
Advanced call routing

Its skill based and data-directed routing rules gets the customer’s 
call to the right agent the fi rst time based on the skills required or 
even service level that you have assigned that particular customer.  This 
approach ensures that you improve your customer satisfaction and that 
the appropriate person is handling the call reducing the time to handle 
each call and your overall cost.  Ultimately both you and your customers 
win. This is easily confi gured in the Application Builder scenarios.

• Skills-Based Routing with Escalation – system matches 
call to agent based on skills requested in call scenario. Multiple 
escalation/overfl ow intervals can be established, with skill and skill 
level criteria being relaxed the longer the call waits.

• Call Segmentation is performed in call scenario, requesting  
necessary skills based on caller input or back-end records.

• Multiple Skill Routing – multiple skill requirements can be used 
to select the right agent

• Adjustable Skill Importance – can be set to have one level of 
one skill make up for some of another or have them considered 
one by one 
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• Agent State-Aware Routing – the system always delivers a call 
to the best available ready agent

• Overfl ow Handling – a call can be processed differently by 
branching call fl ow based on Estimated Waiting Time even before 
the call is queued.

• Queue Position is Kept when re-queueing a call

• Priority Routing – call can have a priority value assigned to it that 
will affect the agent selection according to importance assigned to 
priority in routing rules

• To specifi c agent – call can wait in queue for specifi c agent

• Estimated Waiting Time announcement

• Call diversion based on Estimated Waiting Time

• Escape key – anytime during waiting in queue caller may be 
offered to leave the queue to access other services, such as input 
extension or leave voicemail

• No available agents call diversion

• Queue limits – limits can be set per type of call, how many calls 
can be queued for it. When the limit is reached, the Application 
Builder scenario can handle it in any way like playing some 
message, recording voicemail or scheduling call back

• Up to 150 Concurrent Agents on a single server

Business Application Integration
FrontRange Voice is integrated with the award-winning HEAT Service & Support, 
GoldMine Corporate, Premier and Enterprise Editions and ITSM 
applications to provide your contact center team seamless access to 
information from either application, as well as streamlined work fl ow, so 
you can increase customer satisfaction and lower your costs.

ITSM 5.0.3+

• Desktop application screen pop driver: 

 -  Create new or open and display existing business object

 -  Display a specifi c relations tab of the business object

 -  Run a specifi c Quick Action (business object-related macro) on 
   open

 -  Set selected fi elds to values from interaction data

• IVR application blocks:

 -  Search Business Object by one or combination of its (or child 
   object’s) fi elds, retrieve selected fi elds as interaction data

 -  Update Business Object’s fi elds from interaction data values

 
-  Defi ne Screen Pop by specifying in call scenario what 
   desktop application should do when call arrives (see screen pop 
   driver capabilities above)
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HEAT® 8.0.3+

• Desktop application screen pop driver:

 - Display Profi le or Call Ticket

 - Create and display new Call Ticket

 - Run HEAT Auto Task

 - Save Call Ticket

 - Set selected fi elds to values from interaction data

• IVR application blocks:

 -  Search Call Ticket or Customer by one or combination of its 
   fi elds, retrieve selected fi elds as interaction data

 -  Update Call Ticket’s or Customer’s fi elds from interaction 
   data values

 -  Modify Call Ticket by changing its state or updating journal 
   record, or both.

 -  Defi ne Screen Pop by specifying in call scenario what  
   desktop application should do when call arrives (see screen pop 
   driver capabilities above)

GoldMine® 6.7+ Editions

• Desktop application screen pop driver:

 -  Goto contact in existing contact window

 -  Open new contact window

 -  Ignore (no screen pop)

 -  Display dialog with contact’s name and choice of Open/Goto/ 
   Ignore

• IVR application blocks:

 -  Search Contacts via CONTACT1, CONTACT2 or CONTSUPP 
   tables, by phone or account, retrieve selected fi elds as 
   interaction data

 -  Add to Contact History block allows to update call history 
   with call-related data such as call time and disconnect cause, 
   along with selected interaction data values.

 -  Defi ne Screen Pop by specifying in call scenario what 
   desktop application should do when call arrives (see screen pop 
   driver capabilities above)

 IPCC has an open API for integration of third-party backend 
systems

Agent/Supervisor Dashboard
The agent dashboard enables the user to control their presence 
management states as well as view all interactions in queue. 
Through powerful business application integration, meaningful 
business data can be displayed as columns in queued interactions 
list; interactions can trigger visible and audible alerts. The dashboard 
also incorporates a software based SIP phone making it easier to 
deploy, support, and change in any environment.  Features include 
Click to Dial, Dial from Directory and Desktop conferencing which 
allows your agents to be more effective and drive higher volume of 
calls per agent all without leaving their desktop.

• Agent Presence Management – login, logout, set agent to 
ready or not ready, with a specifi c reason  – tells the call queue 
whether agent is ready to take calls. Reasons are confi gurable.

• Built-in IP softphone 

 o  Multiple lines (simultaneous calls)

 o  Transfer/Blind Transfer/Hold/Conference

 o  Directory

  - Multiple address books

        - Dynamic directory of logged in agents

        - Personal and Global

        - Active Directory (Windows Domain)

        - Local Windows Directory

  - Dial from Directory

  - Transfer from Directory

 o  Message waiting indicator

 o  RFC-2833 DTMF generation

 o  Proxy Registration (allows using DHCP)

   

 

o  Call lists – dialed, answered, missed

 

o  COM API – softphone can be fully controlled via this API from 
    automation programs or scripts running as a result of  toolbar 
    actions, for example

 

o  Automatic Answer – when requested in call scenario, 
    softphone will answer call automatically.

 

o  Call Recording – an agent can record conversation on local 
    disk.

  - Buffered Full Call Recording – no matter when record 
       button is clicked, call will be recorded from the beginning

 

o  Customizable Sounds – ring and call process sounds can be 
    customized

 

o  Automatic Softphone Confi guration (extension, proxy, etc) 
    for contact center agents on login. This allows for zero dashboard    
    confi guration when using with softphone.

• Desktop phone deployment option – Desktop phone can be 
used and softphone can be disabled.

• Queue Monitor – a window showing calls in queue

 o  Multiple folders – multiple views/ with calls fi ltered based on 
    a number of confi gurable criteria.

 o  Confi gurable columns – for each view, specifi c set of call 
    attached data can be displayed

 o  Audible and Visual Queue Notifi cations on:

  - New Call Arrival

  - Waiting Time Limit

  - VIP / property match

 o  Pull capability – an agent can pull the call from queue, 
    provided suffi cient privileges

• Agent-to-Agent messaging – agents and supervisors can chat 
between each other. All conversations are logged on the server

 o  Agents can seek chat assistance from supervisors while talking 

    on the phone.

 o  Emergency Assistance Request - agent may request an 
    emergency chat session with supervisor. The session has 
    highlighted window that catches attention.

• Wrap time countdown

• Personal Queue – special folder where calls waiting that specifi c 
agent can be seen

• Park call to agent – an agent on a call may put the call into other 
agent’s personal queue

• Assign call to agent – a supervisor may assign call into an 
agent’s personal queue even before it is answered – right from the 
Queue Monitoring console

• ITSM/GoldMine CE/HEAT Desktop Integration

 o  With screen pop transfer – when transferring call from one agent 
    to another, current screen can be sent along

 o  Send screen

 o  ‘Click to dial’

• Remote agent support – remote agent needs IP connection 
to call center for dashboard (1 TCP connection), IP Phone (2 UDP 
connections, 100Kbps full duplex per each voice channel) and 
backend application such as HEAT/GoldMine/ITSM

• Automatic Contact Center Server Discovery – dashboard gets 
contact center connection information automatically and allows 
selection of server from a drop-down list.

• Hotkeys – most of dashboard functions have hot keys defi ned

Quality Management
The optional Quality Management module allows consistent service 
quality by monitoring and recording live calls. Monitoring provides 
supervisors with the option of one-way listening, coaching an agent 
without the customer hearing. Recording can be activated by schedule, 
call scenario or upon supervisor request. Recordings can be rated to 
provide information for agent performance reviews and agent training.
 

•  Recording

 o  On demand – via selection from supervisor’s dashboard

 o  Scheduled – by agent or percentage of calls,(date, time and 
    other call properties using call scenario logic)

 o  Application-initiated – application scenario may decide to 
    start call recording based on results of DB query, for example

 o  Agent to Agent Message Logging – message streams 
    are time-stamped and logged in database

• Recording Browsing / Listening 

 o  Web-based - runs on server, accessed via internet browser, 
    web server is not required

 o  Search – by date, time, agent or other call data

 o  Agent Recording Rating – listening interface allows the 
    rating of  agents and use the data in performance reviews

• Monitoring

 o  Listening only – supervisor can conference into calls in listen-
    only mode 

 o  Whisper / coaching – supervisor can conference into calls 
    and listen to both parties while talking only to agent

 o  Message Coaching - supervisors can also coach agents 
    while monitoring the call.

 o  Participation/Conference - supervisor can fully 
    conference into conversation

 o  Agent state is visible in the list of agents in Quality 
    Management tab in Agent Dashboard

 o  Notifi cations – agent or caller or both (selectable) can be 
    audibly notifi ed about monitoring.

Reporting
FrontRange Voice provides an in-depth set of historical reports and 
real-time views that address the challenges associated with manag-
ing multi-channel and multi-site contact centers.  View real-time data 
and historical reporting through an easy-to-use graphical dashboard.   
Dashboards can be tailored to meet a user’s specifi c needs to see the 
health and performance of your contact center by providing perfor -
mance data to benchmark against colleagues which promotes compe-
tition among agents.  Real-time reporting includes remote console and 
multiple connections, enabling you to keep your fi nger on the pulse 
whether you at your desk or out of the offi ce.  The web-based Histori-
cal Reporting includes over 80 pre-built reports enabling you to gain 
benefi t from day one.

Real-Time Reporting

• Over 100 statistics implemented out of the box

• Per Agent, Agent Group, Service or Contact Center

• Real-Time Reporting – statistics monitored using Statistics 
Console connected to server over TCP/IP

 o  Current numbers and states

 o  aggregated over a day and

 o  for last 60 minutes (confi gurable)

 o  It is possible to track multiple Contact Center Servers in one 
    console

Historical Reporting

• Web-based - runs on server, accessed via internet browser, web 
server is not required

• Real-Time statistics aggregated and saved in 15-minute intervals 
(confi gurable)

• Click-through graphs navigate report objects, timescales or 
date and time

• MS SQL DB

• Not Ready Reasons – it is possible to see not only statistics per 
state but also per specifi c not ready reason

• Agent Audit table – historical reporting can keep a table of all 
agent state transitions, this can be turned on and off per agent

• Custom reports can be created by using 3-rd party reporting 
tools, based upon the IPCC historical reporting SQL database.

www.frontrange.com
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Call Scenario Reporting (menupick reports)

• Call Scenarios (Applications) – how often applications are 
used

• Application Block – how often a particular block is executed in 
application

• Application Branches – how often a condition is selected

• Disconnects per block – how often callers disconnect in a 
particular block

Interactions Reporting

• Complete history for each call, from cradle to grave

• Linked to recording

• Linked from Historical reporting – clicking on a bar in 
Historical reporting displays actual interactions

• Web-based - runs on server, accessed via internet browser, web 
server is not required

• Searchable – by date, time, agent or other call data

• Can be used to create new stats in the fi eld, by Professional 
Services

Web-based Application Builder
This easy to use GUI reduces call scenario development and 
maintenance to a system administration task. Within Application 
Builder web pages, just a few mouse clicks are needed to combine 
the functionality of high-level blocks into applications. Application 
Builder scenarios describe the call life from beginning to the end,  
covering both IVR and call distribution.

With help from built-in Business Application Integration capabilities 
(blocks), mundane tasks such as allowing a customer to check the 
status of an issue, or perform a query could be completely carried by 
Application Builder call scenarios without having to talk to one of 
your live agents. However, the customer has the option at any time 
to elect to speak to an agent and have their call and data trans-
ferred to the person who can deliver the appropriate service.

• Voice Response and Call Routing in single scenario, as 
opposed to the usual industry approach is to have a separate IVR 
and agent call routing UIs that provide to complete view on a call 
scenario

• Branching the fl ow on :

 o  DNIS / ANI
 o  Back-end data
 o  Date / Time
 o  Day type (holidays, DST changes, etc)
 o  Estimated Waiting Time, even before the call is queued

• Web-based - runs on server, accessed via Internet Explorer. Web 
Server is not required.

• Send e-mail, with attachment – call attached data can be used 
anywhere in a message, attachment can be any fi le, including a 
recording

• Record to File allows the e-mailing of recordings as well as the 
modifi cation of application prompts over the phone

• Call transfer to point in call fl ow not only allows agents to 
send caller to specifi c point in call scenario, it also enables routing 
parameters to be changed and re-queue the call, i.e. transfer to 
another queue

• SQL DB Access - OLEDB/ADO/ODBC compatible sources, both 
read and insert/update

• Prompts can be generated automatically by Text-to-Speech 
(Third party licence required) during application development, 
which saves time over usual IVR application development where 
time is spent on recording, re-recording and editing prompts. For 
production, the fi nal version of prompts can be replaced with 
prompts recorded by voice talent.

• Multilingual applications support – AppBuilder prompts may 
have different segments for different languages – language switch 
is performed just by telling interpreter to play prompts in another 
language “from now on”

• Full ITSM/GoldMine/HEAT back-end data access, with 
complete search, retrieve and update capabilities

• Streaming Audio music in queue/on hold – allows the playing 
of streaming audio from websites, (or CDs) in Windows Media 
Services format (Windows Media Services is a part of Windows 
2003 server). WMS can also be used to play marketing messages or 
music to callers on hold.

Technologies
FrontRange IP Contact Center solution provides you the features that 
you need to provide superior customer service that leads to better 
customer retention and loyalty.  With a single point of entry for admin-
istration IPCC reduces the complexity required to support heavyweight 
telephony functionality including IP based PBX.

Administration 

• Web-based confi guration – digest password-protected web-
based confi guration interface allows remote access and does not 
require HTTP server installed.

• Management Console – operator control over TCP/IP

 o  Multiple Contact Center servers – can be managed with 
    one console

• Log console

Role-based access rights

    The concept of role-based access rights is based upon privileges 
that are combined into roles, which can then be assigned to users. 
There is a number of predefi ned roles such as agent, administrator, 
supervisor, and new roles could be added or existing modifi ed. 
Examples of privileges by group are:

• Edit various parts of system confi guration (telephony, agents, etc)

• Control the system (start/stop parts of the system, view runtime 
state)

• Quality Management (monitor, whisper/coach, record, etc)

• Agent (change agent status, browse call queue, pull calls, park calls, 
etc)

• Supervisor (view statistics, run reports, assign calls, etc)

• Build call scenarios in Application Builder

Basic SIP Proxy PBX is built-in

• Transfer/Hold/Conference supported on the phone

• NAT – supports NAT for both local and remote endpoints

• Loop prevention

• Registrations – allows endpoint to specify its IP address and port, 
useful for DHCP phones. Can be secured with digest username/
password authentication to prevent impostors.

• Digest-md5 authentication – if an endpoint is protected with 
username and password, an impostor cannot make or receive calls 
on behalf of it

• Trusted IP address authentication – IP address can be used 
instead of digest-md5 for endpoints that do not support it

• Response security check – a response to request that did not 
go through this particular proxy will be rejected. This implies that 
original request must be authenticated and also effectively shields 
from “crafted responses” that allow to address any host in the 
network using crafted Via path.

• Can perform number transformations – can remove X 
characters from beginning of SIP URL user part or prefi x it with XYZ 
or both (ex: remove 9 from 91415… before sending to gateway)

• Supports forwards – switches to stateful operation during 
forward, isolating legs, sending cancel to one direction and redirect 
to another. Forwards use transformations also; so original DNIS 
information is retained (for voicemail, for example). The following 
types of forwards are supported:

 o  On failure – can be used to switch traffi c from failed proxy or 
    endpoint to the one in standby

 o  On busy – can be used to create hunting groups or trunk groups 
    from multiple gateways, or for voicemail 

 o  On no answer – usually used for voicemail

 o  On not registered –usually used for voicemail, means the 
    phone is down or not connected

IP Based Solution
It doesn’t make sense to run your business using dated technology.   
IPCC works with VoIP gateways thus eliminating the need for PBX and 
separate voice infrastructure with associated maintenance and staff 
expenses. (There is also no need for expensive PBX CTI link option 
needed to get regular contact centers working) 

•  Standard hardware – standards-based gateway, IP phone 
and PC hardware from various vendors can be utilized allowing 
for “best of breed” components to be used; components are 
reusable and there is no “lock-in. 

•  Ease of change – because no special telephony hardware 
resources are allocated for an IP phone station (except for the IP 
phone itself, that is), most changes in the switch are performed 
by logical reconfi guration. 

IP Telephony serv er subsystem
Provides IPCC with voice processing and call switching capabilities.

• Automatic Speech Recognition * (Third party licence required) 
o  Scansoft SpeechPearl integration

 o  Multilingual over 40 languages

 o  Available as Application Builder block or full COM API for 
    complex ASR applications

 o  Host-based (on separate dedicated server)

• Text to Speech
o  Microsoft SAPI5 interface

 o  Multilingual, dependent on TTS engines installed

 o  Can be used in Application Builder to play dynamic data, from         
    DB, for example

• Common Data Speaker – for playing common data such as 
dates, times, money and other amounts using pre-recorded prompt 
vocabulary. Superior voice equality and lower processing resource 
requirements than TTS.

• Open COM API – Most of system components export COM APIs 
that can be used from other programs (in fact, Application Builder 
blocks use that API)

• Conferencing Capability API – unlimited number of conference 
parties, with one-way connection capability via the API

• Conference Recording Capability API – conferences can be 
recorded into fi les, available via the API

• Application Selector - allows to select from a number of 
confi gured applications on:

 o  DNIS / ANI
 o  Date / Time (useful for after-hours call processing)
 o  Day type (holidays, DST changes, etc)

 o  Number of busy channels (could be used to keep some lines free 
    for overload situations, asking callers to call later and hanging 
    up) 

Open Standards Compliant
 o  RFC-3261 – SIP: Session Initiation Protocol

 o  RFC-2833 – DTMF tones generation and recognition

 o  RFC-1889 – RTP: Real-Time Transfer Protocol

 o  RFC-2327 – SDP: Session Description Protocol

 o  RFC-3515 – REFER Method

 o  draft-ietf-sip-replaces-04.txt – consult transfer method

 o  draft-ietf-sipping-mwi-03.txt – unsolicited NOTIFY used for 
    Message Waiting

 o  draft-ietf-sip-privacy-04.txt – CLIP/CLIR in the softphone layer 
    only

Localization
    Application Builder applications support multilingual applications 

in all languages. Voice Version 5.1  includes CDS and Unifi ed 
Messaging prompts, Reporting and Statistics and Agent Dashboard 
localization in following languages:

• English US and UK

• Russian

• German

More to follow

QoS
    Both telephony server and dashboard support IP TOS fi eld setting for 

RTP voice data packets. This allows confi guration of state of the art 
QoS  on gateways and switches as well as provides voice traffi c with 
priority handling in fair-queues commonly found on low-end devices.

3COM VCX switch support
    FrontRange Solutions is the 3com partner. When sold with VCX, VCX 

takes place of the internal softswitch.

• Auto Answer – call scenario can request 3com phone to answer call 
automatically

• Subject header – 3com phones can display additional call info when 
ringing, can be set from call scenario

Your Solution  

Call 800.776.7889 to speak to your FrontRange 
representative today and discover the benefi ts of 
Communication Management.

www.frontrange.com
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• RFC-3261 SIP/2.0 UDP-compliant endpoints such as gateways or 
phones

• RFC-2833 Telephony Signals compliance is necessary if DTMF

    recognition is used

Contact Center Server host machine
Hardware Requirements

• Quality Management (QM) - 28.8MB per hour of recording , per agent
• Dedicated server is recomme nded for Reporting and QM deployment
• XGA Monitor 16-bit color 1024x768 (for Management Console)
• 100-MBit LAN card and 100MBit switched LAN or vLAN with TCP/IP 

network participation
Software Requirements
• Windows 2003 Server
• TCP/IP confi guration (domain membership is recommended, but is 

not required)
• Internet Explorer 6.0 or higher
• *Optional Software
 o  SAPI5-compliant Text-to-Speech (TTS) engine(s)
 o  ScanSoft SpeechPearl 8.0 Automatic Speech Recognition (ASR) 

     engine

Agent Dashboard host machine
Hardware Requirements
• Pentium III 1 GHz
• 128 MB RAM
• 1 GB HDD
• Video 16-bit 1024x768
• A high-quality soundcard for softphone users. Motherboard 

soundcards may not be suffi cient for high-quality telephone audio 
because of shielding issues.

• LAN card and TCP/IP network participation
Software Requirements
• Windows 2000 Professional w/SP3 or Windows XP
• TCP/IP confi guration

• Internet Explorer 6.0 or higher

Remote Management Tools host machine
Hardware Requirements
• Pentium III 1 GHz
• 128 MB RAM
• XGA Monitor 16-bit color 1024x768 (for Management Console)
• LAN card and TCP/IP network participation
Software Requirements
• Windows 2000 Professional w/SP3 or Windows XP
• TCP/IP confi guration
• Internet Explorer 6.0 or higher

Hardware Requirements

FrontRange understands you have different employees with different 
telephony needs. FrontRange Voice solves this problem by offering an 
integrated call center solution, in addition to your core phone system.

This solution provides a total solution for your support agents, 
telesales teams. It includes IVR, ACD, CTI, TTS and ASR all in a simple 
to deploy, easy to manage system.

Spanish•
• Portuguese

(Brazil)

Comprehensive , Affordable, Productive

FrontRange Voice
FrontRange Voice is a complete call center, PBX, and Voice
Self Service solution in a single box.  Designed from the 
ground up entirely in software, this standards-based software 
design provides an advanced business phone system for feature-rich 
voice communications that replaces complex, proprietary telephony 
hardware. 

FrontRange Voice provides growing and distributed businesses, 
enterprise class business communications solutions that maximize 
your employee productivity, cut your costs and enhance your customer 
interactions with a complete, all-in-one communication management 
solution from FrontRange.

Comprehensive
Running on a single MS Windows server the IPCM Server 
lets you access traditional phone services and Internet-based network 
services from one complete system that includes:

• Powerful IP-PBX business telephone system

• Voice over IP (VoIP)

• 

• Auto attendants

• Unifi ed Voice Messaging and E-mail integration

• Support for desktop VoIP phones using SIP

• On demand and scheduled call recording

• Web-based self administration

• Microsoft Live Communications Server integration

  •  Presence based call handling

  •  Outlook integration - Click to dial and screen pop

• Complete IP Contact Center Functionality

This suite of telephony and software integration components are 
designed to be a foundation on which you can build a communication 
strategy that improves employee effectiveness when interacting with 
customers and improve the customer experience when interacting with 
your business.   

Affordable
Drive down the costs of communications.  Step away from complex, expensive, 
proprietary phone system and eliminate the need for proprietary network 
components and gateways. Choose from the wide variety of SIP compliant IP 
phones or USB headets for high function, low cost desktop telephone options.
Self management reduces the need for expensive outside technicians using 
the single web based console for easy administration.  Eliminate interoffice toll 
charges by communicating with remote offices and remote workers with VoIP.

Productivity
Raise employee productivity with simplified features like our Communicator 
desktop softphone that is designed to make the everyday telephone tasks of 
handling multiple calls, transfers, conferencing, and voice mail retrieval easier 
than ever.  Mobile employees can stay in touch and in control both inside and 
outside of the office with mobile devices integrated to the IPCM unified 
voice messaging platform.  The IPCM Server uses Voice Over IP to extend all 
the advanced features of the solution to teleworkers and remote employees 
anywhere there is high speed internet access.  

Open platform fl exibility
This comprehensive business telephony solution can be implemented to handle 
the needs of an entire company or it can be deployed alongside existing systems 
to support a single department with a higher level of communications needs.

This approach ensures that you have all the foundation communication capability 
to build on to help your business drive sales, service your customers, and manage 
your business without extensive business interruption.
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Multi-dimensional Unifi ed Messaging
Elevate productivity by consolidating voicemails and e-mails and in 
one user inbox to simplify message access and response management.  
Unified messaging is configurable to offer choices matching the needs of 
each user. The voicemail-only option is for employees who only want to 
manage messages locally or remotely from a telephone or Communicator 
softphone.  You can choose to have traditional telephone voicemail access 
and receive and manage voicemail in their email client. Or you can choose 
to implement text to speech messaging that allows users to call in and have 
the system read them their emails and allow them to reply by phone.  The 
Mobile device support gives mobile users full access to retrieve e-mail and 
voice mail from compatible mobile devices such as the Palm® Treo™ or 
Blackberry.

Professional inbound call handling
Multiple automated attendants allow you to welcome your callers by giving 
them easy access to departments with choices from voice-prompted menus 
or direct employee access by dialing an extension number or a name. The 
automated attendant may be used as a primary interface for incoming calls 
or as backup for a live operator when call volumes are high, for lunch and 
after-hours support.

Simplifi ed System Management

Advanced Applications for Microsoft Users
IPCM has built in integration to Microsoft Live Communications 
Server to enable advanced telephony integration to Microsoft Exchange. 
Screen pops with call control options, click-to-dial directly from Microsoft 
Outlook, from contact lists, or Word via Smart tag technology, even use 
presence based call handling rules to make call handling easy and flexible.  
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Communicator Softphone and IP Extension
The Communicator desktop softphone features such as dialing from 
your call history log makes everyday telephone tasks like handling multiple 
calls, transfers, conferencing, and voice mail retrieval easier than ever, from 
your desk or from the road. 

Future-Proof Your Business
With the software-based IPCM server you can stay current with the latest 
features from FrontRange Solutions by simply updating your system software. 
FrontRange gives you the flexibility to upgrade and expand your system and 
add advanced applications as your business grows or the communications 
requirements of your business change.  
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SIP Softswitch

IP Office
Suite

If your users prefer, the IP Office 
Suite can also be deployed in 
conjunction with a SIP standard 
handset extending advanced 
phone capabilities through out 
your organization.  

Support Remote Users
Remote users can work as 
efficiently as if they were in
the main office. With VoIP
extensions remote users have 
access to all of the features and 
capabilities of IPCM 
by using high speed internet 
connections.  When a caller dials 
into the main office and enters the 
user’s extension the phone calls 
ring at the remote IP extension just 
as if they were in the local office.   

  •  Skills Based Routing
  •  Interactive Voice Response
  •  Automatic Call Distribution

Communication 
Management

Complete Call Center Solution

If you are looking for a telephony system that will meet all your 
needs today, and into the future, its time to give FrontRange a 
call. Our Voice specialists can discuss with you what specific 
components will best suit your needs. They can help you decide 
if you would be best suited with the stand alone system, or in 
conjunction with our award winnning CRM, Service Desk, or 
Support solution.

Communicator Softphone / Agent Dashboard

  •  Quality Management

  •  CRM / Service Desk Integration

  •  Real Time and Historical Reporting

Manage your system from an easy to use web interface. Make all moves, 
adds and changes for both your call center agents, and your office phones 
from one location, without requiring specialized telephony or technical 
knowledge. 

Set up skills based routing, and create IVR applications from a single unified 
portal.

All IPCM subsystems run as unique Windows services, so they can be 
managed and monitored using either the built in management console, or 
using standard Windows management utilities. 

10 to 20 agents:      x86 2.8GHz with 2MB cache memory
10 to 100 agents:    x86 Dual-Core 3 GHz with 2MB cache memory or better
• 
•
  

1 GB RAM
2GB HDD, RAID 10 (preferred), or RAID 5 for basic system installation only.  


