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Systems and Applications 
 
Aastra’s Enterprise Call Managers Support VMware Vi rtualization Technology 
 
Takeaway: Aastra leverages the potential of virtualization technology to consolidate IT infrastructure, 
announcing that its Call Manager software for the Aastra 5000, Clearspan and MX-ONE enterprise-level IP 
PBX systems now supports virtualization technology from VMware. Voice virtualization, which enables real-
time voice applications to run side-by-side with non-voice applications on a single server, is clearly emerging 
as an important trend since it allows an organization to reduce or consolidate hardware for capital, 
operational and energy savings. Virtualization can also improve availability and business continuity. With 
Aastra’s virtualized deployment, and the partnership with VMware, the call manager software is combined 
with network and web servers in a single, virtualized environment. Aastra has also tested Call Manager 
running together with some of its unified communications applications such as Solidus eCare for contact 
centers, unified messaging and provisioning applications. Read more below about Aastra’s VMware support, 
and for more on how some of the leading telecom manufacturers are adopting virtualization technology, visit 
http://www.telecomtactics.com/voicevirtualization62010.pdf 
 
Aastra  announces that its enterprise Call Manager software for the Aastra 5000, Clearspan and MX-ONE IP 
PBX systems supports VMware virtualization technology. Now, larger Aastra customers can choose the 
traditional IP PBX deployment or take advantage of a virtualized model that allows multiple applications to 
run on a single server for hardware reduction and associated savings, but also to improve availability and 
business continuity. Applications running on virtual machines are not dependent on a particular physical 
server and can be quickly transferred to an alternate server if needed, minimizing downtime. Or, copies of 
virtual machines can be duplicated on another server for backup. 
 
A number of telecommunication manufacturers are embracing virtualization technology. In simplified terms, 
virtualization technology, which has been on the market for a few years now, is a layer of software that 
decouples or breaks the bond between the operating system and the physical hardware, thus allowing 
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multiple operating systems and software applications to run simultaneously and share the resources of a 
single physical computer. So, for example, an IT organization can run both Windows and Linux, or multiple 
versions of an operating system, along with multiple applications, on the same server. This important 
advancement means that real-time voice applications can run side-by-side with non-voice applications on a 
single server. Fewer servers in the data center results in numerous benefits in terms of capital, operational 
and energy savings.  
 
Aastra and others, including Cisco, Mitel and Siemens Enterprise Communications, have announced 
partnerships with VMware since the VMware platform is already widely deployed for data application 
virtualization. With Aastra’s virtualized deployment, and the partnership with VMware, Aastra’s solution is 
hardware-agnostic so that the physical server is of the customer's own choosing, as long as the chosen 
hardware meets performance requirements related to memory, disk space and CPU (requirements vary 
depending on the application).  
  
The Aastra 5000, Clearspan or MX-ONE Call Manager software can also run alongside other Aastra 
applications on a single virtualized server. Aastra has tested Call Manager running together with some of 
Aastra’s unified communications applications such as Solidus eCare for contact centers, unified messaging 
and provisioning. In addition to VMware, Aastra has partnered with Xen for a virtualized version of the 
Aastra 5000 (Avaya also partners with Xen for its virtualized Aura System Platform, a single server solution 
for mid-size enterprises). 
 
Like some other virtualized telephony platforms, there are initial capacity differences between the traditional 
IP PBX model and the virtualized model. For the Aastra solutions, scalability has been tested to 5,000 users 
in a virtualized environment, with the intent to increase this capacity based on feedback from current 
deployments. www.aastra.com  
  
Avaya Announces Changes Across Portfolio with Aura 6.0, Addresses Legacy Migration 
 
Takeaway: Avaya makes a sweeping announcement with Aura 6.0, touching on all product categories with 
new or updated solutions that focus on new ways to collaborate and connect people in real-time, simply and 
cost-effectively.  Avaya also meets its previously-announced goal to integrate the Nortel products and retire 
some Avaya and Nortel products; a transparent roadmap gives current customers with existing Avaya or 
Nortel deployments assurance in the form of a clear migration path toward forward-looking solutions. Among 
the new products for mid- to larger-size businesses are new contact center capabilities (Avaya Aura Contact 
Center, Workforce Optimization and Proactive Outreach Manager) and next generation collaborative 
applications (Avaya Aura Conferencing and Avaya Aura Messaging). Avaya also introduces a new version 
6.0 of the enterprise-level Communication Manager software which now has several deployment options 
(see below) and which utilizes Session Manager for SIP routing (Session Manager replaces and enhances 
the earlier SIP Enablement Services or SES). At the same time, Avaya cleans up some of the legacy 
products, announcing discontinuance of the Nortel Norstar key system, the Avaya Partner ACS, and some 
earlier S8000 Servers. Read more below and visit www.telecomtactics.com for more on Avaya IP PBX 
systems and associated applications. 
 
Avaya  Aura 6.0, in very general terms, aims to Increase security, scalability and flexibility and provide 
common management across components and applications. Avaya continues to fold in virtualization 
technology across platforms to consolidate IT infrastructure; Avaya reports savings on the order of 23% in 
capital and 33% in operating expenses per a recent survey. The myriad of new solutions includes an update 
to Communication Manager, the enterprise IP telephony call processor that scales to 36,000 users, as well 
as some new and enhanced applications for contact center, messaging, conferencing and presence. 
 
Avaya Aura Communication Manager 6.0 – What’s New? 
 

�  Avaya Aura Communication Manager can now be deployed in one of three ways: (1) the System 
Platform (a virtualized solution – see the TelecomTactics Insider July issue) or (2) a Centralized 
Feature Server (SIP stations only; uses Session Manager to combine Avaya and other vendor 
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systems into a centrally managed network) or (3) an Evolution Server or traditional IP PBX  
deployment with support for mixed endpoints, including H.323, digital, analog endpoints that 
register with Communication Manager and SIP endpoints that register with Avaya’s Session 
Manager (in R6.0, Session Manager replaces the earlier SIP Enablement Services or SES).   

 
�  Avaya Aura Communication Manager R6.0 can run on 

one of three Avaya Linux-based servers: the S8300D 
Server, the S8510 Server and the latest S8800 Server 
(Simplex and Duplex versions) which has improved 
processing over earlier S8000 Servers and which is the 
base platform for other Avaya applications (i.e. the 
S8800 Server protects hardware investments going 
forward). Avaya has phased out earlier S8000 Servers, 
including the S8300C, S8400, S8500, S8720 and S8730, 
so  R6.0 software is not available for these earlier servers. The S8510 Server was discontinued for 
new sales in February 2010, but can be upgraded to support Communication Manager R6.0. The 
S8800 Server Simplex is similar in scalability to the S8510 Server; the S8800 Server Duplex is 
similar in scalability to the S8730 Server. 

 
�  In terms of new telephone devices, Avaya has extended and improved the 9600 series with some 

new IP Deskphones: 9608 (8-line), 9611G (3.5-inch color display, integrated gigabit and USB 
interface) and 9621G and 9641G with 4.3-inch color touch-screen, integrated gigabit, USB interface 
and wideband speaker. The original 1600 Series is no longer sold as of August 2010 in favor of 
localized versions (16xx-I) that incorporate an LCD with white backlight and wider language 
support. There are also two new digital phones with native administration: the 1408 for lighter 
telephone usage (similar to the Avaya 2410 digital phone), and the 1416 for receptionists, 
assistants and managers (similar to the Avaya 2420). As announced earlier this year, Avaya will 
continue to offer the Nortel 1100 and 1200 SIP phones since these can connect to Avaya Aura via 
the Session Manager.  

 
On the application side, Avaya introduces the following: 
 

�  Avaya Aura Conferencing, the evolution of Avaya’s earlier Meeting Exchange, is now available in a 
Standard Edition with 500 audio and 500 Web ports with video capabilities on a single Avaya 
S8800 (IBM 3550 M2) server (500 concurrent users). As an open standards-based SIP solution, 
Avaya Aura Conferencing works with Avaya Aura Communication Manager, CS1000 (formerly from 
Nortel) and other third party systems that support SIP. An Enterprise Edition is coming later this 
year with higher capacity and added features such as internal operator assistance and emergency 
blast dialing.  

 
�  Avaya Aura Messaging R6.0, expected in August 2010, is Avaya’s next generation Linux-based 

multimedia messaging that provides unified messaging, but also a speech auto attendant, voice 
recognition, speech to text, ‘Reach Me’ and ‘Notify Me’ features, IMAP access to voice messaging, 
a browser application for user settings and a migration  path for Octel users. The earlier Avaya 
Modular Messaging solution now runs on Avaya’s S8800 servers (as of November 2009) which will 
allow customers to retain this hardware when they move to Aura Messaging in the future (earlier 
S8730 servers are no longer sold as of February 2010). 

 
�  Avaya Aura Presence Services has a native instant messaging capability with federated presence 

for IBM Lotus Sametime and for instant messaging and presence across Microsoft, IBM, Avaya 
one-X Communicator, one-x Agent and Avaya 9600 SIP phones. 

 
�  Avaya Aura Contact Center (AACC) is the company’s next generation SIP-based customer service 

solution for the mid- size contact center environment. Avaya’s Call Center Elite application for 
larger voice call centers continues to be the core call center product and is upgraded with Release 
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6.0 which increases capacities across agents, skills, vectors and routing tables and includes Avaya 
Business Advocate as standard.  In November 2010, Call Center Elite will be further enhanced with 
the new AACC multimedia contact center application that supports voice, e-mail, Web chat, and 
instant messaging (under 1,000 agents for Avaya Aura Communication Manager (5,000 agents in 
the next release) or 5,000 agents for Avaya CS1000). Agents 
will have two desktops at this time, one for voice and one for 
multimedia interactions, but by May 2011, Avaya will 
consolidate this to just a single agent desktop so that Call 
Center Elite and AACC become a single solution going 
forward. Avaya also introduces two new contact center 
solutions: Avaya Aura Workforce Optimization (People 
Scheduler pictured) and Avaya Proactive Outreach Manager 
(outbound notification campaigns). Avaya IQ 5.0 for reporting 
and analytics increases capacity to 15,000 concurrent agents 
and 900 simultaneous report users and adds new graphical 
views.  

 
Within the broad Aura 6.0 update, Avaya introduces a new version of Avaya Agile Communication 
Environment (formerly from Nortel). ACE 2.2 adds the Event Response Manager application and a new 
developer toolkit. Avaya Aura ‘Session’ Manager 6.0 now scales to 100,000 users with 50,000 SIP phones 
and video endpoints. Avaya Aura ‘System’ Manager 6.0 enables common management across Avaya Aura, 
including Presence Services, Conferencing and Messaging applications. And, Avaya Aura Session Border 
Controller, based on ACME Packet technology, is the first Avaya-branded SBC.  
 
For former Nortel customers, Avaya is on schedule with an update for the former Nortel Communication 
Server 1000 (CS1000), releasing R7.0 software and support for the IPv6 protocol and enhanced SIP 
functionality that allows a smooth migration toward Avaya Aura. The new Avaya Aura Contact Center will 
support CS1000 directly or via SIP integration to Aura. Nortel 1100 and 1200 SIP phones also connect to 
Avaya Aura. 
 
All new Aura solutions are available now or will be available by third quarter 2010. At the same time, Avaya 
cleans up some of the legacy telephone systems. Nortel Norstar key telephone systems are no longer sold 
as of October 2010, with hardware and software support available until 2013 and services support until 
2016. Avaya recommends migration to Avaya IP Office or Avaya BCM (formerly from Nortel). The Norstar 
retirement, including Norstar 3x8, CICS, MICS and Call Pilot 100/150 products, is earlier than originally 
anticipated due to components becoming obsolete. Avaya PARTNER ACS key telephone system will not be 
available for new sales after November 2010, but will be supported until 2013. PARTNER ACS systems can 
also migrate to Avaya's IP Office. In fact, the latest release of IP Office (6.0) supports PARTNER ACS 
telephones and the System SD CARD PARTNER which allows the IP Office 500 to emulate the PARTNER 
ACS. This solution, called IP Office Essential Edition - PARTNER Version, provides most of the PARTNER 
ACS R8 feature set, but also integrates IP Office Essential Edition functionality such as Mobile Twinning, 
Visual Voice Mail, 64-party conferencing, SIP Trunking and PRI/T1 support. www.avaya.com  
 
AVST Launches New Versions of Repartee LX (formerly  of Active Voice) 
 
Takeaway: AVST streamlines its portfolio following the Active Voice acquisition last spring, announcing new 
versions of the Linux-based Repartee LX in the first new product release since AVST purchased these 
unified messaging platforms from Active Voice in April 2010. With the Active Voice acquisition, AVST also 
enters the hospitality market. Repartee LX supports a hospitality feature package, and the latest Repartee 
LX versions integrate with additional property management systems (over 60), including the first IP 
integration with a PMS from Micros Fidelio, a worldwide leader in hotel solutions with a strong presence in 
the UK. In other news, AVST plans to purchase Voice Mobility International, Inc. and the Voice Mobility 
UCN250 SaaS (Software as a Service) platform; AVST will integrate the UCN250 into its portfolio in order to 
begin offering “cloud-based” UC services. Read more below about Repartee LX 11.3 and visit 
www.telecomtactics.com for more on AVST and other leading unified messaging providers. 
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Applied Voice & Speech Technologies, Inc. (AVST) announces new versions of the Linux-based Repartee 
LX unified messaging platforms that target small to mid-sized businesses (purchased from Active Voice in 
April 2010). While Repartee LX handles voicemail, auto attendant, unified messaging, personal call control 
and fax, the latest versions focus on the hospitality market with additional integrations to third party property 
management systems (PMS). Repartee LX now supports over 60 PMS integrations including the first IP 
integration with a PMS from Micros Fidelio, a worldwide leader in hotel solutions with a strong presence in 
the UK. The addition of Repartee LX to AVST’s unified messaging product line with its support for hotel 
features represents a new market for AVST since its flagship CallXpress Windows-based unified messaging 
system, which targets small to large organizations, does not offer any PMS integrations or hospitality 
features. 
 
Since the acquisition of Active Voice last spring, AVST has streamlined the combined portfolio to include the 
former Active Voice Linux-based Repartee LX and LXi platforms for SMBs with scalability from four to 64 
ports and its own Windows-based CallXpress unified messaging platform for 
small to large enterprises with a multi-server architecture that scales to 384 
ports and 40,000 users on multiple servers (96 ports on a single server). 
AVST also offers VideoMail (pictured), a technology developed by Active 
Voice that allows users to create video messages using a camera (and 
including audio) or record a screen capture, then send the audio/video 
message from a Microsoft Outlook client. The Kinesis Windows-based 
product from Active Voice will no longer be manufactured as AVST 
recommends the CallXpress product instead. 
 
Repartee LX is a Linux-based voice mail and unified messaging system that 
targets small to mid-size businesses, scaling up to 64 ports and up to 5,000 UM users. Repartee LXi 11.3 
(formerly known as Active Voice Repartini) comes from the same code base and has the same advanced 
functionality, but targets smaller businesses with scalability to four ports and 100 UM users. Repartee LXi is 
a pre-loaded appliance sold as a turnkey system and is designed to compete against in-switch or embedded 
messaging products, yet be able to provide unified messaging and fax capabilities traditionally not supported 
by such embedded messaging products. 
 
In addition to typical voicemail, auto attendant and unified messaging capabilities, both Repartee LX and 
Repartee LXi support advanced features such as text-to-speech, multiple language support and a hospitality 
feature package. Also, mobile users can access voice, fax and e-mail messages using a wide variety of 
communications devices, not only an e-mail inbox (Microsoft Outlook, Novell GroupWise or Lotus Domino), 
but also popular iGoogle or iTunes personal portals or a RIM Blackberry, Apple iPhone, Windows Mobile 
Smartphone or even a Palm OS running a scaled-down Web client.. Repartee users can also receive voice 
and fax notifications directly via Really Simple Syndication (RSS) feeds to their desktop or mobile device 
and take advantage of the company’s VideoMail technology. 
 
Repartee LX integrates with over 150 telephone systems via analog, serial, digital and IP integrations, 
including those from Avaya, Mitel, Toshiba and many other leading vendors.  The smaller Repartee LXi 
appliance supports analog integrations to over 100 telephone systems. Repartee LX 11.3 and Repartee LXi 
11.3 are generally available as of August 10, 2010. www.avst.com 
 
Mitel 5000 4.0 Adds New Functionality with HX Contr oller 
 
Takeaway: Mitel unveils a more competitive system for SMBs in North America and the UK with an update 
to its Mitel 5000 platform (formerly from Inter-Tel). A new HX controller and new form factor has native 
support for digital phones, expanded analog capacity and Gigabit Ethernet support. The new package 
eliminates the earlier CS 5200/5400/5600 designations in favor of a simplified platform with different 
hardware options, though earlier platforms can still be upgraded with R4.0 software (support for the previous 
R3.2 software will end in 2011). R4.0 software affords a number of new capabilities and benefits, including 
smoother incremental licensing and other licensing improvements, new telephone device support (e.g. the 
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Mitel 5360 IP color Phone, the 5610 IP DECT handset and the UC Express Softphone). A new System 
Administration and Diagnostics interface requires no license. Read more below and visit 
www.telecomtactics.com for more on Mitel 5000 and other SMB platforms on the market. 
 
Mitel  5000 4.0 with the HX controller represents the next generation of the Mitel 5000 CS systems (originally 
developed by Inter-Tel), adding a new controller and new form factor with native support for digital 
telephones, expanded analog capacity and Gigabit Ethernet support. The target market is 15-75 users, 
though the system can scale to 250 users. 
 
The HX controller is a new hardware platform that replaces the earlier CS controller.  While R4.0 software 
runs on both the new (HX controller) and the old (CS controller) hardware, Mitel has simplified the offer in 
terms of branding, eliminating the CS 5200/5400/5600 controller designations and calling the product simply 
“Mitel 5000.” Additional hardware options are recommended for IP installations larger than 75 IP phones 
and/or heavier traffic or application loads. A Processor Expansion Card (PEC-1) is a daughter card that can 
be added to the HX processor module, providing additional DSP resources for IP encoding and decoding. 
The Processing Server (PS-1) is an add-on 1U server that runs call control and embedded voice mail. PS-1 
is recommended for systems that have higher call traffic 
or heavy application loads. The Mitel 5000 with PEC-1 
was formerly called CS-5400; the Mitel 5000 with PEC-
1 and PS-1 was formerly called CS-5600. The Mitel 
5000 without any additional hardware was formerly 
called CS-5200. 
 
The new HX controller (with hardware options) has 
about the same capacities as the 5200/5400/5600 controllers, with a few notable increases. The HX 
controller supports 48 digital phones in the controller itself, increasing the digital phone capacity from 192 to 
240 phones. Also, the HX controller doubles the built-in analog phone and analog trunk capacity from two to 
four ports. 
 
In terms of software, R4.0 runs on the new HX controller and also with previous CS controller, adding a 
number of new capabilities. Mitel includes smoother incremental licensing and other licensing improvements 
(e.g. no license fees for PEC-1 or PS-1 components, six built-in IP 
networking channels (up from three), a single license for unlimited IP 
networking, no licensing for analog phone ports, no system OAI license for 
UC Express). And, some new telephones are available: the Mitel 5360 IP 
color Phone (pictured), the Mitel 5610 IP DECT handset and the UC 
Express Softphone. A Line Interface Module (LIM) for some Mitel IP Phones 
provides a separate connection to an analog line for failover and 
survivability (such as PSTN calling and emergency dialing if IP connectivity 
is lost). A new System Administration and Diagnostics interface requires no 
license. Only the door relay capability and digital phone module for the HX 
chassis are not available for the CS controller since these are specific to the HX hardware. 
 
Mitel 5000 comes in two base packages. The Digital Base Package includes 48 digital phone licenses, four 
voicemail ports, Dynamic Extension Express, one PRI license and 50 free UC Express desk phone licenses. 
The IP Base Package includes four voicemail ports, 16 IP phone licenses, Dynamic Extension Express, one 
PRI license and 50 free UC Express desk phone licenses. Additional hardware options (processor 
expansion daughter card and/or an additional processing server) are available for larger IP installations 
(more than 75 IP phones) and/or heavier traffic or application loads. www.mitel.com  
 
NEC Introduces UNIVERGE UM8700 Unified Messaging 
 
Takeaway: NEC Corporation of America focuses on reliable and advanced messaging with UNIVERGE 
UM8700, a new unified messaging offer based on AVST’s CallXpress. AVST and NEC have been 
technology and distribution partners for some time and furthered this relationship last spring when AVST 
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acquired NEC subsidiary Active Voice. UNIVERGE UM8700 targets small to large organizations (scales to 
384 voice ports using multiple servers) and is designed for high performance and high availability. Four 
different deployment architectures meet varying business needs. Advanced user functionality includes 
speech recognition and the Personal Assistant with schedule-based presence, interactive call screening and 
calendar management.  Furthermore, UNIVERGE UM8700 lends itself to legacy voicemail replacement 
since it can emulate popular legacy systems such as Octel, Avaya INTUITY AUDIX and Nortel Meridian 
Mail. UM8700 is currently compatible with several of NEC’s mid- to-larger size IP PBX systems in North 
America with other regions to follow (NEC UNIVERGE SV8300, UNIVERGE SV8500, UNIVERGE Sphericall 
and earlier NEAX 2400 IPX). NEC envisions adding UM8700 to its UC for Enterprise (UCE) suite as a 
migration path forward for existing customers. Read more below and visit www.telecomtactics.com for more 
on messaging platforms from leading vendors.  
 
NEC Corporation of America has a new unified messaging offer branded as UNIVERGE UM8700 and based 
on AVST’s flagship messaging solution CallXpress. UM8700 meets the needs of small to large organizations 
and is designed for high performance and high availability. The platform is currently available in North 
America for NEC’s UNIVERGE SV8300, SV8500, NEAX 2400 IPX and UNIVERGE Sphericall IP PBX 
systems, and NEC envisions adding UM8700 to its UC for Enterprise (UCE) suite as a migration path 
forward for existing customers. 
 
UNIVERGE UM8700 has a multi-server architecture with scalability to 384 ports and 40,000 users on 
multiple servers (96 ports on a single server). The architecture ensures high availability and minimizes 
points of failure; ports are distributed across multiple survivable Call Servers (up to 20).  For complete 
survivability, the multi-server architecture can be combined with a Neverfail® Server, a fully synchronized 
hot standby server that contains a real-time copy of system data and which can immediately take over if 
failure is detected.  
 
UM8700 has flexible deployment options: four unified messaging “architecture choices” are available to 
meet the needs of varying business environments in a variety of industries: (1) Server-based (voice, fax and 
e-mail messages are located on the e-mail server), (2) Client-based (voice and fax messages are located on 
the CallXpress system, but are accessed from the e-mail server - dual message store), (3) Secure (voice 
and fax messages on CallXpress are accessed via a secure voice portal that does not interact with the e-
mail server) and (4) Simplified (voice and fax messages can be attached to e-mail messages). 
 
Users will benefit from typical unified messaging functionality (e-mail, voicemail and fax messages in one 
inbox), but also more advanced productivity features such as a Personal Assistant with schedule-based 
presence functionality and Find-me/Follow-me capabilities that automatically route calls based on the user’s 
current presence (for example, routing calls to a cell phone if presence is set to ‘mobile’). A Voice User 
Interfaces lets users use speech commands to access, navigate and process messages.  
 
AVST and NEC have been technology and distribution partners for some time and furthered this relationship 
last spring when AVST acquired NEC subsidiary Active Voice. NEC has been offering other unified 
messaging platforms based on systems from Active Voice (now AVST), including the UNIVERGE UM8500 
built on Active Voice’s Windows-based Kinesis which AVST has discontinued in favor of its CallXpress. 
Going forward, NEC’s UM8700 will provide a migration path for existing customers.  For SMBs, NEC’s 
UNIVERGE UM4730, based on the former Active Voice Repartee, will continue to be available since AVST 
is continuing development on this product. (See related story on AVST’s Repartee LX 11.3.) 
 
UNIVERGE UM8700 from NEC is now available in North America for NEC’s UNIVERGE SV8300, SV8500, 
NEAX 2400 IPX and UNIVERGE Sphericall; availability in other regions will follow. www.necunified.com 
 
ShoreTel Addresses Key Trends - Mobility, Distribut ed Environments, Contact Center 
 
Takeaway: ShoreTel announced the availability of its latest Release 11 software at a successful Channel 
Partners conference in July, revealing new features and functionality which are right in line with current 
business telephony trends - mobility (Communicator for Web and Apple iPhone) and reliability/availability 
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(distributed databases). Expanded QSIG features (Message Waiting Indication and Call Diversion) address 
legacy migration and interoperability with other vendor’s systems.  ShoreTel also differentiates its contact 
center offer, adding new Dashboard and Interaction Viewer productivity applications with ShoreTel Contact 
Center 6. To cap it all off, ShoreTel reports fiscal 2010 revenues 10% above the previous year and recently 
won the highest score (again) in an independent Nemertes research study, with top scores in terns of value, 
technology, customer service and management tools. Also, ShoreTel is prepared to beat any competitor’s 
price via its Lowest TCO Guarantee program which uses results from the company’s TCO calculator (now in 
an online version). Read more below and visit www.telecomtactics.com for more on business 
communications solutions from ShoreTel and other leading IP PBX vendors.  
 
ShoreTel  introduces the latest version of its call processing software, ShoreTel 11. The new software 
makes several improvements for larger, multi-site businesses – a key focus for ShoreTel as the company 
highlights the scalability of its IP PBX (scales to 10,000 users) and the advantages of its simple and 
distributed architecture for any size business. ShoreTel also addresses key trends in business telephony, 
including new options for mobile workers and improvements to ShoreTel Contact Center software (R6.0). 
 
ShoreTel 11 – What’s New? 
 

�  ShoreTel renames the ShoreTel Call Manager client software to ‘ShoreTel Communicator’ in order 
to differentiate the offer from competitors that use the “Call Manager” nomenclature, but also to 
reflect that the client not only supports voice calling, but also video and data. 
ShoreTel Communicator comes in six Access Levels with different feature 
capabilities. The basic level, ShoreTel Communicator with Personal Access, is 
ordered separately at no cost to users and enables PC-based voice and unified 
message management. Professional Access (presence, instant messaging and 2-
party video), Operator Access, Mobile Access, Workgroup Agent Access and 
Workgroup Supervisor Access are also available as before. 

 
�  ShoreTel Communicator with Mobile Access adds Personal Access functionality to 

selected BlackBerry, Nokia, Motorola, Windows Mobile, and now, Apple iPhone 
devices (pictured); a Web version (Web Communicator) is also available for Internet Explorer, 
Firefox or Safari Web browsers. Support for the Google smartphone is on the roadmap.  

 
�  ShoreTel improves reliability and performance in the distributed, multi-site environments of larger 

businesses, making it possible to install instances (copies) of the system configuration database at 
remote sites. This allows the remote site to continue to function (using the database copy) even if 
the WAN connection to the main server fails; databases can be automatically replicated and 
manually resynchronized when the connection to the main system is restored. ShoreTel also added 
distributed features with the previous ShoreTel 9 software (geographic redundancy using a spare 
ShoreGear Voice Switch) and with ShoreTel 10 software (distributed workgroups, paging and 
account codes).  

 
�  ShoreTel supports two additional QSIG features, Message Waiting Indication and Call Diversion, to 

its existing QSIG support, improving the integration between ShoreTel and legacy platforms from 
other vendors. Earlier this year, the company announced its ShoreTel 360 Legacy Migration 
Program to support ShoreTel integrations with third party PBXs. The ShoreTel 360 program 
provides implementation resources and management tools that address these multi-vendor 
integrations.  

 
ShoreTel Contact Center 6.0 - What’s New? 
  

�  Concurrent with ShoreTel 11, the company announces version 6.0 of its ShoreTel Contact Center 
software, The new version is available for ShoreTel’s flagship Enterprise Contact Center 
multimedia offer and makes several significant improvements, including increased capacity for 
larger contact centers to 1,000 concurrent agents (up from 600) with 2,000 agents in total. 
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ShoreTel also adds new applications that differentiate its contact center offer and compete with 
other leading vendors that are rolling out new applications for the customer service market. The 
Agent Dashboard Web-based application (pictured with Apple 
iPad) displays real-time agent and queue statistics and 
leverages APIs for customization; a new real-time event feed 
generates group, queue and agent information. The new Web-
based Interaction Viewer application for supervisors provides 
end-to-end information on inbound voice calls, but also on Web 
chats and e-mails.  

 
�  With ShoreTel Contact Center 6.0, the company streamlines its 

call/contact center portfolio down to two in-house offers: (1) 
embedded ShoreWare Workgroup software for small, informal 
voice-only call centers and (2) ShoreWare Enterprise Contact Center, the optional application for 
inbound/outbound multi-media contact centers. (The earlier option, ShoreWare Contact Center for 
larger inbound ACD voice-only call centers, is no longer offered as of ShoreTel Contact Center 
6.0.) For larger, distributed contact centers (approximately 2,000 agents) that need more advanced 
functionality, ShoreTel partners with Syntellect to offer the Customer Interaction Management 
(CIM) product suite. www.shoretel.com  

 
Telephones and User Devices  
 
Aastra Mobile Client Adds Least Cost Routing 
 
Takeaway: Aastra  (www.aastra.com) updates the Aastra Mobile Client (AMC) feature set with support for 
Mobile Least Cost Routing, enabling mobile users to better control long distance and roaming charges. AMC 
client software extends telephony features to a mobile phone device for one number 
access (parallel ringing of office desktop extension and mobile device) and access to 
PBX features such as conferencing, forwarding and transfer. An advanced version, 
AMC+, supports seamless hand-off of calls between WiFi and cellular networks (Fixed 
Mobile Convergence). AMC also supports several standards, including XMPP (mobile 
presence and instant messaging federation), LDAP (corporate directory search) and 
STRP/TLS for security (encrypted voice). 
  
Availability/Compatibility: AMC and AMC+ software currently runs on Symbian S60 third 
and fifth editions, RIM Blackberry, Google Android and Apple iPhone devices, with no feature differences 
among the different smartphones, according to Aastra. Visit www.telecomtactics.com for more on mobile 
clients from leading vendors. 
 
Esnatech Mobile UC Client Supports Microsoft Window s Mobile Devices 
 
Takeaway: Esna Technologies Inc. or Esnatech (www.esnatech.com) announces a version of its Mobile UC 
Client software specifically for the Microsoft Windows Mobile Device which can be accessed from the 
Windows Marketplace for Mobile online store. Any device running Windows Mobile 6.x or higher (6.5 
recommended) can install the UC Mobile client software (Esna notes that the upcoming Windows Phone 7 
may require additional development). Two versions are offered: Windows Mobile Standard for smartphone 
devices (no touch-screen) and Windows Mobile Professional for full-size PDA or touch-screen phone 
devices.  
 
Availability/Compatibility: Mobile UC Client software is a free download on Windows Marketplace for Mobile. 
The client software is also available for Apple, BlackBerry and Google devices, with the majority of 
functionality the same across all the devices, except for some device specific features such as Location 
Services. The Mobile UC software communicates with Esnatech's Telephony Office-LinX (TOL) messaging 
platform and an enterprise PBX and e-mail platform via IP. Visit www.telecomtactics.com for more on mobile 
clients from leading vendors. 
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Polycom Previews Three Microsoft-optimized CX Serie s Phones 
 
Takeaway: Polycom  (www.polycom.com) reveals pricing and availability for three high definition (HD) voice 
devices optimized for the forthcoming Microsoft Communications Server 14, the next generation of Microsoft 
Office Communications Server (OCS) 2007. The new phones, to be 
generally available in fourth quarter 2010, represent the first 
Microsoft-optimized desktop phones that support Polycom HD Voice 
technology and the first (and only) announced IP conference phone 
compatible with Microsoft CS 14. The basic Polycom CX500 IP phone 
($199) is suitable for public areas and the mid-range CX600 IP 
desktop phone ($299) with a handset, a full duplex speakerphone and 
a headset port, provides full access to the presence-enabled features 
of Microsoft CS 14.  The new Polycom CX3000 IP Conference Phone 
($849) has 12-foot microphone pickup range and a large color display 
for access to call, directory and presence information.  
 
Availability/Compatibility: The new Polycom CX phones will become available in fourth quarter 2010 for 
Microsoft’s Communications Server 14. Polycom also has integrations with Microsoft Exchange Server, 
Microsoft Outlook and Microsoft SharePoint Server, so the broad range of Polycom voice and video 
solutions is available for many Microsoft environments. Visit www.telecomtactics.com for more on Polycom 
IP desktop phones and other IP/SIP phones on the market. 
 
snom SIP Phones Certified for Zultys IP PBX Systems  
 
Takeaway: snom  (www.snom.com) and Zultys  (www.zultys.com) have completed interoperability testing of 
the snom 300 and 800 Series desktop phones and snom m3 wireless DECT phone with the Zultys MX250 
and MX30 IP PBX systems. The latest snom 800 Series feature large 
high definition color displays and touch-screen interfaces, Gigabit 
connectivity and two USB ports (one port for an integrated wideband 
audio and Wi-Fi power option and the other for future applications). The 
snom 800 Series phones also support the Vision expansion module with 
4.3-inch color, touch-screen and 16 programmable keys per unit for 
speed dial, busy line, presence, mini-browser or other functions (up to 
three modules per phone). 
 
Availability/Compatibility: snom phones are available now for the Zultys 
MX-30 and MX-250 IP PBX (R5.2 recommended). snom VoIP telephones 
utilize SIP which allows interoperability with other manufacturer's SIP-based solutions. The list of certified 
snom partners continues to grow and includes Asterisk/Digium, Epygi, Pingtel, Cisco, Nortel, Trixbox, 
Broadsoft, Pandora Networks, Sylantro, SIPGear and CudaTel, to name only a few. snom also recently 
announced certification of its IP desktop phones with VoipNow, a cloud-based unified communications 
solution from 4PSA.Visit www.telecomtactics for more detail on the snom portfolio and other SIP/IP 
telephones on the market. 
 
Yealink SIP Phones Interoperate With Digium Asteris k 
 
Takeaway: Digium , Inc. (www.digium.com) and Yealink  Network Technology CO., Ltd. (www.yealink.com) 
announce the interoperability of Digium Asterisk and Yealink’s SIP-T2x series of IP Phones with high 
definition (HD) features, including HD Voice, HD Codec, HD speaker and HD 
handset.  Four Yealink models address varying user needs: the high-end SIP-
T28P, the mid-range SIP-T26P and SIP-T22P and the entry-level SIP-T20P. 
Yealink phones are equipped with the TITAN chipset and TI Voice Engine and 
support a range of voice codecs and security protection. Yealink also unveils 
the new EXP39 expansion module for the SIP-T26P and SIP-T28P IP phones 
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with 160x320 graphic LCD and 20 keys with dual-color LEDs and 20 more keys with page switch for up to 
240 programmable keys using daisy chain (up to six modules). 
 
Availability/Compatibility: Yealink enterprise HD IP phones have completed compliance testing and are 
available now for interoperability with Digium Asterisk (Yealink phones are not tested or certified for Digium’s 
Switchvox IP PBX, though technically, as Switchvox is based on SIP, any standard SIP phone is 
compatible.) Visit www.telecomtactics.com for more on SIP telephones from leading vendors. 
 
What’s New in TelecomTactics? 
 
Siemens OpenScape Office MX (formerly HiPath OpenOf fice ME) Adds Contact Center 
 
Takeaway: Siemens updates the HiPath OpenOffice ME and has renamed it as OpenScape Office MX. The 
hardware platform remains the same, while Version 2.0 (V2) software touts 50 enhancements, including an 
inbound multimedia contact center capability, tighter integration with Microsoft and new remote service 
capabilities that benefit Siemens channel partners. The system, which addresses communications 
deficiencies in smaller businesses, is designed as a complete package, incorporating a suite of pre-loaded 
basic and advanced applications that eliminates the need for separate software or hardware typical with 
traditional telephone systems. Read more below and visit www.telecomtactics.com to learn more about 
Siemens OpenScape platforms.  
 
Siemens  Enterprise Communications updates and renames its HiPath OpenOffice ME (Medium Edition), 
now known as OpenScape Office MX, an all-in-one appliance for small and medium businesses (SMBs) that 
promises to improve communication and collaboration among colleagues and customers. Targeting 
businesses with 20-150 workers, Siemens designed this complete 
system to address communication deficiencies in smaller 
businesses. The system comes pre-configured with built-in 
voice and conferencing services, voicemail, messaging 
(Microsoft Outlook™ integration), mobility (built-in controller for integrated Wireless LAN Solution 802.11 
b/g) and presence. The pre-loaded software is activated using license keys so customers unlock only the 
software capacities they need to optimize their business. 
 
This native IP communication appliance is Linux-based and supports standard interfaces such as SIP, 
CSTA and XML, but also has slots for TDM Gateway Modules that connect traditional analog and digital 
trunks. OpenScape Office MX can be configured with one, two or three rack-mountable 19-inch units 
(connected via cable) for 50, 100 or 150 user configurations, all managed as a single system using a Web-
based browser.  
 
The V2 software touts over 50 enhancements, including an inbound multimedia (voice, fax and e-mail) 
contact center for 10 agents on a single unit system or up to 64 agents and 50 
groups on a fully configured system. Features include intelligent routing (skills-
based routing with 100 skill levels, or group-based routing), multiple groups per 
agent, preferred agent, VIP support, wrap-up, queues, callback and position 
announcements. The myAgent client has agent, supervisor and administrator 
levels; users can view predefined reports on calls, queues, agents and service 
levels. 
 
The V2 software also simplifies the user interface with screen pops, scheduled callbacks and hot keys and 
expands the Microsoft integration, adding support for Microsoft Exchange 2007, Exchange calendar 
synchronization and integration of myPortal into Microsoft Outlook. Siemens has also added support for the 
OpenStage 15 entry-level IP phone and addresses installation and service with remote service capabilities. 
www.siemens-enterprise.com 
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