most recently added participant.

Associated softkeys: Remove, RmLstC

Restore Phone Settings

Allows you to restore phone settings (contrast, ring type, and volume) to previous values.

Associated softkeys: Restore, Default

Resume

Allows you to resume a call that you had put on hold.

Associated button: Hold

Associated softkey: Resume

See also Hold.

Ringer Settings

See New Call Indicator Setting and Ring Tone Setting.

Ring Tone Setting

Allows you to change the ring sound for each phone line.

Associated buttons: Settings, Menu

Associated menu path (wireless phones only): Menu > Phone Settings

See also New Call Indicator Setting.

Service URL Button

Allows you to access a service from a programmable button on your phone, rather than by using the Services button and Services menu.  Once your system administrator makes the service URL buttons available, you can go to your User Options web pages and assign services to the programmable buttons.

See also Phone Services and Programmable Buttons.

Shared Line

Allows you to use multiple phones that share the same phone number. Allows you to share a phone number with a coworker.  Shared lines can use special features such as Barge and Privacy.

See also Barge and Privacy.

Speaker Mode (listen-only)

Allows you to listen hands-free (without using the handset).

Associated softkey: Monitor

See also Speakerphone Mode.

Speakerphone Mode

Allows you to talk and listen hands-free (without using a handset or headset).

Associated button: Speaker

Speed Dialing

Allows you to enter an index code, press a button, or select a phone screen item to place a call (rather than dialing the number manually).  You can use your User Options web pages to assign a speed-dial number to a programmable phone button or to an Abbreviated Dialing index code (1-99).  Associated buttons: speed-dial button, assigned keypad button

See also Abbreviated Dialing and Fast Dials.

TAPS Registration

Allows you to register a phone with the network, as requested by your system administrator. TAPS is the Tool for Auto-Registered Phones Support.

Touchscreen

Allows you to press the phone screen to choose menu items, softkeys, and feature tabs (on Cisco Unified IP Phones with touch-sensitive phone screens only).

Transfer

Allows you to redirect a connected call from your phone to another number. Transfer features include Transfer and Direct Transfer:

• Transfer allows you to redirect a single call to a new number, with or without consulting the transfer recipient.

• Direct Transfer allows you to transfer two calls to each other (without remaining on the line

yourself).

Associated softkeys: Transfer, Trnsfer, Transf, DirTrfr

See also Direct Transfer and On-hook Transfer.

User Options Web Pages

Allow you to use your computer to control features, settings, and services for your phone. For example, you can set up speed-dial buttons from your User Options web pages.  Your system administrator can provide you with a User Options URL and login information.

Vibration Alert

Allows you to turns the vibration alert on or off on your wireless phone.

Associated button: *

Video Display Mode

Allows you to select the video display mode for viewing a video conference.  Supported modes depend on how your system administrator configured your phone system.

Associated softkey: VidMode

Video Support

Allows you to make video calls, assuming that compatible equipment (such as a video phone or camera, and video software), is available.  Video support can be indicated by an icon on your phone. Your system administrator can provide more information.

View Conference List

Allows you to view current participants in a conference call.

Associated softkeys: ConfList, ConfLis

See also Conference Features, Remove Conference Participants.

Viewing Angle Settings

Allows you to adjust the phone screen to accommodate your viewing angle.

Associated button: Settings

Voice Messaging

Allows you to access a voice-messaging service from your phone, if available.

Associated buttons: Messages, Menu

Associated softkey: Messages

Associated menu path (wireless phones only): Menu > Messages

See also Message Waiting Indicator.

Volume Settings

Allows you to adjust the volume level for the currently active audio device (handset, headset, or speaker).  When no audio devices are active, pressing the Volume button adjusts the ringer volume.

Associated buttons: Volume, Up/Down arrows

Associated softkey: Volume

WebDialer

Allows you to make calls on your phone to directory contacts by clicking items in a web browser.

Associated softkey: Dial 

Appendix B – Existing Wide Area Network Diagram
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