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Systems  
 
Aastra Launches MX-ONE Compact in North America 
 
Takeaway: Aastra fills a gap in its North American telephony system portfolio with the MX-ONE Compact, a 
new bundled offer for SMBs looking for a scalable solution with integrated mobile options and productivity 
applications. The MX-ONE Compact bundle was first introduced in Europe in December 2009, and is now 
available in North America.  MX-ONE Compact is based on the established MX-ONE call control software 
(formerly from Ericsson and acquired by Aastra in 2008), but is more focused on IP and mobility users and 
packaged specifically for the SMB market as an all-in-one solution with easy deployment, integrated 
applications and Web-based management. A number of more advanced mobility features differentiates MX-
ONE Compact from some of its competitors in the SMB space. Aastra’s North American portfolio now 
addresses small to large businesses with four system offers – AastraLink 160, MX-ONE Compact, MX-ONE 
Telephony Server and Clearspan. Read more about the North American MX-ONE Compact below and visit 
www.telecomtactics.com for more on the Aastra product line and other IP PBXs on the market. 
 
The North American division of Aastra  introduces the MX-ONE Compact, a bundled offer for small and mid-
size businesses (SMBs) looking for a stable, comprehensive telephony platform with built-in unified 
communications (UC) functionality. MX-ONE Compact is based on the established MX-ONE call control 
software (formerly from Ericsson and acquired by Aastra in 2008), but is more focused on IP and mobility 
users and packaged specifically for the SMB market as an all-in-one solution with easy deployment, 
integrated applications and Web-based management. The MX-ONE 
Compact bundle is tailored for SMBs with 50-1,000 IP users 
(scaling to 1,000 users without additional hardware) and has 
specific applications included to help smaller businesses cut costs, 
enhance employee productivity and improve customer service.  
 
The North American offering is based on new hardware recently introduced with MX-ONE Version 4. The 
new hardware will be available worldwide and can also be used with the MX-ONE Compact bundle in 
Europe. MX-ONE Compact is a self-contained 3U chassis (MX-ONE Lite) which houses the telephony 



server (ESU), the media gateway (MGU) and a tone sender/receiver/conference unit (TMU); a slot-based 
architecture can house circuit cards compatible with the larger MX-ONE platform. An Application Server 
supports some of the bundled applications with room for additional applications as needed. (The initial 
European hardware was also a self-contained unit, but without pluggable circuit boards.) 
 
In North America, the base offer comes pre-bundled with several applications: the MX-ONE Manager (Web-
based management), MX-ONE Messaging (voice), Auto Attendant, five (5) licenses for voice-mail-to-email 
integration and five (5) licenses for the Aastra Mobile Client (see below). Additional solutions can be easily 
added, including full unified messaging, Solidus eCare contact center, Interactive Voice Response (IVR), 
Conversation Record, Contact Management Suite (CMG) PC-based applications, Aastra Business Operator, 
In-Touch softphone and more. (In Europe, the base offer includes MX-ONE Manager, MX-ONE Messaging 
(voice), Aastra NOW Business Operator and three years of Software Assurance.)  
 
A number of more advanced mobility features differentiates MX-ONE Compact from some of its 
competitors in the SMB space. For mobile users, MX-ONE telephony features can be extended 
to a mobile phone device running the Aastra Mobile Client (AMC). MX-ONE Compact includes 
five AMC licenses in the base bundle. AMC enables one number access (parallel ringing of 
office desktop extension and mobile device) and access to PBX features such as conferencing, 
forwarding and transfer. In addition, AMC running on a mobile device can be part of a Fixed 
Mobile Convergence (FMC) solution with hand-off of calls between a cellular network and the 
landline device. The Aastra Mobile Client application can run on several Nokia mobile phones, 
some Samsung devices (Symbian S60 third edition) and all RIM Blackberry models. Aastra plans to 
introduce Aastra Mobile Client for Symbian fifth edition (touch screen phones), Android, iPhone and 
Windows Mobile devices. Aastra SIP DECT and WiFi solutions are also available as alternative mobile 
solutions.  
 
With the addition of MX-ONE Compact, Aastra’s North American portfolio now addresses small to large 
businesses (5-500,000 users) with four systems – AastraLink 160, MX-ONE Compact, MX-ONE Telephony 
Server and Clearspan. Outside of North America, the company offers two software-based PBXs, Aastra 800 
for SMBs and Aastra 5000 for larger enterprises, but also a number of more traditional platforms as it 
continues to evolve its portfolio after a series of mergers beginning in 2000, including Ascom’s PBX System 
Division, the EADS Telecom PBX system division (and the US-based Intecom), DeTeWe Business and 
Ericsson Enterprise Communications Business. www.aastra.com 
 
Avaya Outlines Product Roadmap for Nortel Portfolio  – Protect, Extend and Grow 
 
With the Avaya-Nortel merger now complete, Avaya  is looking ahead and has outlined its plans for the 
integrated Avaya-Nortel product portfolio. As expected, Avaya is stressing its support for Nortel hardware 
and software in the coming years and its commitment to Nortel partners and customers. Avaya has also 
given some specifics about the future of the combined portfolio which it breaks down into four main 
segments: Unified Communications, Contact Centers, Small and Mid-size Enterprises and Data 
Infrastructure. 
 
Unlike some past mergers in the telecom industry, Avaya has been quick to make a roadmap 
announcement and fairly specific in defining timelines for product integration and migration. This is a positive 
step for existing partners and customers who can now be assured that many (or most) of their investments 
will be protected going forward. In general, current Nortel products will remain for sale through 2010, and 
beyond that, Avaya has outlined some general dates for product integrations, end-of-sale or end-of-support 
for the Nortel solutions. Avaya promises that all products will be supported for at least six years after any 
end-of-sale announcement is made.  
 
Overall, the strategy, as one would expect, is to protect customer investments, while extending and growing 
functionality going forward. In the long term, all of the SIP-compatible telephony systems will be able to 
connect to Avaya Aura, the unified architecture for enterprise communications which Avaya launched last 
spring. With Aura, SIP technology and SIP-based session management are used to simplify and centralize 
complex, multi-vendor environments (new and legacy, IP and TDM) and multi-location business networks. 
This reduces infrastructure costs, but also makes it possible to extend SIP-compatible functions and 
applications to employees, regardless of location, system or user device. Thus, all telephony systems from 
Nortel and Avaya that support SIP will eventually “plug into” Aura, and all users will be able to take 
advantage of the same SIP applications in the future. www.avaya.com 
 
The table below outlines the roadmap for former Nortel SME and Enterprise telephony platforms.  



 
Norstar  Nortel Norstar systems will remain for sale into 2011; meanwhile, 

Avaya will integrate Norstar features, phones and applications 
into the Avaya IP Office to protect Norstar investments. Avaya 
promises hardware and software support until 2017. IP Office 
500 will be the forward-looking IP/hybrid platform for SMEs. 

Business Communications Manager 
(BCM) 

Nortel BCM systems will remain for sale into 2011; meanwhile, 
Avaya will integrate BCM features, phones and applications into 
the Avaya IP Office to protect BCM investments. Avaya will also 
develop tools to migrate BCM configurations into IP Office. 
Avaya promises hardware and software support until 2017. IP 
Office 500 will be the forward-looking IP/hybrid platform for 
SMEs. 
(A possible new Release 6.0 for BCM is being assessed for 
second quarter 2010; a decision on this is forthcoming.)  

Software Communication System 
(SCS) 

Nortel’s SCS will remain a viable offer as an open source SIP-
based solution which comes preloaded on an industry standard 
server. SCS is more IT-centric, and thus, has a different target 
market than that of the IP Office IP/hybrid platform. 

Communication Server (CS) 1000  Nortel CS 1000, an IP PBX for larger enterprises, has a planned 
upgrade (Release 7.0) scheduled for the second half of 2010. 
Beyond that, additional CS 1000 upgrades are expected, and 
SIP support will also allow CS 1000 to connect to Avaya Aura for 
additional functionality and shared SIP applications; Nortel 1100 
and 1200 SIP phones will also connect to Avaya Aura.  

Communication Server (CS) 2100 Nortel CS 2100, a large-scale IP soft switch that targets large 
enterprises and the US Federal government, has planned 
upgrades over the next 12-18 months. Beyond that, SIP support 
(available as of Version SE 13) will allow the product to evolve 
and grow into Avaya Aura, along with Avaya’s AS 5300 
technology aimed at government organizations. 

 
Cisco Announces SBCS 2.0, New Model UC 560 
 
Takeaway: Cisco highlighted the anniversary of its $100 Million Small Business Investment by launching 
another round of networking, security and collaboration solutions, now numbering 600 products specifically 
built and priced for the small business, according to Cisco. Among these is the latest release of Cisco Smart 
Business Communications System (SBCS), a complete networking and communications solution which 
includes the introduction of a new rack-mount model in the Unified Communications 500 Series (the UC 
560) for 16-104 users. The UC 560 is the second UC 500 model branded within the Cisco Small Business 
Pro Series (the desktop UC 540 was announced with SBCS 1.6 in September 2009), as the UC 500 
transitions into this Series, along with the Cisco Small Business Pro Service offer for software updates, 
hardware replacement and support. Read more about SBCS 2.0 below and visit  
www.telecomtactics.com for more on small business telephony systems. 
 
Recently, Cisco  introduced a number of new products and services for small business, including Release 
2.0 of the Cisco Smart Business Communications System (SBCS), 
an all-in-one device that provides telephony, messaging and 
mobility within a single, compact and easily-administered device. 
At the heart of Cisco’s SBCS is the Cisco Unified Communications 
500 (UC 500) Series for Small Business which combines call 
processing software (Cisco Unified Communications Manager 
Express) and messaging (Cisco Unity Express) and support for Cisco Unified IP Phones. UC 500 comes 
preloaded with all software and licenses. Customers can choose from several configurations (UC 520 or UC 
540 or UC 560 devices), ranging from eight to 104 users (the newest UC 560 is pictured). 
 
SBCS 2.0, and the associated Cisco Configuration Assistant (now CCA 2.2) Graphical User Interface for 
system configuration and management, enhances the previous version with support for a new Cisco Unified 
Communications Model, UC 560, a rack-mount model that supports 16-104 users, three Gigabit Ethernet 
switch uplink ports, Gigabit Ethernet WAN, more memory for voicemail and applications, more VPN 
sessions (up to 20), more T1/E1 support (up to two) and more voicemail server sessions (up to 12).  Also, 



like the desktop UC 540 platform (8-32 users), additional users are licensed in 8-user increments, rather 
than the earlier tiered licenses.  
 
SBCS 2.0 and CCA 2.2 also add support for the new Cisco AP 541N Dual Band 802.11 Clustering Access 
Point, two new Cisco Small Business Pro ESW 500 Series 8-port PoE switches, the SPA 500S Expansion 
Modules (32-button expansion modules for the SPA 525G (pictured) and 
SPA 500 Series phones), support for video streaming (Cisco MonitorView) 
on the SPA 525G, the Cisco Smart CallConnector Windows-based operator 
console, new firmware for Cisco SA 500 Series Security Appliances, 
additional SIP providers (Skype, Portugal Telecom and Worldexchange in 
New Zealand) and a GSM gateway from third party partner QuesCom (for 
the European market).  
  
SBCS partners and customers can take advantage of a new Cisco Small 
Business Pro Rapid Replacement Service which includes 4-hour advance hardware replacement (where 
available) or same day shipping, three years of support, online chat support, software updates and more. 
Pricing for Cisco SBCS varies by region, number of users and configuration (available worldwide), but can 
be as low as US$164 per user. https://www.myciscocommunity.com/community/smallbizsupport and 
www.cisco.com 
 
Digium Switchvox SMB 4.5 Adds Phone Feature Packs 
 
Takeaway: Digium continues to add value for customers of its Switchvox SMB IP PBX, announcing new 
applications and features for users and administrators. Switchvox SMB 4.5 adds new Phone Feature Packs 
that enable Web functionality on Polycom and snom SIP phones (e.g. visual voicemail, custom phonebooks, 
searchable directories and click-to-dial functionality). Switchvox SMB 4.5 also enhances the Switchboard 
Web-based call control panel with caller profile information (including a photo) and the ability to return a call 
via e-mail or chat. Additional languages are available, as well as SNMP support for real-time system status 
and health information. In 2007, Digium acquired IP PBX provider Switchvox to expand the company’s 
market position as a telecom equipment provider. Switchvox is a turnkey PBX solution based on Digium’s 
Asterisk open source software, but with server hardware and pre-installed Switchvox software. Switchvox 
SMB complements Digium’s commercial business that sells and licenses Asterisk open source PBX 
software. Read more about Switchvox SMB 4.5 below and visit www.telecomtactics.com for more on open 
source PBX solutions. 
 
Digium , Inc. announces new features and functionality for Switchvox SMB, an IP PBX designed for small- to 
mid-sized businesses (SMBs). Switchvox has tailored Digium’s Asterisk telecommunications open source 
software to develop a PBX solution specifically for SMBs, offering a turnkey solution with server hardware 
and pre-installed Switchvox software. The new Release 4.5 is the third enhanced version since Digium 
acquired Switchvox in 2007. R4.5 adds new applications and features for users and administrators, but 
without the high cost since R4.5 is available free of charge to current 
Switchvox SMB customers with a software subscription.   
 
Switchvox SMB 4.5 adds Phone Feature Packs which enable users to 
access some applications via a telephone that usually require a Web 
interface, including visual voicemail, custom phonebooks, searchable 
directories and click-to-dial functionality. Users can also view and click-
on parked calls and enable custom ringtones and call recording. Some 
very specific options, per customer and channel partner feedback, include new options to enable/disable 
missed call notifications on the handset and a security option to restrict calls that did not come from 
Switchvox. 
 
R4.5 also enhances the Switchboard Web-based call control panel 
with a new Switchboard panel that displays caller profile information, 
including the photo, title, location and e-mail address of other internal 
users.  The caller profile shows in a user's Switchboard interface 
during an internal call, and if they have a Phone Feature Pack, it will 
also be displayed on the handset.  
 
Phone Feature Packs ($30 per phone) are available for Polycom or snom SIP telephones connected to the 
Switchvox SMB system. Administrators can also assign up to two extensions per phone, and for 
survivability, extensions can be registered to two Switchvox SMB servers. In general, Switchvox 



recommends the Polycom SoundPoint line of IP phones and snom SIP phones which support auto 
provisioning (auto-detection and configuration); however, any SIP compatible phone can actually be used 
with the Switchvox system. 
 
Also, for international businesses, Switchvox 4.5 adds customizable language settings with several 
languages available for the system manual and online help documents (English, UK English, Italian, 
Castilian Spanish and Latin American Spanish). System audio prompts support these same languages, plus 
Australian English, French and French Canadian. (Previously, only English was supported.) For 
administrators, Simple Network Management Protocol (SNMP) allows the collection of real-time data on the 
status and heath of the system. 
 
Switchvox SMB comes in three appliance models. Switchvox 65 Appliance (AA65), a desktop, wall-mount or 
rack-mount form factor with an optional cold spare for failover, 
supports 1-30 users and up to 12 concurrent calls.  The Switchvox 
305 Appliance (AA305), with desktop or rack-mount form factor and 
optional cold spare failover, supports 1-150 users and up to 45 
concurrent calls. A more powerful redundant rack-mount server, the 
Switchvox 355 Appliance (AA355), has a RAID controller with 
mirrored drives, redundant power supplies and optional cold spare 
failover; AA355 supports 1-400 users and up to 75 concurrent calls.  
 
Switchvox SMB 4.5 is available now at no charge to current customers with a software subscription (support 
and software updates). Pricing for a new system begins at U.S. $3,390 for a 10-user system (hardware, 
software, one-year subscription, warranty).   www.digium.com 
 
IBM Showcases Lotus Foundations Office in a Box, Pa rtners with Mitel, NEC, ShoreTel 
 
Takeaway: IBM reaches out to small and mid-sized businesses (SMBs) with a new all-in-one appliance that 
combines UC and collaboration functionality (IBM Sametime UC2) and telephony in a single box. The new 
Lotus Foundations Reach addresses real-time communication, but is also designed to be affordable and 
easy to install and administer - important considerations for smaller businesses on a budget and that do not 
have IT expertise. Several communications vendors have announced partnerships with IBM to develop 
solutions based on the open standards-based IBM Lotus Foundation, including Mitel, NEC and ShoreTel 
that will integrate their telephony solutions (i.e. Mitel Communications Director (MCD) software, NEC 
UNIVERGE Sphericall software and ShoreTel Director software) with the IBM appliance to create a 
combined offer due out in 2010. IBM joins many leading communications vendors of late that are rolling out 
complete, pre-configured telephony systems in-a-box for SMBs, but IBM also aims to challenge Microsoft by 
growing the number of Lotus Foundations partners and the associated opportunities that these partnerships 
will provide. Read more about IBM Lotus Foundations below, and for more on the latest SMB IP PBX 
solutions, visit www.telecomtactics.com. 
 
At the recent IBM Lotusphere conference in Orlando, Florida, IBM showcased its Lotus Foundations all-in-
one appliance for smaller businesses that is designed to include key business applications and telephony in 
a single box. The solution includes IBM’s Sametime technology, specifically its unified communications and 
collaboration software known as IBM Sametime UC2, which enables instant 
messaging, presence status information (who is online and available) and access 
to e-mail, calendars and contacts.  In addition to the benefits of real-time 
communication, the new solution is designed to be affordable and easy to deploy 
and maintain. In short, Lotus Foundations Reach offers a convenient cost-effective 
platform, suitable for SMBs with 5-500 employees, complete with UC features and 
office productivity tools, but also network security, remote access, file and print 
sharing, backup and disaster recovery. 
 
In terms of hardware, the IBM Lotus Foundations Appliance server (pictured) is designed to minimize 
technical complexity with plug-and-play installation and configuration and a number of self-healing and self-
managing capabilities. Among these are Disk-On-Module (DOM) based flash memory for reliability and 
removable disk-based backup drives for data protection, real-time disaster recoverability, integrated Firewall, 
anti-virus and anti-spam features, secure remote access and automated system updates.  
 
The Lotus Foundations platform combines IBM’s Lotus Foundations ‘Reach’ as an add-on component to 
IBM’s Lotus Foundations ‘Start’ which is the infrastructure and collaboration solution. ‘Reach’ adds secured 



instant messaging, VoIP and video chat capabilities. Both Start and Reach are required in order to deliver 
the unified communications and collaboration capabilities via the all-in-one small business server.   
 
Several communications vendors are partnering with IBM to develop solutions based on the open 
standards-based IBM Lotus Foundation, including several telephony system manufacturers that are 
integrating their call manager software with IBM Lotus Foundations to combine telephony with the UC2 
functionality for a complete business solution. Mitel, NEC and ShoreTel will begin shipping an SMB platform 
based on the IBM Lotus Foundations solution in 2010.  
 
Mitel  is the newest telephony partner to integrate with Lotus Foundations, and will combine its Mitel 
Communications Director (MCD) call control software (the company’s flagship enterprise-level call control 
software) with the IBM Lotus Foundations platform, creating a new UC solution designed for SMBs. The new 
solution will enable forward-looking functionality for smaller businesses. For example, employee phone 
extensions can be automatically set up, assigned and linked to the employee’s email, and incoming and 
outgoing calls can be routed based on an employee's instant messaging status. Mitel plans to announce 
further details and the expected date of availability soon. www.mitel.com 
 
With NEC’s  UNIVERGE Sphericall for Lotus Foundations, NEC’s UNIVERGE Sphericall communications 
software is installed and operated on the IBM Lotus Foundations platform. NEC explains that users will be 
able to initiate calls or collaboration sessions from IBM Sametime Connect or Lotus Notes, view directories 
and utilize conference bridges directly from their desk phones.  And, advanced features, including personal 
call routing, call recording and more, will be available to IBM Foundations customers through the Sphericall 
Desktop software client. The combined solution is expected in April 2010 and will target small and medium-
sized organizations, including small single sites to multi-site businesses with hundreds of 
employees.  www.necam.com 
 
ShoreTel  will integrate the IBM Lotus Foundations software appliance with the ShoreTel Director 
Management platform to offer a single office-in-a-box called ShoreTel for Lotus Foundations. ShoreTel is 
combining its own voice-based UC features (telephony presence, click to call, unified messaging) and its 
management console with the UC and collaboration capabilities of IBM Lotus Foundations Reach. The 
ShoreTel Director software running on the Lotus Foundations appliance will be available for purchase by 
summer 2010 from both ShoreTel and IBM channel partners. www.shoretel.com 
 
Lotus Foundations Start and Lotus Foundations Reach are available worldwide (21 different languages). 
Lotus Foundations Reach became available in August 2009; however, as noted above, the Mitel, ShoreTel 
and NEC integrations are forthcoming in 2010. http://www-01.ibm.com/software/lotus/foundations/ 
 
LG-Nortel Introduces iPECS-MG Voice Platform for SM Bs 
 
Takeaway: LG-Nortel, a longtime SMB telephony solution supplier, introduces iPECS-MG, an IP-enabled 
telephony platform for SMBs that supports both legacy voice and IP-based telephony, but also enables 
simplified installation, Web-based management and some advanced functionality (LG-Nortel’s Unified 
Communications Solution). The iPECS-MG is a forward-looking alternative to the company’s earlier ipLDK 
system as a ‘future-ready’ platform with enhanced performance and features and a standards-based 
architecture that supports a Linux operating system, the SIP protocol and IEEE and ITU standards. Green IT 
initiatives means energy and footprint reductions, and power consumption can be minimized during off-peak 
times. LG-Nortel also recently introduced the iPECS Ethernet Switch Series, four new Fast Ethernet and 
Gigabit Ethernet switches for varying size offices and with varying performance capabilities; Green Ethernet 
technology ensures low power (15.4 watts PoE or 30 watts PoE+ in a single switch). Though LG-Nortel 
became associated with Nortel in 2005, LG-Nortel remains a separate company and did not transfer to 
Avaya in the recent Avaya-Nortel merger. Read more about iPECS-MG below and visit 
www.telecomtactics.com for more on the IP PBX market. 
 
LG-Nortel  introduces iPECS-MG, an IP-enabled telephony platform for small and mid-size businesses 
(SMBs). iPECS-MG will replace the company’s earlier ipLDK system as a ‘future-ready’ platform with 
enhanced performance and features and a standards-based architecture that 
supports a Linux operating system, the SIP protocol and IEEE and ITU standards, 
including the security standards IPSec, sRTP and TLS and DiffServ and 802.1p/Q 
standards for Quality of Service.  
 
Two controllers are available. The iPECS-MG100 (MG-MPB100 controller) supports 
up to 120 extensions, while the iPECS-MG300 (MG-MPB300 controller) supports up 



to 324 extensions. Both basic controllers (main processor boards) support 12 hybrid ports and four IP lines, 
but can be expanded with one (MG-MPB100) or two cabinets (MG-MPB300) for additional capacity. 
Systems can also be networked with other LG-Nortel platforms, including the IP-enabled ipLDK and the 
iPECS-LIK pure IP platform, for expansion to 1,200 channels. 
 
iPECS-MG customers can take advantage of LG-Nortel’s Unified 
Communications Solution (UCS) that combines instant messaging, 
audio conferencing (32-party), video conferencing (6-party), 
application sharing, multi-party call recording, presence information, 
directories, individual call routing and other services on a single 
server. UCS also synchronizes personal information management 
(PIM) applications and databases such as Microsoft Outlook, ACT!, 
Goldmine and Excel.  
 
The system supports a variety of analog, digital and IP wired and 
wireless devices for users, as well as PDA and PC-based soft clients. 
LG-Nortel offers a line of IP telephones, the LIP-8000 Series, and the LDP07000 Series Digital telephones 
with associated DSS consoles. Mobile employees can utilize IP DECT and WiFi handsets, as well as a 
convenient mobile extension feature that rings the office extension and mobile device at the same time. 
www.lgnortel.com  
 
Samsung Adds OfficeServ 7030 and 7200-S Systems for  Small Business 
 
Takeaway:  Samsung targets smaller businesses in the U.S., introducing two new cost-effective platforms to 
its OfficeServ 7000 Series. OfficeServ 7030 targets businesses with 3-8 employees (maximum 20 users), 
while OfficeServ 7200-S, a single cabinet system for up to 64 users, fills a price gap between the earlier 
OfficeServ 7100 and 7200. Both systems support the functionality of the larger OfficeServ members, but 
with cost efficiencies for a small business with lower capacity needs since excess capacity need not be 
purchased. Popular features include Samsung’s OfficeServ Connect (simultaneous ringing to five devices), 
Mobile Extension (MOBEX), WiFi and Hot Desking for mobile workers, SPNet Networking (99 sites), SIP 
trunking and a range of Samsung CTI applications. Read more below and visit www.telecomtactics.com for 
more on Samsung OfficeServ and other SMB platforms on the market. 
 
Samsung  Business Communication Systems points to recent census information that highlights the vast 
number of smaller businesses in the United States. Roughly 6.5 million U.S. businesses have fewer than 20 
employees, while an additional 850,000 businesses have 20 to 99 employees. To meet the needs of this key 
target market in the U.S., Samsung has expanded its OfficeServ 7000 Series to include two new platforms 
designed and priced specifically for smaller businesses, the OfficeServ 7030 (to 20 stations) and OfficeServ 
7200-S (to 64 stations).  Cost efficiencies are possible due to the single cabinet design and the integration of 
some functionality onto the main processor, leaving more slots available for station and trunk interfaces. The 
Samsung OfficeServ 7030 was previously introduced in other regions (for example, in the UK in 2008).  
 
OfficeServ 7030 serves the low-end of the market, targeting businesses with 3-8 employees, but with 
scalability to 20 employees (stations) using wired and wireless handsets. This compact, single KSU (wall or 
table mount) supports a total of 30 ports with the following maximum capacities (maximum quantities are 
limited to available slots and maximum port capacity is 30 ports): 
eight digital phones, 18 IP telephones (wired or wireless), 10 
analog phones, eight SIP trunk ports, and two analog ports are 
built-in. Stations are added in 2- or 4-port increments, allowing the 
system to grow only as needed. 
 
OfficeServ 7030 is equipped with an embedded version of the 
Samsung Voicemail Application (Linux) which utilizes the NAND 
memory for storage and eliminates the need for a dedicated 
daughterboard or Storage Media for voice mail/auto attendant 
functions. The Voicemail Application has two auto attendant ports 
(free) for popular call routing and processing features such as menu tree routing, fax detection and routing, 
schedule-oriented call processing and Caller ID/DID based routing. Also, two ports of voice mail can be 
optionally licensed to enable 256 mailboxes and 14 storage hours, plus popular voicemail features, including 
find me/follow me, message notification to pager, cell phone or email, multiple personal greetings, as well as 
some unified messaging functionality with the Samsung E-Mail Gateway (five seats included, when 



optioned) that sends voice (.wav) or fax (.tiff) mail messages to an e-mail inbox and notifies users of voice or 
fax mail by sending them an e-mail message.  
  
Samsung has also developed the 6-slot single cabinet OfficeServ 7200-S to fill the “price gap” between its 
earlier OfficeServ 7100 (which scales to 32 stations) and the full OfficeServ 7200, a one or two-cabinet 
system that scales to 120 stations. With a target of about 16–35 stations, 
OfficeServ 7200-S can expand to 64 stations (TDM, IP or wireless). 
Samsung explains that cost efficiencies are accomplished since voicemail 
(six ports, 256 mailboxes) and media gateway functionality is integrated 
into the 7200-S Main Processor which frees up two slots that the standard 
7200 uses for these services. In all, the 7200-S has five universal card 
slots to support stations and trunks. The single cabinet 7200-S can 
become a standard 7200 with a main processor replacement.   
 
All Samsung OfficServ systems, including the new compact 7030 and 
single cabinet 7200-S, support the same telephones, soft phones and 
wireless devices, as well as some advanced capabilities for smaller 
businesses, including recently added built-in mobility features for today’s 
growing mobile workforce: OfficeServ Connect for simultaneous ringing (to five (5) other numbers), Mobile 
Extension (MOBEX) for assigning an extension to a cell phone, home phone or other phone number outside 
the OfficeServ System and Hot Desking. OfficeServ systems also support SIP trunking and SIP networking 
of up to 99 sites, a number of CTI applications, OfficeServ IP-UMS unified messaging and Samsung's 
OfficeServ Wireless system for WiFi. www.samsungbcs.com 
 
ShoreTel 10 Addresses Larger, Multi-Site Enterprise s  
 
Takeaway:  ShoreTel highlights a strong financial position and positive progress despite a challenging year 
in the communications industry, reporting record revenue of $35.5 million in fourth quarter 2009, growth in its 
staff and sales team, channel development, an increasing global presence (seven new countries), 
international revenue now at 9% of total revenue and investments in branding and advertising (Brilliantly 
Simple). Also, with a significant investment in research and engineering, ShoreTel has accelerated its 
product roadmap and plans a number of innovations and new collaborative solutions in 2010. Most recently, 
ShoreTel rolled out ShoreTel 10 with some new functionality, including more distributed features that benefit 
larger, multi-site businesses – a key focus for ShoreTel as the company highlights the scalability of its IP 
PBX and advantages of its simple and distributed architecture for any size business. Read more below 
about ShoreTel 10 and the new ShoreTel 360 Legacy Migration program below and visit 
www.telecomtactics.com for more on IP PBX systems on the market. 
 
ShoreTel , Inc. announces ShoreTel 10, a new version of software for its ShoreTel IP PBX that scales to 
10,000 ports (users and/or trunks) by connecting up to 500 voice switches over an IP network. This 
distributed architecture allows all users, regardless of physical location, to be connected and managed as a 
single IP network with feature transparency between all locations. The new ShoreTel 10 (now shipping for all 
new customers) adds new functionality for distributed, multi-location businesses, new employee productivity 
features and a native SIP integration with Microsoft Exchange 2007. 
 
ShoreTel continues to add functionality for larger, distributed 
businesses with support for distributed workgroups, paging and 
account codes which were previously centralized, but now are 
distributed to the individual switches. For example, with instances of 
the workgroup server or group paging server installed at remote 
sites, workgroup and paging functions can continue to function even 
if the connection to the headquarters server fails. This distributed 
functionality also helps with load balancing across the network. The 
earlier Release 9 software also addressed larger, distributed 
enterprises, with geographic redundancy using a spare ShoreGear 
Voice Switch.  
 
A new productivity feature called "IM Response to Inbound Calls" 
allows callers to receive an immediate response (requires Professional Call Manager). With a new pop-up 
window in Call Manager, which is based on Caller ID, the user views the pop-up window and then chooses 
to answer the call, send it to voicemail or respond with an Instant Message (IM). For call center 



environments, ShoreTel 10 adds instant messaging support in the Workgroup Agent Monitor window; 
this allows the supervisor to monitor the agent's IM presence and chat via IM with agents.  
  
As an option, the system can be integrated with Microsoft Exchange Server 2007 for Exchange Unified 
Messaging which supports a speech-enabled auto attendant integrated with e-mail, calendar and contacts, 
as well as Outlook text-to-speech. A direct SIP integration is possible with ShoreTel 10 or higher (a license 
is required to enable this integration). Previously, the system used AudioCodes' SIP-compliant MediaPack 
gateways for this integration. Additional ShoreTel 10 enhancements include Windows 2008 server support, 
T.38 fax support, XenApp 5.0 support for Call Manager (for thin-client deployments) and additional mobile 
devices (Nokia N78, Nokia N82 and the HTC P6500 Windows Mobile device). 
 
Concurrently with the ShoreTel 10 upgrade, the company announced its ShoreTel 360 Legacy Migration 
Program, a new initiative to support ShoreTel integrations with third party PBXs. ShoreTel reports an 
increasing adoption of ShoreTel integrations via tie lines for coordinated dial plans, or as voicemail 
replacements (a legacy PBX uses ShoreTel messaging), or in multi-site deployments where some locations 
deploy a ShoreTel IP PBX, while other locations use a legacy system. ShoreTel points to several successful 
integrations in which ShoreTel and legacy platforms co-exist in a multi-vendor environment and highlights 
the benefits to existing Nortel customers who would like to consider an alternative to Avaya (Avaya recently 
acquired the Nortel Enterprise Solutions business). The ShoreTel 360 program will provide additional 
implementation resources and management tools to further support these integrations. 
 
ShoreTel 10 is a free upgrade for current customers on a ShoreTel support contract.  www.shoretel.com 
 
Productivity Applications   
 
Cisco Adds Smart CallConnector Operator for Small B usiness 
 
Highlights: Cisco  introduces Smart CallConnector Operator, a new member of the Cisco 
Unified CallConnector family designed specifically as a small business attendant position. The Windows-
based operator console (screen shot pictured) works with Cisco’s Smart Business Communications System 
(SBCS) and the UC 500 Series small business networking and 
communications solution. Using a mouse or customizable 
keyboard, operators can quickly handle and transfer calls, view the 
status of calls (parked, transferred, on hold), send e-mail or text 
messages to employees, search directories and view the status, 
availability and location of all employees. A customizable user 
interface lets operators resize and move feature windows. 
Administrators can set up multiple incoming call queues and specify 
the priority level, timeout parameters, greeting and busy/unavailable 
routing (to an alternate number).  
 
Availability/Compatibility: Cisco’s Smart CallConnector Operator is available now in three deployment 
options: a standalone operator (single self-contained position connected to Cisco UC 500), a standalone 
backup position (one backup position per standalone operator) or a server-based deployment (required for 
multiple operator deployments). Requirements include a Cisco IP Phone (the 794xG, 796xG, 797xG Series 
or Cisco SPA 525G IP Phone) and Cisco UC 500 Software Pack 7.1 or later. www.cisco.com 
 
NEC Introduces UNIVERGE SP350 Softphone 
 
Highlights: NEC Corporation of America introduces the UNIVERGE SP350, a new 
multimedia IP softphone application. Installed on a Windows-based PC or laptop 
with voice through a USB-connected headset or handset, the SP350 functions like 
a desktop telephone, but adds multimedia applications such as dragging and 
dropping calls from a contact list, call history log or directory application (e.g. 
Microsoft Outlook, HTML pages or Microsoft Word document), as well as presence 
status viewing and audio/video conferencing, file sharing and instant messaging 
with other SP350 users.  
 
Availability/Compatibility: UNIVERGE SP350 is available in North America and 
Japan and works with NEC’s enterprise level platforms, the UNIVERGE SV8500 
Communications Server (S1 software or higher) or NEAX 2400 IPX with SIP Server 
and IPX-DM with SIP Server (R24 software or higher) or UNIVERGE SV7000 (R24 software or higher). The 



cost of SP350 is a one-time $100 charge for the application CD (which can be used for multiple installations) 
and a per-user softphone license for $221. www.necam.com 
 
Panasonic Debuts KX-VC500 HD Visual Communications System 
 
Highlights: Panasonic  System Networks Company of America introduced the new HD Visual 
Communications System (KX-VC500) at the recent Consumer Electronics 
Show in Las Vegas. Targeting a variety of industries, including medical, 
education, manufacturing and general business, the new system 
improves the collaborative experience with high definition (HD) video and 
audio among three (3) locations. Panasonic highlights the flexibility of the 
system since full HD images can be displayed on a wide range of HD 
monitors, as small as a desktop LCD or as large as a 150-inch HD 
Plasma or large-screen HD projector. Two HD cameras are included, so 
that a second camera can zoom-in for detailed images. The system also 
allows video to be transmitted over the system from laptops 
connected to the system.  
 
Availability/Compatibility: Panasonic’s KX-VC500 Visual 
Communications System will be available in the spring of 
2010 ($29,000 per site) from an authorized Panasonic 
partner. The system includes the following components: a 
Panasonic 50-inch Full HD VIERA Plasma TV, the codec (main system unit), two HD Video Cameras, a 
360-degree HD Audio microphone, a VPN Router, a Remote Control and installation and support (on-site 
and remote support). Currently, the system outputs to HDMI-based monitors.  www.panasonic.com/psna 
 
For more on conferencing solutions from leading vendors, visit T3i Group’s  Collaboration Tactics, a new 
database publication that covers conferencing services and systems www.t3igroupuc.com/details.html. 
 
Toshiba Announces Strata Call Manager UC Applicatio n 
 
Highlights: Toshiba  America Information Systems Inc., Telecommunication Systems Division announces 
Strata Call Manager, an updated unified communications application for Toshiba’s Strata CIX IP-PBX family. 
Strata Call Manager replaces the earlier Net Phone application with an improved user interface and easy-to-
use “Ribbon GUI” based on the Microsoft Fluent User Interface. Features 
include a Presence Viewer, Instant Messaging/Chat, desktop call control (from 
a PC), customized call handling, outbound dialing from a contact program 
such as Microsoft Outlook, ACT!, or Tigerpaw and CRM integration for screen 
pops. Six companion applications are also included for directory features, call 
log history, ACD Viewer (to view contact center groups), Chat (IM) with 
whiteboard and canned messages, a dialer to schedule phone calls and a 
Web Browser for access to Internet or Intranet or local HTML files.  
 
Availability/Compatibility: Toshiba Strata Call Manager is available 
now through Toshiba’ Authorized Dealers ($140 for single user 
license) and works with Strata CIX IP PBXs, including the Strata 
CIX40, CIX100, CIX200, CIX670 and CIX1200 (V5.0 or higher). The 
VoIP plug-in for remote use of Strata Call Manager as a soft phone 
via an IP network is an extra licensed option. 
www.telecom.toshiba.com 

What’s New in TelecomTactics?  

Grandstream Competes in IP PBX Market with GXE502x All-in-One IP PBX 
 
A designer and manufacturer of SIP phones, IP Video phones and analog adapters and gateways since 
2002, Grandstream  Networks, Inc. now competes in the VoIP ‘system’ market with its IP PBX appliance for 
smaller businesses (targets the under-30 station market, but can handle 100 extensions or more). The 
Grandstream GXE502x is an all-in-one, compact appliance that promises both 
affordability (list price starts at $649) and advanced functionality for smaller 
businesses, combining voice, data, fax and video communications within a 



single, compact unit. GXE502x employs the SIP protocol that makes it easy to connect remote employees 
and branch locations, but also supports traditional trunk interfaces for survivability and emergency backup. A 
number of SIP trunking service providers have already been certified, including AireSpring, babyTEL, 
Bandwidth.com, Broadvox, CommPartners Connect, Covad, Excel, MegaPath, Quantumvoice, RNK, 
SENSO Telecom, Telappliant, Voxitas and Voyze.  
 
“Our customers have repeatedly asked us for an end-to-end solution, and our market data confirmed there is 
a gap for such an SMB appliance. Features versus price has been the chasm. Grandstream has closed 
this,” comments Khris Kendrick Senior Director Grandstream Networks.   
 
Though targeted to the under-30 seat market, the GXE502x appliance can handle 100 extensions and more 
than 50 simultaneous calls. The server supports SIP trunking and houses a data router with dual 
10/100Base-T Ethernet ports, a fax termination server, a Session Border Controller (SBC), two or four 
conference bridges, a user portal, as well as ports for one 4- or 8-port FXO and two FXS analog interfaces, 
an audio port and a USB port. The system supports a number of standards, including T.38 fax, G.168 echo 
cancellation, H.264 and H.263, along with several codecs (G.711, G.726, G.723, G.729, iLBC). 
 
The IP PBX works with GrandStream’s portfolio of SIP desktop telephones (the GXP Series) and video 
phones which also interoperate with most service providers and third party SIP 
based VoIP products (Third party SIP phones, such as those from Polycom, snom, 
Aastra and Cisco, have been tested with GXE502x, though not certified.)  
 
The company’s latest desktop phone, the GXV3140 IP Multimedia Phone (pictured), 
offers the end user a multimedia experience by combining a full duplex 
speakerphone with IP video conferencing and support for today’s popular social 
multimedia applications. GXV3140 includes a 4.3-inch digital color LCD, as well as 
a 1.3M pixel CMOS camera (adjustable) for video calls (3-party video conferencing). 
An HTML Web browser enables Instant Messaging using Yahoo, MSN or Google and one-touch access to 
music, radio and photo websites (such as Last.fm and Yahoo Flickr web photo album) and personalized 
RSS feeds (news, weather, stocks, etc.). Grandstream just announced additional new functionality (Feature 
Pack 2.0) for the GXV3140, adding support for YouTube, Facebook and Twitter, expanded Internet radio 
channels, automated slide show functionality and support for an 802.11b/g/n USB WiFi dongle. GXV3140 
has an estimated street price of only $249. 
 
Smaller businesses will benefit from some more advanced applications, including unified messaging that 
enables users to receive voice mail and fax messages in an e-mail account, as well as two or four hours of 
video mail. The system has a built-in auto attendant that can be configured for Interactive Voice Response 
(IVR) applications and supports popular telephony features such as call queuing, station hunting, 
personalized music on hold and paging. A Web-based system administration tool is also included at no extra 
cost. www.grandstream.com 
 
For questions about TelecomTactics, feedback or product information, contact sgustavsen@t3igroup.com 
www.t3igroup.com 
www.telecomtactics.com 
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