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Avaya Communication Manager – Standard and Optional Features


Avaya Communication Manager, Release 5.0
Standard and Optional Features

A major advantage of solution from Avaya is our Communication Manager telephony application, which continues to set the standards for enterprise communications. The total feature-set is in excess of 700 features. These features are designed to help your business increase productivity, reduce costs, increase revenue, enhance customer service, boost operations between multiple locations, enhance security, increase emergency responsiveness, simplify tracking and accountability, and allow your business to customize a solution that helps meet or exceed your enterprise communications requirements. 

Following are of some of the key features provided by Avaya Communication Manager, Release 5.0, running on a Linux-based Avaya server.
An S in the right column indicates the feature is supported via standard Avaya Communication Manager Software. In some cases, additional hardware may be required. For example, Digital Signal Level 1 (DS1) Trunk Service is a standard supported feature that requires a DS1 Interface circuit pack. An O in the right column indicates optional feature.

	Feature
	Standard (S)
or 
Optional (O)

	AAR/ARS Dialing without Feature Access Code
	S

	AAR/ARS Overlap Sending
	S

	AAR/ARS Partitioning
	S

	AAR Digit Conversion
	S

	Abandoned Call Search
	S

	Abbreviated Dialing
	S

	Abort Transfer
	S

	Absorb Digits
	S

	Access Security Gateway
	S

	Access Security Branch Gateway Authentication
	S

	Add Remove/Skills by Feature Access Code
	O


	Administrable Inter-Digit Timeout
	O

	Administrable Language Displays
	S

	Administrable Logins
	S

	Administrable Loss Plan
	S

	Administered Connections
	S

	Administration Change Notification
	S

	Administration Without Hardware
	S

	Advanced Private Line Termination
	S

	Advice of Charge
	O

	Agent Call Handling
	S

	Agent Call Handling Preference
	O1

	Alphanumeric Dialing
	S

	Alternate Facility Restriction Levels (FRLs)
	S

	Alternate Operations Support System Alarm Number
	S

	ANI/Information Identifier (II) Digits
	O

	Answer Detection by Call Classifier
	S

	Asynchronous Transfer Mode (ATM) connectivity
	O2

	ATM Circuit Emulation Service Licence (ATM-CES) 
	O


	ATM Port Network Connectivity License (ATM-PNC)
	O2

	ATM WAN Spare Processor License (ATM-WSP)
	O2

	Attendant Auto-Manual Splitting
	S

	Attendant Auto Start and Don’t Split
	S

	Attendant Back-up
	S

	Attendant Call Waiting
	S

	Attendant Calling of Inward Restricted Stations
	S

	Attendant Control of Trunk Group Access
	S

	Attendant Direct Extension Selection with Busy Lamp Field
	S

	Attendant Direct Trunk Group Selection
	S

	Attendant Display
	S

	Attendant Intrusion (Call Offer)
	S

	Attendant Override of Diversion Features
	S

	Attendant Priority Queue
	S

	Attendant Recall
	S

	Attendant Release Loop Operation
	S

	Attendant Room Status
	S

	Attendant Serial Calling
	S

	Attendant Timed Reminders and Recall
	S

	Attendant Trunk Group/Busy Warning Indicators
	S

	Attendant Trunk Identification
	S

	Attendant Vectoring
	S

	Audible Message Waiting
	S

	AUDIX One-step Recording
	O

	Audio Information Exchange (AUDIX®) Interface
	O

	Authentication, Authorization, and Accounting Services
	S

	Authorization Codes and Authorization Codes by COR
	S

	Auto Attendant
	S

	Auto Available Split
	S

	Auto Digit Rotation for Direct Inward Dial
	S

	Auto Fallback to H.248 Media Gateways
	O2

	Automated Attendant (Integrated)
	O1

	Automatic Alternate Routing (AAR)
	S

	Automatic Callback
	S

	Automatic Callback – Analog Telephones
	S

	Auto callback - QSIG call completion
	S

	Automatic Call Distribution (ACD)
	S

	Automatic Call Distribution Auto-Available Split (AAS)
	S

	Automatic Call Timer with Administrable Timeout
	S

	Automatic Circuit Assurance
	S

	Automatic Customer Telephone Rearrangements
	S

	Automatic Exclusion
	S

	Automatic Return to Primary Server
	S


	Automatic Hold
	S

	Automatic Incoming Call Display
	S

	Automatic Number Identification
	S

	Automatic Route Selection (ARS)
	S

	Automatic Selection of DID Numbers to Guest Rooms
	S

	Automatic Transmission Measurement System (ATMS)
	S

	Automatic Wakeup
	S

	Backup and Restore
	S

	Basic Call Management System (BCMS)
	S

	BCMS/VuStats Login IDs
	S

	Best Service Routing( (BSR)
	O1

	BSR Polling over IP without Bearer Channel
	O1

	Bridged Call Appearance – Multi-Appearance Voice Terminal
	S

	Bridged Call Appearance – Single-Line Voice Terminal
	S

	Busy Verification of Terminals and Trunks
	S

	Button View
	S

	Call Admission Control: Bandwidth Management
	S

	Call-By-Call Service Selection
	S

	Call Center Basic for up to 5200 Basic Agents
	S

	Call Coverage
	S

	Call Detail Recording (CDR)
	S

	Call Detail Recording (CDR) Account Code Dialing
	S

	Call Detail Recording (CDR) Display of Physical Extension
	S

	Call Detail Recording (CDR) Privacy
	S

	Call Detail Recording (CDR) Record Splitting
	S

	Survivable Call Detail Recording (CDR)
	S

	Call Preservation during Software Updates for Linux-based Servers
	S

	Caller ID (Analog)
	S

	Caller Information Forwarding (CINFO)
	S

	Call Forwarding All Calls
	S

	Call Forward Busy/Don’t Answer
	S

	Call Forwarding Override
	S

	Calling Party Number/Billing Number Restriction
	S

	Call Management System (CMS)
	O


	Call Park
	S

	Call Pickup (Group and Directed)
	S

	Call Pickup Alerting
	S

	Call Pickup of Intercom Calls
	S

	Call Progress Tones (administrable frequencies and cadences)
	S

	Call Prompting
	O1

	Call Recording via Communication Manager API
	O

	Call Vectoring
	O1

	CallVisor® Adjunct/Switch Application Interface (ASAI)
	O

	Call Waiting Termination
	S

	Call Work Codes
	O1

	CAMA Trunk Service
	S

	Centralized Attendant Service (CAS)
	O2

	Centralized Voice Mail via Interswitch Mode Code
	S

	Check In/Check Out
	S

	Circular Hunting
	S

	CLAN Load Balancing
	S

	Class of Restriction (COR)
	S

	Class of Service (COS)
	S

	Code Calling Access
	S

	Conference – Attendant
	S

	Conference – Terminal
	S

	Conferencing – Selective Display & Drop, Toggle/Swap, and Display Prompts, Selective Conference Far End Party Mute
	S

	Conferencing – Meet Me
	S

	Connection Preservation failover/failback for H.248 Media Gateways
	O2

	Connection Preserving Upgrades for Duplex Servers
	O


	Consult
	S

	Co-residency of Avaya Communication Manager and SIP Enablement Services on the S8300 Server
	O

	Coverage Answer Group
	S

	Coverage of Calls Redirected Off-Net
	S

	Coverage Callback
	S

	Coverage Incoming Call Identification (ICI)
	S

	Crisis Alert to Attendant, Extension, and Pager
	S

	Custom Selection of VIP DID Number for Guest
	S

	Customer-Provided Equipment (CPE) Alarm
	S

	Customer Telephone Administration
	S

	Daily Wakeup
	S

	Data Call Setup
	S

	Data Hot Line
	S

	Data-Only Off Premises Extensions
	S

	Data Privacy
	S

	Data Restriction
	S

	DCS (Distributed Communications System Networking Software)
	O2

	DCS Alphanumeric Display for Terminals
	O2

	DCS Attendant Control of Trunk Group Access
	O2

	DCS Attendant Direct Trunk Group Selection
	O2

	DCS Attendant Display
	O2

	DCS Automatic Callback
	O2

	DCS Automatic Circuit Assurance (ACA)
	O2

	DCS Busy Verification of Terminals and Trunks
	O2

	DCS Call Coverage
	O2

	DCS Call Forwarding All Calls
	O2

	DCS Call Waiting
	O2

	DCS Distinctive Ringing
	O2

	DCS Enhanced
	O2

	DCS Leave Word Calling
	O2

	DCS Multi-Appearance Conference/Transfer
	O2

	DCS Over ISDN-PRI D-Channel (DCS+)
	O2

	DCS Over Analog Trunks via PPP
	O2

	DCS with Rerouting
	O2

	DCS Trunk Group Busy/Warning Indication
	O2

	Default Dialing
	S

	Dial Access to Attendant
	S

	Dial-by-Name (Integrated Directory)
	S

	Dialed Number Identification Service (DNIS)
	S

	Dial Plan (3, 4, 5, 6, or 7 digits)
	S

	Dial Plan: Access to local resources
	S

	Dial Plan: Duplicate extensions per location
	S

	Dial Plan: Local dial access code
	S

	Digital Multiplexed Interface
	S

	Digital Signal Level 1 (DS1) Trunk Service
	S

	Direct Department Calling (Linear Hunting) 
	S

	Directed Call Pickup
	S

	Direct Inward and Outward Dialing (DIOD) – International
	S

	Direct Inward Dialing (DID)
	S

	Direct Outward Dialing (DOD)
	S

	Display VDN for Route-to Direct Agent Call
	O

	Distinctive Ringing
	S

	Do Not Disturb
	S

	DTMF over H.245 in band
	S

	Dual Wakeup
	S

	Duplication of Processor Complex and Port Network connectivity
	O


	Echo Cancellation (integrated in DS1/E1/ISDN interface circuit packs)
	S

	E1 Trunk Service
	S

	E911: Call forward returned E911 dropped calls
	S

	E911: Device Location for IP Telephones (layer 2)
	S

	E911: ELIN by range of IP Addresses
	S

	E911: Emergency Calls from Un-named IP Phones 
	S

	E911: Integration with RedSky Technology Products
	O


	E911: Use the physical set’s extension fro bridged 911 calls
	S

	EIA Interface
	S

	Emergency Access to the Attendant
	S

	Enbloc Dialing and Call Type Digit Analysis (H.323, SIP, and DCP)
	S

	End-to-End Signaling
	S

	Enhanced 911 CAMA Service Access
	O

	Enhanced Voice Terminal Display
	S

	Enterprise Survivable Server (ESS)
	O2

	Erase user data from DCP telephones
	S

	Estimated Wait Time Routing
	O1

	ETSI completion of calls
	S

	Expanded Meet Me Conferencing (up to 300 users/call)
	O


	Expert Agent Selection
	O1

	Expert Agent Selection PHD (each agent with up to 20 skills and 16 skill levels)
	O1

	Extended Trunk Access
	S

	Extended User Administration of Redirected Calls
	S

	Extension Number Portability
	S

	Extension to Cellular (EC500)
	O


	External Device Alarming Interface
	S

	Facility and Non-Facility Associated Signaling
	S

	Facility Busy Indication
	S

	Facility Restriction Levels (FRLs)
	S

	Facility Test Calls (with Security Measures)
	S

	Flexible Billing
	O

	Forced Entry of Account Codes
	S

	Foreign Exchange Access
	S

	G.722 shuffling over H.323/SIP trunks
	S

	Go to Cover
	S

	Group Call Pickup
	S

	Group Listen
	S

	Group Paging
	S

	H.245 Link Encryption
	S

	H.320 Calls
	S

	H.323 Trunks and Stations
	S

	H.323 Link Bounce Resiliency for IP Phones
	S

	Handsfree Answer 
	S

	Hold
	S

	Hold – Automatic
	S

	Holiday Vectoring
	S

	Hot Line Service
	S

	Hunting
	S

	IA 770 INTUITY AUDIX Messaging Application
	O

	Inbound Call Management
	S

	Incoming Call Line Identification (ICLID) Access
	S

	Individual Attendant Access
	S

	Information Forwarding
	S

	Insert Digits
	S

	Integrated Directory
	S

	Integrated Management Standard or Enterprise Management package (depending on number of End User licenses)
	S

	Integrated Services Digital Network—Basic Rate Interface
	S

	Integrated Services Digital Network—Primary Rate Interface
	S

	Intercept Treatment
	S

	Intercom – Automatic
	S

	Intercom Automatic Answer (Handsfree)
	S

	Intercom – Dial
	S

	Internal Automatic Answer
	S

	International Operator Access – International
	S

	Inter-Gateway Alternate Routing (IGAR)
	S

	Inter-PBX Attendant Service
	S

	Intraflow and Interflow
	S

	Installation Wizard
	S

	Invalid Number Recorded Announcement
	S

	IP Network Regions
	S

	IP Phone Registration & Signaling Encryption 
	S

	IP Quality of Service for Voice over IP
	S

	IP Trunk and Station Access 
	S

	IP trunk fallback to PSTN
	S

	IP trunk link bounce
	S

	ISDN CCBS Supplementary Service on Busy
	S

	ISO 8859-1 encoding support
	S

	Last Number Dialed
	S

	Least Occupied Agent
	O1

	Leave Word Calling
	S

	Leave Word Calling – QSIG/DCS
	O2

	Limit Number of Concurrent Calls
	S

	Linear Hunting
	S

	Linear and Preferential Trunk Hunting
	S

	Line Lockout
	S

	Link Recovery
	S

	Listed Directory Numbers
	S

	Locally Sourced Announcements and Music
	S

	Local Survivable Processor licenses for Avaya S8300 Media Servers running in LSP mode
	O2

	Login ID
	S

	Long Hold Recall Warning
	S

	Look-Ahead Interflow
	O

	Loudspeaker Paging Access
	S

	Loudspeaker Paging Access – Deluxe
	S

	Low Bit Rate Modem Relay over IP
	S

	Malicious Call Trace
	S

	Manual Message Waiting
	S

	Manual Originating Line Service
	S

	Manual Signaling
	S

	Mask CLI/Station Name for Internal Calls
	S

	Media Encryption (Avaya Encryption Algorithm)
	S

	Media Encryption (Advanced Encryption Standard – AES)
	S

	Meet Me Paging
	S

	Misoperation Handling
	S

	Mixed Length Dial Feature Access Codes and Trunk Access Codes
	S

	Modem over IP
	S

	Modem Pooling
	S

	Most Idle Agent (MIA) hunting
	S

	Most Idle Agent Across Splits/Skills
	S

	Move Agent/Change Splits/Skills while Staffed
	S

	Move Agents from CMS
	O3

	Multi-Appearance Preselection and Preference
	S

	Multi-Language Displays
	S

	Multi-Level Precedence and Preemption (MLPP) developed for Government Applications
	O

	Multimedia Call Handling
	O

	Multimedia Class of Service/Class of Restriction
	O

	Multimedia Hunting
	O

	Multimedia – One Number Multimedia Complex
	O

	Multimedia – Second Call Delivery
	O

	Multinational Gateway Support
	O2

	Multiple Call Handling – Forced
	S

	Multiple Call Handling on Request
	S

	Multiple Locations based on Network Region
	S

	Multiple Music Sources
	S

	Multiple Network Regions per CLAN
	S

	Multiquest( Flexible Billing
	O

	Music-on-Hold Access
	S

	Name display on unsupervised transfer
	S

	Names Registration
	S

	Native Configuration Manager
	S

	Network Address Translation (NAT) with shuffling
	S

	Netstat ARP (IP Serviceability Feature)
	S

	Network Access – Private
	S

	Network Access – Public
	S

	Network Call Redirection
	S

	Night Service – Hunt Group
	S

	Night Service – Night Console Service
	S

	Night Service – Night Station Service
	S

	Night Service – Trunk Answer from Any Station
	S

	Night Service – Trunk Group
	S

	Non-DID Calling via UDP
	S

	Off-Premises Station
	S

	Per Button Ring Control (Ring, No Ring, Abbreviated Ring, Delayed Ring)
	S

	Personal Central Office Line (PCOL)
	S

	Personalized Ringing
	S

	Personal Station Access
	S

	Phantom Extensions
	S

	Power Failure Transfer
	S

	Priority Calling
	S

	Privacy – Attendant Lockout
	S

	Privacy – Manual Exclusion
	S

	Private Networking
	S

	Property Management System (PMS) Interface Access 
	S

	Pull Transfer
	S

	QoS for IP Call Control
	S

	QSIG Basic
	S

	QSIG Centralized Attendant Service
	O2

	QSIG Inter-working with DCS
	O2

	QSIG Networking
	O2

	QSIG Rerouting
	O2

	QSIG-Supplementary Services
	O2

	QSIG Support for Unicode
	O2

	QSIG transfer into Voice Mail 
	O2

	QSIG Value-Added
	O2

	Queue Status Indications
	S

	R2 MFC Signaling
	S

	Radio Paging Access
	S

	Reason Codes 
	O1

	Recall Signaling
	S

	Recent Change History
	S

	Recorded Announcement Access
	S

	Recorded Telephone Dictation Access
	S

	Redirection On No Answer (RONA)
	S

	Redirection On No Answer to Vector Directory Number (VDN)
	O1

	Refresh Route Table (IP Serviceability Feature)
	S

	Remote Access with Security Measures
	S

	Remote Logout of Agent
	S

	Remote Telephone Software Upgrades
(4600 Series IP Telephones)
	S

	Report Scheduler and System Printer
	S

	Reroute of Denied Calls
	S

	Reset Shift Call
	S

	Resource Reservation Protocol (RSVP) Support
	S

	Restrict Call Forward Off Net (by Class of Restriction)
	S

	Restricted Presentation
	S

	Restricted/Unrestricted Call Lists
	S

	Restriction – Controlled
	S

	Restriction – Fully Restricted Service
	S

	Restriction – Miscellaneous Terminal
	S

	Restriction – Miscellaneous Trunk
	S

	Restriction – Toll
	S

	Restriction – Voice Terminal – Inward
	S

	Restriction – Voice Terminal – Manual Terminating Line
	S

	Restriction – Voice Terminal – Origination
	S

	Restriction – Voice Terminal – Outward
	S

	Restriction – Voice Terminal – Public
	S

	Restriction – Voice Terminal – Termination
	S

	Ringback Queuing
	S

	Ringer Cutoff
	S

	Ringing – Abbreviated and Delayed
	S

	Rotary Dialing
	S

	Security Violation Notification (SVN)
	S

	Send All Calls (SAC)
	S

	Senderized Operation
	S

	Separation of Bearer and Signaling (SBS)
	O2

	Service Levels
	S

	Service Observing 
	S

	Service Observing by Class of Restriction
	S

	Service Observing on VDNs
	O1

	Service Observing Remote
	S

	Single-Digit Dialing and Mixed Station Numbering
	S

	SIP: Instant Messaging & Presence via Converged Communications Server
	O

	SIP Trunking
	O

	SIP Visiting User
	O

	SNMP Native Agent on Linux-based Servers
	S

	Special Information Tones (SIT) Treatment
	S

	Speed Dialing
	S

	SRTP media encryption
	S

	Standard Local Survivability (SLS) on the G250 Media Gateways
	S


	Station Hunt Before Coverage
	S

	Station Hunting
	S

	Station Lock and Station Lock by Time of Day
	S

	Station Security Codes
	S

	Station Self Display
	S

	Station Used as Virtual Extensions
	S

	Straightforward Outward Completion
	S

	Stroke Counts
	S

	Subnet Trunking
	S

	Suite Check In
	S

	Survivable CDR
	S

	Switch Based Bulletin Board
	S

	System Measurements
	S

	System Status Report
	S

	T.38 Fax Interoperability
	S

	Team button
	S

	Telecommuter Access port
	S

	Temporary Bridged Appearance
	S

	Tenant Partitioning
	S

	Ten Digit to Seven Digit Conversion
	S

	Terminal Self Administration
	S

	Terminal Translation Initialization (TTI)
	S

	Terminating Extension Group (TEG)
	S

	Through Dialing
	S

	Timed After Call Work (Agent pause between calls)
	S

	Timed Automatic Disconnect for Outgoing Trunk Calls
	S

	Time of Day (TOD) Routing
	S

	Time of Day Clock Sync to LAN
	S

	Touch-Tone Dialing
	S

	Tone Detection
	S

	Tone Generation
	S

	Transfer
	S

	Transfer Call Back
	S

	Transfer – Outgoing Trunk to Outgoing Trunk
	S

	Traveling Class Marks (requires trunk group administered as Tandem)
	S

	Tripwire Security for Linux-based Servers
	S

	Trunk Flash
	S

	Trunk-to-Trunk Transfer
	S

	TTY over IP
	S

	Unicode Support
	S

	Uniform Call Distribution
	S

	Uniform Dial Plan (UDP)
	S

	Universal Access Phone Status
	S

	Universal Call ID
	S

	Universal User Licenses
	S

	Vector Directory Number of Origin Announcement (VOA)
	O1

	Vector Directory Number Return Destination 
	O1

	VIP Wakeup
	S

	Visually Impaired Attendant Service (VIAS)
	S

	Voice Announcements Over LAN
	O

	Voice Announcement Over LAN Manager
	O

	Voice Messaging System Interface
	S

	Voice Over Internet Protocol (standard with IP600 server)
	S

	Voice Response Integration
	S

	Voice Response Unit DTMF Feedback Signals
	O

	Voice Terminal Alerting Options
	S

	Voice Terminal Display
	S

	VoIP Camp-on Busy Out
	S

	VuStats
	S

	Wakeup
	S

	Web Pages for Configuration
	S

	Whisper Page
	S

	Wideband Switching
	S

	XoIP Tone Detection Bypass
	S








� Standard in a design that includes Enterprise Survivable Servers or Local Survivable Processors





�	Included when Avaya Call Center Elite Software is purchased


�	Standard with Avaya Communication Manager – Enterprise Edition


�	Avaya Call Management System (CMS) is optionally available as an adjunct, the Move Agents from CMS feature is available only if CMS is purchased


�	Applies to duplex (S87XX) Servers only


�	Duplication of the Processor Complex, and duplication of Port Network connectivity, are currently optionally available for Avaya S87XX Servers


�	Requires optional RedSky application


�	Requires optional licensing and server


�	5 Extension to Cellular licenses are included as standard


�	Requires Avaya G250 Media Gateway
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