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VOICE Technology introduces VoxScale IP Centrex  

 

 

VoxScale IP Centrex Ê provides cutting edge Carrier IP Centrex services 

From small to large size companies, businesses have increasing needs of affordable 

telephony systems to manage their evolving and complex communication requirements 

with both customers and internal clients. Besides known PBX-like features, todayôs 

competitive market demands more complex features provided by telephony systems. For 

instance, several businesses depend strongly on Computer Telephony Integration for 

having efficient ways to keep contact with their customers; companies need to gain 

flexibility and mobility by enabling their personnel with enhanced communicat ion 

capabilities.  

Voice Technology is a Brazilian company based in São Paulo, SP, since 1992 - specializing 

in Computer Telephony products and services, including: IVR, Audiotex, Voice-Messaging, 

Speech Recognition, Middlewares, Contact Centers Solutions, CRM Integration, VoIP, etc.  

 

With more than 30000 voice channels installed, Voice Technology is a user-driven 

company and recognized due to its high quality products and excellence in professional 

services area. Voice Technology products and solutions are focused on organizations and 

people productivity increasing accessibility to clients, prospects and suppliers. 

 

Voice Technology keeps strategic alliances and partnerships with local, Japan, US and 

European companies like: Brastel, Acredo, SoftwareIP Technologies, Siemens, Ericsson, 

DAMOVO, NEC, Philips, Alcatel, CISCO, Nortel, AVAYA, IBM, Aculab, Dialogic (former: 

Excel, Brooktrout, Intel, Snowshore, Rhetorex), Nuance.  

 

Voice Technology is present in São Paulo, Panama City (FL), Los Angeles, Tokyo, Hong 

Kong, Manila and Singapore. 
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ATTENTION: The content of this document is valid only to the following VoxScale IP Centrex 
versions: 3.0.2 

 
About this Handbook  

 

Purpose  

This manual provides a functional description of VoxScale IP CentrexÊ, a carrier grade 
class softswitch. It describes the main features of VoxScale IP Centrex software and why it 

is an attractive solution for service providers who are wanting to ent er the promising and 
almost unexploited field of VoIP hosted enterprise communication services. Some details 
about the individual components of the system and its architecture are also considered.  

 

Audience  

This manual is intended for owners, directors &  decision makers of service providers and 
business interested in enterprise communication systems, and all public interested in IP 
Centrex technology. The reader should have a general understanding of PBX and IP 

Centrex technology, call center operations and management.  

 

What This Handbook Covers  

Chapter 1 Introduces VoxScale IP Centrex  

Chapter 2 Benefits of using VoxScale IP Centrex 
Chapter 3  What is VoxScale IP Centrex Capable of 
Chapter 4 VoxScale IP Centrex Architecture 

Chapter 5  System Monitoring 
Chapter 6  Appendix 
Chapter 7  Glossary 
Chapter 8  Other Documentation 
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Introduction
 

Overview  

From small to large size companies, businesses have increasing needs of affordable 
telephony systems to manage their evolving and complex communication requirements 
with both customers and internal clients. Besides known PBX-like features, todayôs 

competitive market demands more complex features provided by telephony systems. For 
instance, several businesses depend strongly on Computer Telephony Integration in order 
to have efficient ways to keep contact with their customers; companies need to gain 

flexibility and mobility by enabling their personnel with enhanced communication 
capabilities.  

VoxScale IP Centrex; tackles all these challenges by providing cutting edge Carrier IP 
Centrex services. VoxScale IP Centrex is a hosted IP Centrex platform characterized by a 
softswitch architecture that distributes calls, switching, service features an other 

functionality to the enterprise via broadband facilities. Using the  existing customer's 
network infrastructure it offers integration with web services, IVR, Voicemail application, it 
redirects calls even to external lines including mobile phones and several more features.  

VoxScale IP Centrex; is a hosted IP Centrex platf orm. That means that the enterprise 
customer is freed of all of the hassle involved in the maintenance of a proprietary PBX 

system, but, at the same time, enjoys all the advanced features supported by a complete 
PBX system. Actually, VoxScale IP Centrex offers more than that. Since it is a VoIP-based 
platform, VoxScale IP Centrex brings about new capabilities such as Click to Call, Click to 
Message, Call Filtering and advanced routing just to number a few.  

The web-based administration tools in VoxScale IP Centrex allow centralized management 

at adequate levels for both service provider and enterprise customers:  

¶ VoxScale IP Centrex hosts several domains equivalent each one to a logical PBX. 

Each domain is assigned to a customer. A web interface called Web VoxScale IP 
Centrex Administration (WBA) allows centralized administration of all of these 
virtual PBXs. Using this simple but powerful tool the IP Centrex administrator can 
create and configure new domains to meet new enterprise customers requirements 

on the fly. For instance, say that an existing customer wants to add 25 more users, 
voice mail capabilities and click to message features to its domain (virtual PBX). 
This task would take no more than five minutes to accomplish. First, an authorized 

administrator would log on to WBA, access the virtual PBX page and set up the 
new configuration in a very user -friendly environment. No need to send technicians 
to the customer premises or replace existing infrastructure with new hardware. 

(Since the customer's LAN is being used, the only necessary thing would be to plug 
in new ip-phones, ATAs or install some softphones and configure these new 
extensions; all of these tasks can be accomplished by a local administrator).  
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¶ At the customer side, using the Web Customer Administration interface (WCA), the 

local PBX administrator can set up the virtual PBX and manage the domain features.  
¶ Finally, individual users (subscribers) have access to the Web Customer Control 

interface (WCC) so that they can customize their preferences and have a quick 
view of their contacts and all the features they enjoy.  

The facilities exposed above emphasize that VoxScale IP Centrex is designed having in 
mind easy of operation for the service provider as well as its enterprise customers. 

Moreover, the VoxScale IP Centrex architecture model enables a service provider to launch 
hosted IP Centrex services faster than their market challengers while offering a complete 
solution that meets current and future enterprises communication needs.  

 

Business model  

VoxScale IP Centrex is a platform designed following the Application Service Provider 

model (ASP). Here is a loose definition of ASP taken from Wikipedia that fits well the 
services offered through VoxScale IP Centrex:  

"The ASP owns, operates and maintains the servers that run the application. The ASP also 
employs the people needed to maintain the application."  

VoxScale IP Centrex delivers to its customers added-value telecom services through 
broadband internet connections, that is, telephone (IP C entrex) services as well as web 
services as an integrated platform. All the server components and applications of VoxScale 

IP Centrex are located at the service provider facilities.  

This business solution offers a variety of advantages for both the service provider and 

enterprise customers. For instance, in a traditional PBX environment, moving a single user 
from one place to another can cost a company upward of $ 100. Changes cannot be 
performed by the organization and adds usually mean investing in addit ional PSTN lines. 

In contrast, moves, adds, and changes (MACs) are easier to accomplish in an IP Centrex 
model with negligible investment of time and money.  

VoxScale IP Centrex IP Centrex business model offers a low costly into the lucrative 
market for VoIP services, enables providers to quickly roll out residential and business IP 
Centrex service offerings and allows making available new features without requiring extra 
investments. Additionally, because all solution components are developed by Voice 

Technology, providers benefit from lower integration costs and improved return on 
investment.  

VoxScale IP Centrex blends IP Centrex Telephony with the ASP (Application Service 
Provider) business model: services are hosted on a managed infrastructure, and delivered 
to customers on a subscription basis. This gives customers a smoother migration path 

from current PBX or key telephone systems into the world of IP Telephony.  
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From an administrative perspective the ASP model in VoxScale IP Centrex can be 

illustrated as follows:  

¶ VoxScale IP Centrex  Customer Environment   

Manages locally the IP-PBX and sets up functionalities for local users.  

¶ VoxScale IP Centrex  Provider Environment   

Manages the IP Centrex system operating the IP-PBXs of enterprise customers.  

ASP Model  

 
 

¶ Customer Side Advantage  (see Chapter Benefits of Using VoxScale IP Centrex) 

¶ Provider Side Advantage  (see Chapter Benefits of Using VoxScale IP Centrex) 
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Architecture  

Being a robust and complete platform, VoxScale IP Centrex is made up of various 

components (servers) that interact together and implement the whole logic of the Centrex 
system. This modular architecture also controls and manages the customers' virtual PBXs.  

VoxScale IP Centrex architecture is intended to meet stringent requirements:  

¶ Availability   

By design VoxScale IP Centrex supports redundancy of critical components at 
hardware and software levels; among these components are NICs, switches, 

routers and the following servers: Proxies, Registrar, Media Server, Database and 
DNS. Currently, its inner design replicates all the mentioned components so that 
they can survive the hypothetical loss of a replicated component.  

 

¶ Reliability   

VoxScale IP Centrex services remain reliable under stress while the operations 
team is able to easily monitor, troubleshoot and repair them if necessary.  

 

¶ Scalability   

VoxScale IP Centrex is both a multi threading as well as a distributed system. Such 
characteristics enable several processors share the system workload and several 

machines work on a load-balanced scheme. This implementation enables VoxScale 
IP Centrex to cater successfully to the increasing demands of growing markets.  
As a result of VoxScale IP Centrex scalability strength, the administrative cost of 

operating the whole system decreases and large potential markets can be 
absorved without abrupt cost increments.  
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VoxScale IP Centrex provides the flexibility to operate each extension from any 
geographical location with high-speed Internet access.  

 

VoxScale IP Centrex  Service Provider Data Center  

The Data Center comprises the switched telephone network infrastructure. The backbone 

of VoxScale IP Centrex is the softswitch that provides all of the functions of the user 
phone system using a Linux software platform.  

From a logical perspective, several servers make up the VoxScale IP Centrex service 
hosted in the Data Center. A CRM and a Billing Server - components required for the 
service provider operation- working in concert with VoxScale IP Centrex are also hosted in 

the datacenter.  

 

Customer Premises Equipment  

The Customer-premises IP-phone and any associated equipment is linked to VoxScale IP 
Centrex's Data Center by a standard broadband access link.  
No special equipment is required for the user telephone network. The only required IP 

enabled devices are the following: 

¶ Router + Broadband Internet link.  

¶ IP-phones and/or softphones.  
¶ A computer with a Web browser for administrative tasks.  
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Benefits of using VoxScale IP Centrex  

 

VoxScale IP Centrex offers superior advantages for enterprises of all sizes: it provides a 
reliable, fully-managed telecommunications solution with a rich set of features, no 
geographic limitations, reduced Total Cost of Ownership (TCO) and an appropriate level of 

local control. Since huge investments are not necessary VoxScale IP Centrex is an 
appealing option for PBX replacement. These facts make VoxScale IP Centrex an awesome 
solution to exploit previously untapped revenue opportunities in the wholesale mark et of 

Hosted IP Centrex. The tables below summarize what benefits can be attained by using 
VoxScale IP Centrex features. 

Customer Side Advantage  

Enterprise Needs   VoxScale IP Centrex  Value Proposition   

Powerful and advanced features IVR, Voicemail, Call Conference, ACD, mail notification and more. 

Mobility  Users can receive business calls in his/her mobile phones which 
gives small-medium business a greater size presence (high-tech 
status presence).  

Free Seat capabilities to users (explained below).  

Easy administration and 
maintenance  

Web based console for administrative tasks.  

No need to have dedicated equipment Maintenance is made 
mainly at ASP premises. 

Direct impact in responsiveness 
and scalability  

Quick system communication response to growing necessities.  

Will scale to support subscriber growth.  

Avoid obsolescence  No need to change legacy equipment.  

Legacy phone set preserved. 

Low and predictable TCO  Reduced capital investment.  

Fixed monthly subscription fee Communication costs lowered 
(reduce IT expenses). 

Consistent communication system 
throughout the enterprise  

Raises attendance and revenue, gives cohesion, and enlarges 
customers base. 
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Provider Side Advantage  

Service Provider Benefits  VoxScale IP Centrex  Value Advantages  

Revenue now  Ready-made solution, VoxScale IP Centrex is already 

here. 

Rapid entrance to VoIP market  Head start in enterprise VoIP market, leading position as 
VoIP Provider.  

Potential new services using the same 
platform for different markets  

Promptly meet demands of all-size enterprises. 

Built-in APIs and SOAP interfaces. Facilitates third-party 
application integration. 

Centralized service upgrades  New services made available to all users without extra 
costs.  

Low and predictable TCO  Reduced capital investment.  

 



 
 

VoxScale IP Centrex System Handbook Ì Doc Version 1.2 Pub B  for VoxScale IP Centrex 3.0.2               13 

What is VoxScale IP Centrex  Capable of  

 

VoxScale IP Centrex is empowered with a rich set of characteristics, some of them 

exclusive, that now are made accessible to small and medium-size companies. 
In order to keep things straightforward this ch apter is divided into two main topics that 
group VoxScale IP Centrex features in Functional and Non-Functional Characteristics.  

 

Functional characteristics  

 

Call Types  

Station -to -station call  

The IP-Centrex System performs all signaling required to establish a call between 

VoxScale IP Centrex internal terminals.  
 

Station -to -External OnNet outgoing and incoming call  

The IP-Centrex System performs all signaling required to establish a OnNet Calls 

between two IP-PBX hosted in the same IP-Centrex without using a Gateway.  
 

Station -to -External PSTN outgoing and incoming call  

The IP-Centrex System performs all signaling required to establish a PSTN Calls 
between VoxScale IP Centrex terminal to PSTN External terminal using a Gateway.  

 

Subscriber Telephony Fe atures  

Call Back  

An unsuccessful call is returned to the caller after timeout completion. This 
function allows a user to schedule a call to be returned when the last number 

dialed becomes available, provided that the number was busy. When a Call Back is 
programmed, the IP-PBX begins to check the availability of the number the user 
called. As soon as the number is available, the IP-PBX automatically calls the user 

who programmed the call back. When this user answers the call, the IP -PBX calls 
the destination number and connects the two lines for a call.  
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Call Blocking  

When users do not want to receive any calls, they can turn on the Do Not Disturb 
(DND) function, set a Selective or Anonymous Call Blocking. With DND enabled all 

incoming calls will be rejected; Selective Call Blocking allows to control granularly 
what incoming calls will be rejected and Anonymous Call Blocking rejects incoming 
calls without Caller ID.  

 

Call Filtering  

Allows the user to set up call filtering options for user incoming calls . Calls will be 
filtered based on who is calling the user and the user's presence status. Accepted 
calls can be sent directly to external or internal destinations. Rejected calls are 

blocked entirely.  
 

Call Forwarding  

Redirects user incoming calls to the destination of user choice, based on one of the 

following scenarios:  
 

Forward Always   

Forwards all incoming calls to the specified destination.  
 
Forward Busy   
All incoming calls for a party are forwarded to a specified destination when 

the maximum number of concurrent calls allowed are exceeded.  
 
Forward No Answer   

Incoming calls are forwarded to the specified destination after a call timeout 
for "no answer" occurs.  
By default, your unanswered calls are forwarded to your voicemail if no call 

forwarding setting has been enabled. You can enable or disable call 
forwarding using WCC or by entering Star Code command directly on your 
IP-Phone.  

 
Forward Call Failure   
Forwards the incoming calls to the specified destination in case of failure.  

The PBX uses this forward type if the user is not registered.  
Or if the user is unreachable (The phone did not answer the request in the 
noanswer timeout configured), if the phone send any kind of packet to 

answer the request (100-Trying, 180-Ringing, etc.), the phone i s reachable, 
so this forward can not be used.  
This forward follows all the other rules defined to the other type of forwards 

(Always, NoAnswer, and Busy).  
A user may select any of the following destinations as target forwarding ï 
these options are available for all types of call forwarding:  
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1. User 

2. Group 
3. Terminal 
4. Voicemail 
5. IVR  

6. External  

 

Forward Display  

Allows selecting which number will be showed in the call forwarding target display, 

whether the originating party number or the forwardin g user number. 
  

Call on Hold  

Any active phone call on the IP-PBX can be put on hold. A call on hold, is neither 
connected to or disconnected from any specific extension on the IP-PBX.  

Several actions can be performed to a call placed on hold:  
1. Consultative Call Transfer. 
2. Call Park.  

3. Conference Call.  
4. Reconnection of the call by removing it from hold.  
You can also place a call on hold to answer or place another call. While on 

hold, the caller will listen to the music on hold (if available on the IP-PBX). 
 

Call Parking  

The Call Park function places a call in a virtual position, allowing the call to be 
reconnected from any user phone in the office. Each park position can hold one 

call, which remains parked for a maximum of sixty (60) seconds. T he positions 
used for parking calls are three-digit numbers designated by the IP-PBX 
administrator.  

 

Call Pick -up  

The Call Pickup feature allows a user to answer an incoming call that rings on a 
telephone other than the user's own. Any phone on the IP -PBX can be used to 

answer a call that is ringing on another extension. The user can also take 
advantage of Call Pickup to answer a call ringing in the user's phone extension 
while not at his own desk.  
 

Call Pickup  Within the user Group   
When an incoming call is received on an extension that belongs to the user 
group.  
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Call Pickup  Outside the user Group   

To use this feature when an incoming call is received on an extension that 
belongs to another group, the user must know the phone's extension 
number that i s ringing.  
 

Call Transferring  

Call Transfer allows the user to redirect a call to an extension or external number. 
There are two types of call transfers:  
 

Blind Call Transfer.  transfers a call to another phone destination without 
staying on the line. 
 

Consultative Call Transfer  , transfers a call to another phone destination, 
stays on the line as the call is being connected to the new destination, and 
then completes the call transfer.  

 

Call Waiting  

The Call Waiting feature allows the user to be notified  of an incoming call when the 
traffic channel is not available for the incoming call or the user is engaged in an 
active or held call.  

Subsequently, the user can either accept, reject, or ignore the incoming call.  
 

Follow Me  

Follow Me is always programmed directly on the destination phone to which the 
user want his/her calls redirected.  

For example, if the user is away from his/her extension and wants to forward calls 
to where he/she is, the user can use a nearby phone to program Follow Me on that 
phone.  

 

Speed Dialing  

There are two types of speed dialing: Private Speed Dial and Shared Speed Dial. 
In the Private Speed Dial  the user can add, edit, delete and search own private 

speed dial numbers on the WCC screen. Private Speed Dial allows the user to set 
up multiple personal speed dial numbers that can be dialed by simply pressing the 
two-digit number assignment on user phone ranging from 10 to 99. To access the 
Private Speed Dial List, log in to WCC and click on the Address Book tab. 

In Shared Speed Di al  the user dials a number by simply pressing a three-digit 
number assignment. Shared Speed Dials are 3-digit numbers, ranging from 200 to 
999, which can be set only by the IP -PBX administrator on WCC. To display the 

Shared Speed Dial List, log in to WCC and click on the Address Book tab. 
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System Configuration through Star Code  

The IP-Phone functions can be programmed and canceled by inputting command 
codes from IP-Phone. The Star Codes charts show the command codes for 

programming and canceling these functions.  

 

Advanced Features  

Automatic Call Distribution  

VoxScale IP Centrex uses two algorithms to distribute calls in an ACD group: 

Longest Idle, that is, the agent that has been idle the longest amount of time and 
Round Robin, when the queue cycles through the agents until it finds the one 
available and with maximum priority to take the call.  

 

Caller ID  

VoxScale IP Centrex picks up the caller's number to be displayed to the called 
party's telephone equipment during the ringing signal. Caller ID can sho w a 

username associated with the calling telephone number.  
 

Multi -Extension Number  

More than one extension number can be assigned to a user.  
 

Multi - line Station  

VoxScale IP Centrex allows a single user to have more than one DID number for 

outside connection.  
 

Night Mode  

There are two kinds of Night Mode in VoxScale IP Centrex:  

 
Group Night Mode  - While a group is in group Night Mode, VoxScale IP 
Centrex redirects all incoming calls placed to this group to the selected 

destination.  
 
PBX Night Mode  - While the PBX is in Night Mode, VoxScale IP Centrex 

redirects all incoming external calls to the destination configured as Night 
Mode target (could be a user, group, voicemail, ivr, or a external number).  

 

Number Portability  
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VoxScale IP Centrex allows the user to keep his/her existing phone number even if 

he/she is moving out of the area where his/her phone number is located.  
 

Three -Way Conference  

VoxScale IP Centrex allows the user and two other parties to speak together in a 
three-party conference call provided that the device used supports this feature.  

Groups Features  

Group is a feature for organizing users of an IP-PBX network. Through this feature 

a domain administrator can manage the way calls are received. Apart from having 
an extension number assigned, a group may own a DID number, in this case, it will 
be also enabled to receive PSTN calls. The type of group determines how the 

incoming call will be routed among the group members. Voicemail messages to the 
group can be configured to be heard onl y by the group administrator or can be 
broadcasted to all users in the group.  

The types of groups are: 
1. Ring  ï all users have their extensions ringing, all of them receive the call 
at the same time.  

2. Hunt  ï users receive a call in sequence, according to the level of priority 
and the distribution algorithm that has been set up.  
3. ACD Group  ï users receive a call one at a time, according to the level of 

priority and the distribution algorithm that has been set up. Unlike Hunt 
groups, ACD groups require users to be logged into the ACD group to be 
included in the call sequence.  

 

IVR Features  

IVR , I nteractive Voice Response, is an application coupled to the IP-PBX through 
which it is possible to automate reception of incoming calls. After reception of a 
call and according to the IVR type in operation the application connects the caller 

to a predefined number or offers the caller to select from a menu of codes, then, 
redirects the call according to the option chosen. A combination of the two 
previous IVR types is also possible. Calls can be redirected to users, groups or 

even external numbers. 
The categories of IVR application can be:  
 

1. Announcer IVR :  the IVR Announcer answers a call by playing a pre-
recorded message and then transfers the call to the pre-programmed 
destination. For example: 

A caller places a call to a number previously configured as an IVR extension. 
The IVR application answers and plays an audio file with the following 
prompt:  

"... thanks for calling Acredo's Sales Line. Please hold a moment to talk to 
one of our attendants...".  
Next, the IVR will transfer the incoming call to a predefined extension.  
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2. Attendant IVR : the IVR Attendant answers a call by playing a pre-
recorded message requesting the caller to dial the intended extension 
number. Once the caller dials the extension number, the call is transferred.  
For example, A caller places a call to a number previously configured as an 

IVR extension. The IVR application answers and plays an audio file with the 
following prompt:  
"... than ks for calling to ABC company; please, dial the extension number 

desired...". 
Next, the IVR will transfer the incoming call to the dialed extension.  
 
3. Menu IVR : the IVR Menu plays a voice menu that has up to 12 options. 
After the caller dials the desired menu option, the call is transferred to the 
corresponding destination. If the caller does not dial any option or dials an 

invalid option, it is possible to program the call to be redirected to a specific 
extension or group. 
For example, in the first situa tion, a caller places a call to a number 

previously configured as an IVR extension. The IVR application answers and 
plays an audio file that provides a menu of options:  
"... thanks for calling to ABC company; please, dial 1 for Sales, 2 for 

technical assistance or 3 for complains...".  
Next, the IVR will transfer the incoming call to a predefined extension 
according to the option dialed.  

If the number you dial has programmed the Menu, you will hear an options 
menu with up to 12 options.  
The Menu also allows the caller to wait to speak with a live person.  

The call is transferred to the appropriate destination (extension, group or 
an external number).  
 
4. Menu and Attendant IVR : the IVR Menu and Attendant plays a voice 
menu that has up to 12 options, and then p lays a message requesting the 
caller to dial the desired extension number. After the caller dials the desired 

menu option or extension, the call is transferred to the corresponding 
destination. 
If the number you dial has programmed the Menu + Attendant, yo u will 
hear an options menu with up to 12 options.  

At the end of the menu, you will hear a message requesting you to dial the 
desired extension number (4 digits). The call is transferred to the extension.  
 

Voicemail  

VoxScale IP Centrex Voicemail is a complete system that has been implemented in 
IP Centrex platform as a built -in feature. For that reason, the Voicemail application 
integrates harmoniously with the whole system. It covers basic messaging 

functions, such as:  
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¶ management and customization of greetings  

¶ handling of messages and voicemail  
¶ message e-mail notification  
¶ message lamp (MWI) and WCC  
¶ management of message lists via WCC or the user IP-Phone  

¶ specialized treatment of workgroups: voicemail messages to the group can 
be configured to be heard only by the group administrator or can be 
broadcasted to all users in the group.  

 

Music on Hold  

Plays audio files when a caller is placed on hold. Customers are allowed to upload 
their own preferred audio files and select which files will be played wh en a call is 
placed on hold. Besides playing music, a customer can record personalized 

messages and provide the caller with information about the company (such as 
store hours or locations), promotions or new products or new services offered by 
the company. The total file size uploaded is limited to the storage capacity and the 

files must be recorded in wav format.  

 

Free Seat (Dynamic association between Terminal and User)  

VoxScale IP Centrex introduces the concept of Free Seat, or more technically said, a 

dynamic association between a terminal and a user. A terminal may be a physical IP-
enabled device or a soft phone that initially is associated with no particular user. The 
terminal may have a 'username' (automatic sip ID) or a number (numeric sip ID) 

designating it. A terminal with this initial configuration has limited functionality. However, 
at the time of creation or later, any terminal can be associated with any user of the 
system gaining in this way all the functionalities allowed to such user. At any  time or as 

necessary the PBX administrator may change which user is tied to a determined terminal.  

Advantages: 

¶ Companies gain flexibility, employees need not to be tied up to a device or, in 
other words, to a physical location to communicate internally o r with the outside 

world. 
¶ Mobility breaks geographic barriers. 
¶ Administrative management is simplified, changing associations to a terminal is a 

two-click task.  
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Business -Private Dual Phone (Koushi Kubun in Japanese)  

It is an awesome and highly productiv e feature in VoxScale IP Centrex that enables using 
a single personal phone (it may be a land line or a mobile device) to make business as 

well as personal calls. With this feature enabled the phone owner receives his phone bill as 
usual, without any addit ional charge and the owner's company is billed for all business 
calls placed from that phone.  

Business Benefits  

Å Communication budget is more manageable.  

Å Process of classifying business and personal calls is eliminated or simplified.  
Å Administrative workload diminishes.  
Å Reduced communication costs, extra mobiles for employees and their 

accompanying fee are eliminated.  
Å Business productivity incremented, workers gain mobility, remote or home 

workers can work as if in the office .  

Å Company clients 'see' the worker's business phone number as the caller ID. 

Subscriber Benefits  

Å Carrying two phones no more necessary  
Å Communication expenditure between company and employee clearly 

defined  
Å Workers not held back of making business or personal calls.  
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Web Interfa ce Features  

VoxScale IP Centrex offers a sophisticated and clean web-based interface that is designed 
having in mind usability and improved user experience at the client side and efficient use 

of server resources at the Carrier Grade side. As a consequence, the web interface 
integrates perfectly to the Softswitch and enables subscribers the use of forefront features 
in VoxScale IP Centrex, such as Easy Call, Click-to-Call and Call Filtering.  

A web interface is made available for each virtual PBX. Two levels of access are allowed to 
the customer: Web Customer Administrator (WCA), for administration of the virtual PBX, 
and Web Customer Control (WCC), for viewing and configuring user preferences. 

Additionally, the IP Centrex Administrator uses the Web VoxScale IP Centrex Administrator 
(WBA) for managing the whole system. This section explains separately each of these web 
interfaces.  

 

Web Interface Model  
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Tool level image screen  

Web Display Model  

 

User Leve l  

The Web Customer Control (WCC) allows common users have a web based tool for 
managing their personal settings or preferences. Common users can visualize 
Home, History, Address Book and Preferences tab. The following list explains which 

functionalities a user can view and/or edit within each of these tabs.  
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Home  

¶ Presence  status and comments  - allows the user to view and set his/her 
presence status and comments so that they are displayed to other users in the 
same domain (IP-PBX). Presence Status informs others of your availability to 
communicate.  

¶ Easy Call  tool bar  - provides a quick way to initiate a call. A text box with 
Autocomplete support enables to locate and dial numbers/users in the contact 
list or dial new numbers typed in the box.  

¶ Call Inform ation  - displays information regarding user's incoming calls: 
missed calls, new or saved voicemails, forwarded calls, or active callbacks.  

¶ Summary of Settings  - displays a summary of the user's system settings like 

extensions, external phone number, Voicemail, Groups, Do Not Disturb, Call 
Forward settings and Night Mode Status.  

¶ News  - allows users seeing news and bulletins that the IP-PBX administrator 
makes available.  

¶ Links  - displays URL links that the user IP-PBX administrator makes available 
to WCC users. The IP-PBX administrator can make these links available to all 
users, or to selected groups only.  

¶ Call History  contacts list  - displays the user most recent calls - incoming, 
outgoing, missed and calls that leave a voicemail. To find a specific type of call 
(e.g. incoming or missed) click the corresponding icon to filter your calls. Use 
the Click-to-Call feature to easily place calls to a number in your History by 
clicking the icon in the contact area.  

¶ ACD Login/Logout  - allows a user to log in/out to/from an ACD group. It is 
also possible to realize the same operation using Star Codes in a phone device.  

¶ Call Status  - displays the current status of an incoming or outgoing call. There 
are four types of statuses for incoming and outgoing calls: ringin g, connected, 
disconnected and on hold. The Call Status area also displays information on the 
caller, the recipient of the call and the length of the call.  
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History  

¶ Call History  List  - shows a record of users' calls (Inbound, Outbound, Missed 
and Voicemail messages). Users can also search for specific calls with the Call 
History Search function. Calls older than thirty (30) days will automatically be 
erased from the Call History List.  

 
Address Book  

¶ User  list (Buddy list)  - displays all IP-PBX users and their extensions. The 
user can search for a specific user in the User List, as well as, filter the list 
according to name, username or extension. The user can also place a call by 
clicking the Click-to-Call icon next to the desired user's extension.  

¶ Contacts  List  - displays all the IP-PBX contacts, user and system related. The 
Contacts List allows users to manage personal contacts and search for specific 
contacts. The user can also place a call by clicking the Click-to-Call icon next to 
the desired user's extension or external number.  

¶ Speed Dial  - allows the user to set Private Speed Dial numbers and place calls 
using these numbers or Shared Speed Dial number by typing a few digits. It is 
also possible to place a call by pressing the Click-to-Call icon.  

 

 
Preferences  

¶ ANI  Selection  - allows users to select the ANI (if more than one is available) 
for external calls. ANI is the caller ID number that is displayed when a call is 
placed.  

¶ Voicemail  Settings  - allows the user to enable/disable the Voicemail box.  

¶ Email Notification  - an email notification will be triggered when a user 
receives a voicemail message. 

¶ Message delivery  - the voicemail audio file will be attached to the email 
notification. 

¶ Call Forwarding  - external and internal calls can be forwarded and the 
number displayed at the forwarding target can be modified. The Forward 
Display feature allows executing the last action. Calls will be routed to user -
selected target numbers and according to the following types of Call 
Forwarding:  

¶ Forward Always  
¶ Forward Busy  
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¶ Forward No Answer  
¶ Forward Call Failure  

 

¶ Personal  Call Block  rules (Do Not Disturb, Block calls without Caller 
ID,  and Selective Block based on ANI ) configuration   

Call Blocking allows the user to set his own call blocking options for inc oming 
calls. This feature lets the user to block all calls, calls that do not display caller 
ID, or to identify certain phone numbers from which the user will not take calls.  
Users can enable the DND function using WCC or directly on the IP-Phone's 
keypad.  
 

¶ Call Filtering  configuration  - filters enable to Forward or Reject incoming 
calls according to a desired presence status condition. To avoid conflicting filter 
rules, every filter created receives a priority number that can be altered by the 
user.  

 
 

Click -to -Call in all telephone numbers around the web interface  

Click to Call in VoxScale IP Centrex enables using the web interface to place a 
call easily. With just one mouse click on the phone icon or an underlined phone 
number a Click-to-call will be initiated. First, the system calls the user's phone 

and, then, actually calls the click-to-call destination number. When the end 
party answers the call the connection is established.  

 

Business -Private Dual Phone (Koushi Kubun in Japanese)  

Two steps are required to enable the Business-Private Dual Phone feature:  
1. It is necessary to register the worker's personal phones that will be used as 
Business-Private Dual Phone.  
2. To place a business call, the worker adds a predefined prefix to the target 
number. In that way the call will be recognized as a business call.  
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Domain Administrator Level  

The Web Customer Administrator (WCA) interface allows access to PBX Config, 
Services and View tabs. Within this pages, an administrator is enabled to 

create/delete users, assign DID numbers, activate nightmode service etc. The 
following list details the items over which a PBX Administrator has fully 
administering and/or configuring capabilities:  

PBX Config Tab   

¶ Users  -  provides a user account management system. All required user details and 
setting are filled here; most of this information may be modified.  

¶ Groups  - the Groups List allows the IP-PBX administrator to manage the groups 
(Ring, Hunt, or ACD Hunt) on the IP-PBX. The administrator may add, delete and 
edit these groups. 

¶ Shared Speed Dial  -  speed dial numbers created by the administrator and shared 
by all users. 

¶ DIDs  - allocated to User Agents (User, Group, IVR, Voicemail) 

¶ Class of Service  - allows to set up the general parameters of a CoS and to search 
for and edit existing CoS. CoS is a way of managing traffic in the IP-PBX by 
grouping similar types of traffic together and treating each type as a class with its 
own level of service priority. CoS management is a way to add value to an IP-PBX, 
by prioritizing tr affic based on its origin or destination  

¶ Terminals  - displays all current terminals on IP-Centrex. The IP-Centrex 
administrator can use this screen to add and edit terminals, and associate terminals 
with extensions. 

¶ Contacts  - address book created by the administrator and shared by all users.  

¶ Night mode  - enables/disables nightmode service and allows to designate a 
nightmode user. 

¶ Music on Hold  - allows to select the audio file to be played. 

¶ Park Position Range  - option to define the range for parking posi tions. 

¶ Default Operator   - allows designating a user for serving as the Default Operator 
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Services Tab   

¶ News  - displays all news entries available on the IP-PBX. News entries are news or 
bulletins that are displayed on WCC's Home screen. The IP-PBX administrator can 
add and preview News entries before making them accessible to WCC users. 

¶ Link  - displays all available IP-PBX Links that are accessible on the WCC's Home 
screen. The IP-PBX administrator can make Links available to all users, or only to a 
specific group(s).  

¶ Media Files  - Displays existing voicemail messages and greetings in the system 
and audio files to be used by the IVR, Music on Hold or Park Music applications.  
Enables uploading of business tailored pre-recorded responses for use with the IVR 
application and audio files for use in Music on Hold or Park Music. All media files 
saved use the wav format file.  

¶ IVRs  - displays a list of all IVRs in the system and enables management of IVR 
files. 

¶ Online Invoice Details  - displays the user VoxScale IP Centrex billing information 
for the past three billing cycles.  

¶ Online Contract Details  - displays information related to the user VoxScale IP 
Centrex account and customer agreement. 

 
Online Views Tab   

¶ Active Call   - displays all ongoing calls occurring on the IP-PBX.  

¶ Sip Session Log  - displays a record of the IP-PBX's SIP sessions.  

¶ ACD Group  - allows the IP-PBX administrator to view and search for a user's ACD 
Group status (logged in/logged out), and change the user's ACD Group log in 
status.  

¶ Call B ack  - displays all Call Backs that are in progress on the IP-PBX.  

¶ Address  - displays the current addresses and related users that are registered on 
the IP-PBX. The IP-PBX address is the phone number, user ID or extension that is 
displayed when a user's places a call.  

¶ Call log  - displays a record of all the IP-PBX's incoming and outgoing calls. The call 
log shows a complete record of who called, who was called, the phone number, the 
call status, the date and time of the call, and the duration of the call.  

¶ Call Park  - displays all parked calls that are in progress on the IP-PBX.  
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¶ Trace Call   - allows the IP-PBX administrator to simulate calls between two 
extensions to check if a call is possible between the two numbers. This simulation 
will execute a verification process for an IP-PBX call, checking all configurations and 
rules for completing a call. Tracing calls help identify call errors when a call failure 
occurs on the IP-PBX.  

 

IP Centrex Administrator Level  

The IP Centrex Administrator has full access to the Web VoxScale IP Centrex Administrator 
(WBA) in every domain. In consequence, he possesses full administration capabilities over 
all domains in IP Centrex. The WBA interface allows the IP Centrex Administrator have a 
web-based tool for managing all of the virtual PBXs or IP PBXs in VoxScale IP Centrex 
environment. This tool makes powerful capabilities more accessible through a web interface. 
The WBA interface allows access to Config, Services and View tabs. Within these pages, the 
VoxScale IP Centrex administrator is enabled to set up a complete environment for a new 
customer and execute several operations such as: create/delete domains (virtual PBXs), 
assign DID numbers to domains, activate nightmode service etc. The following list details 
the items over which an IP Centrex Administrator has fully administering and/or configuring 
capabilities: 

Config Tab   

¶ Gateways  - allows creation/edition/exclusion of gateways. Once a gateway is 
created, its parameters can be edited to reflect changing requirements. I t is also 
possible to configure a Static Gateway. A Static Gateway does not send register SIP 
requests, so it needs to have a static SIP session.  

¶ Gateway Routing Rules  - allows to set up a rule pattern and its priority for every 
specific gateway.  

¶ PBX - allows to create/edit/exclude Virtual PBXs. The IP Centrex administrator can 
use this screen to configure the required features for each IP -PBX in VoxScale IP 
Centrex. As an example, these features include: maximum users allowed, maximum 
SIP Sessions, Farm IP configuration, Operator, Call Park range, activation of IVR 
and several other features.  

¶ DIDs  - list DID numbers and their status and allows editing them and changing 
their IP PBX owner.  

¶ User Centrex  - users allowed to operate WBA with different access levels are 
created/excluded here.  

¶ Role  - user Roles that will be applied in the IP PBXs are created here.  
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Services Tab   

¶ Publishing News  - allows publishing news to a selected or all PBX domains in 
VoxScale IP Centrex System.  

 
View Tab   

¶ SIP Session L og  - shows data related to SIP Sessions in all domains (IP PBXs).  

¶ Call Log  - shows log of calls in all VoxScale IP Centrex domains and provides 
filtering fields to easily locate data.  

¶ Active Call  - shows data related to ongoing calls in IP Centrex.  

¶ Trac e Call  - allows to simulate a call from a VoxScale IP Centrex user to an 
existing destination. It can be used as a primary diagnostic tool for non -success 
calls.  

 

Integration Features  

VoxScale IP Centrex  API  

VoxScale IP Centrex APIs offers added flexibility to the Carrier grade ASP and its 
customers. By means of VoxScale IP Centrex API it is possible to integrate 3rd 

party enterprise applications with VoxScale IP Centrex IP Centrex. This can be 
achieved as a Service Provisioning level or User Provisioning level combined with 
authentication/authorization capabilities.  

¶ Service Provisioning  - to illustrate how an ASP can automate the process of 
including a new customer to the system, consider the following example: A new 

customer requests a budget for all th e services he would like included when using 
VoxScale IP Centrex (number of IVR, Disk space, number of DID, and so on). Once 
the deal is closed, it is not necessary to introduce all the features requested by the 
customer for a second time. The ASP would use its existing workflow process 
integrated to VoxScale IP Centrex through VoxScale IP Centrex API to automatically 
configure the VoxScale IP Centrex environment for this client.  

¶ User Provisioning  - in like manner, customers are allowed to customize the way 
services in VoxScale IP Centrex are accessed. In addition to the Web Customer 
Control interface, a customer could use another interface integrated with his CRM 
system and still take advantage of practically all the features in the WCC. For 
example, if a CRM system with its own users-management interface is being used, 
the Web Services API in VoxScale IP Centrex will allow the customer to have User 
Provisioning capabilities implemented within his CRM system in conjunction with 
VoxScale IP Centrex IP-Centrex.  
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Web Services  

VoxScale IP Centrex web services are available so that some functionalities can be 

reused by 3rd applications via SOAP protocol. These web services are built 
following the SOA paradigm.  

¶ MakeCall Command  - third party applications can make use of this command to 
order VoxScale IP Centrex to make a call.  

¶ WCC ScreenPop  - when WCC receives the Alerting event, it will be possible to 
make an HTTP post with the event information in other browser window; this 
functionality will be used to integr ate WCC with other Web applications.  

¶ WCC CallState  - when a user receives a call WCC will show in the Home page the 
information about the call ( contact name, ANI, DNIS, etc.)  

  

Billing  

¶ Call CDR  - a Call CDR is collected for each call leg so that enough information is 
provided to the Billing System in order to bill the calls handled by VoxScale IP 
Centrex.  

¶ Services CDR  - a Service CDR is generated by each PBX in order to provide 
enough information to the Billing System for billing the services used in a PBX, i.e., 
number of PBX User's, number of IVR Application's, number of DID's, and amount 
of disk space used by media files.  

¶ WCC Billing WebServices  - the Account Bill Details screen displays the user 
VoxScale IP Centrex billing information for the past t hree billing cycles and Amount 
Billed Details.  
The Account Contract screen displays information related to the user VoxScale IP 
Centrex account and customer agreement.  
To access Account Bill Details and Account Contract log in to WCC and click on the 
Services tab.  
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IP -Phones Supported  

IP -Phone   

¶ Avaya_9620_IP-Phone 
(www.avaya.com/gcm/master -usa/en-us/products/offers/9620_ip_telephone.htm)  

¶ ACT P104 SLD  (www.act -tel.com.tw)  

¶ SAXA (www.saxa.co.jp)  

¶ Eyebeam (www.counterpath.com)  
¶ X-Lite (www.counterpath.com)  

¶ Twinkle (www.twinklephone.com)  

ATA  

¶ Planet ATA  (www.localphone.com/products)  

 
 

PSTN gateways  

VoxScale IP Centrex relationship with gateways is quite simple; it supports as many 

gateways as necessary. Two or more physical gateways, up to the limit of eigh t, can be 
grouped forming a logical gateway. VoxScale IP Centrex automatically enables load 
balance and failover capabilities within a logical gateway.  

VoxScale IP Centrex uses a route pattern which is based on the number of digits a user 
dials; for instance, if a caller dials a number more than five digits in size, the call will be 

sent out to the public switched telephone network (PSTN) immediately after the last digit 
is dialed.  

In order to route calls to the outside selecting a specific gateway, VoxScale IP Centrex 
uses routing rules which are given a priority number. For example, a routing rule like '55*' 
with priority '1' and linked to Gateway1 will make that this gateway handles all domestic 

calls. A second rule for routing international calls to ga teway2 would be: '*', priority 2 (The 
asterisk '*' character is used as wildcard representing the subsequent numbers dialed).  

The figure below illustrates a typical configuration of gateways interacting with VoxScale 

IP Centrex. In this model there are tw o logical groups with three gateways each. 
Gateway1 group is set to address international outgoing calls and Gateway2 group 
addresses domestic outgoing calls. Having a group of gateways acting as a one logical 

gateway allows to load balance traffic among gateways in the group. This configuration 
allows to implement a failover operation that automatically switches traffic from a down 
gateway to the operational one. So,  in case a gateway fails or is temporarily shut down for 
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servicing the fault tolerance func tion engineered in VoxScale IP Centrex keeps the system 

up and running.  

The WBA interface enables the VoxScale IP Centrex Root Administrator to create logical 

gateways linked to a physical address of a real gateway. Besides, in this place the 
administrator will make all necessary configurations related to the gateways in the system, 
for example: set prefixes, add/modify/delete routing rules, and associate physical 
gateways as a logical one. For a complete description of these tasks see WBA 

Administration Guide. 

 

PSTN Gateway Model  
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Standards supported  

As part of VoxScale IP Centrex rigorous development process, VoxScale IP 
Centrex-SIP has undergone extensive unit and system testing to ensure successful 

interoperation based in the following RFCs:  

RFC 3261    SIP: Session Initiation Protocol (www.ietf.org/rfc/rfc3261.txt)  

RFC 3265    SIP-Specific Event Notification (www.ietf.org/rfc/rfc3265.txt)  
RFC 3372    SIP for Telephones (SIP-T): Context and Architectures (www.ietf.org/rf c/rfc3372.txt)  
RFC 3398    Mapping Integrated Services Digital Network (ISDN) User Part (ISUP) to Session 
Initiation Protocol (SIP)  (www.ietf.org/rfc/rfc3398.txt)  
RFC 3420    Internet Media Type message/sipfrag (www.ietf.org/rfc/rfc3420.txt)  
RFC 3515    The Session Initiation Protocol (SIP) Refer Method (www.ietf.org/rfc/rfc3515.txt)  
RFC 3665    SIP Basic Call Flow Examples (www.ietf.org/rfc/rfc3665.txt)  

RFC 3666    Public Switched Telephone Network (PSTN) Call Flows (www.ietf.org/rfc/rfc3666.txt)  
RFC 3842    Message Summary and Message Waiting Indication Event Package 
(www.ietf.org/rfc/rfc3842.txt)  
RFC 3891    "Replaces" Header (www.ietf.org/rfc/rfc3891.txt)  
RFC 3892    Referred-By Mechanism (www.ietf.org/rfc/rfc3892.txt)  
RFC 3960    Early Media and Ringing Tone Generation (www.ietf.org/rfc/rfc3960.txt)  
RFC 4566    Session Description Protocol (SDP) (www.ietf.org/rfc/rfc4566.txt)  

  
 

Codecs supported  

VoxScale IP Centrex supports a compression algorithm of audio for VoIP:  

¶ G711,  
¶ G729,  

¶ G723,  
¶ G726,  
¶ GSN,  

¶ Speex,  
¶ ILBC.  
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Customization  

 

Voicemail  

The Centrex administrator can select the Voicemail prompts out of three languages, 

Brazilian Portuguese, United States English, and Japanese, depending on the locale. It is 
also possible to customize greeting prompts in whatever of the predefined languages 
offered by VoxScale IP Centrex.  

The domain administrator can choose in which language the prompt files will be played for 
all users in the domain.  

A common user is allowed to personalize group greetings or his/her own voicemail 
greetings through the IP Phone or an IP enabled device.  

  

Web Interface Internationalization  

The domain administrator and the user are enabled to choose among three language -
Brazilian Portuguese, United States English, and Japanese- in which title s of the web 
interface will appear.  

Further customization of Web interface titles can be accomplished modifying configuration 
files. Detailed procedures for this operation are explained in the Customization Manual.  
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Non Functional characteristics  

 

Nat T raversal  

NAT (Network Address Translation) is a technology used for broadband connections like 
ADSL or cable which allows multiple computers to share one connection for accessing the 
Internet. The disadvantage is that Peer to Peer applications (like VoIP) do not work behind 

NAT without complex settings which are most of the time out of reach for the end -users.  

VoxScale IP Centrex implements a smart Nat Traversal solution that does not require any 

special topology to make all its services available. All companies with conventional internet 
access and using a market-standard router/firewall are capable of using all features 
provided by VoxScale IP Centrex. That means that no special configurations in the 

customer network are necessary.  

This solution provides an enhanced algorithm that optimizes use of datacenter resources. 

The Nat Traversal solution is able to distinguish when the receiving and the sending end 
are in the same network or when they are not. In the first case, Peer to Peer traffic is 
established between both ends without the RTP stream having to go through the 

datacenter. As a consequence, processing resources and internet bandwidth are saved. In 
the second case, when it is not possible to establish Peer to Peer voice traffic, the RTP 
stream goes through the datacenter to execute the Media Relay.  

A complete Nat Traversal solution requires a means by which a client can obtain a 
transport address from which it can receive media from any peer which can send packets 

to the public Internet. This can only be accomplished by relaying data through a server 
that resides on the public Internet. This approach is known as Traversal Using Relay NAT 
(TURN), a protocol that allows a client to obtain IP addresses and ports from such a relay. 

The main purpose of SIP is to set up a media session between clients. Media is handled by 
other protocols (often RTP). For media to traverse the enterprise edge, the SIP proxy 
must dynamically open the media ports for media to flow during the duration of the call. 
As soon as the call is completed the media ports are closed.  

In addition to the dynamic opening and closing of media ports, the edge device should 
only accept incoming media from the endpoint that receives media from the edge device. 

This protects against hackers trying to inject media from other endpoints or devices.  
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Database supported  

The following Database Management Systems and versions are homologated in VoxScale 
IP Centrex:  

¶ Oracle Enterprise Edition 9i.  
¶ Oracle Enterprise Edition 10g.  

However, VoxScale IP Centrex is database independent, so, technically speaking, a 
database SQL compliant should work with VoxScale IP Centrex.  

  

Operating Systems supported  

VoxScale IP Centrex service runs on Linux Operating Systems:  

¶ Fedora Core 5  
¶ Red Hat Enterprise Linux 5v  

  

Platforms supported  

¶ Sun Java Virtual machine 5.0  
¶ JBoss ApplicationServer 4.2.0  
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VoxScale IP Centrex  Architecture  

 

VoxScale IP Centrex  Architecture Diagram  

 

VoxScale IP Centrex  Architecture Model  
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Architecture a nd modules  

 

Application Server  

A group of server machines hosting the softswitch software engine that centralizes 
the IP Centrex business logic; it controls and manages all virtual PBXs of customers.  

 

Register Server  

The Registrar server makes it possible for users to alter the address at which they 

are contactable. This is possible through the SIP client sending a REGISTER 
request of change of an address to the registrar server, which then accepts the 
request and records the userôs new address. In that way, a user moving physically 
from one place to another will be always reachable since the system will be able to 

determine the user location.  

 

Media Server  

Provides media services to the different applications and services offered by 
VoxScale IP Centrex, for example, prompts and voicemail messages, IVR vocalized 
menus, announcements and more.  

The Real-time transport Protocol (RTP) is used for end-to-end network transport 
functions of media services.  

 

Web Server  

Performs an important role since all IP Centrex applications for operation and 

administration are web oriented. The set of web applications provides a collection 
of useful features to the IP Centrex administrator at the data center by means of 
WBA, the virtual PBX local administrator at the enterprise customer by means of 

WCA, and the individual user of the system by means of WCC.  
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File Server  

Responsible for the central storage and management of data files (which files? any 
programs?) so that other computers on the same network can access the fil es.  

 

DNS Server  

The Domain Name System Server acts as the "phone book" for the VoxScale IP 
Centrex system by translating human-readable computer hostnames, e.g. 

domain_abc.com, into the IP addresses, e.g. 64.227.61.001, that networking 
equipment needs to deliver information.  

 

Proxy Server  

SIP Proxy Server is a call control that enables VoxScale IP Centrex service 
providers to manipulate SIP traffic to build scalable, reliable Voice over IP networks.  

 

Data Base Server  

Provides a repository for the data collected from successful or non-successful call 

attempts. Also, the database server can contain the enterprise customer data 
information needed to generate billing information, control the call flow, and 
provide customer information. The Database Server hosts two databases 

structures .  

 

Gateways  

A PSTN Gateway enables access to the public network telephony from and to the 
IP Centrex softswitch. VoxScale IP Centrex supports one or more gateways, each 
with a pre-configured access to PSTN.  

 

Others  

CRM and Billing system server is not part of VoxScale IP Centrex System, however 

they are necessary equipment to operate a service of provider.  
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Database structure  

The structure of the data base is comprised of two databases: the Runtime Database  

which contains the operation data, and the Configuration Database  which stores the 
system settings.  

¶ Runtime Database   

Active call log  

SIP session log  
Session log  
Call log  

Agent Stats  

¶ Configuration Database   

Block Configuration  
Forward Configuration  

Call Filter Configuration  
User Configuration  
Group configuration  

Domain configuration  
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ASP System Monitoring
 

Several tangible and intangible assets fall under the ASP management umbrella. All those 

elements are categorized to be properly monitored so that the system i s capable to issue 
convenient alarms when certain thresholds are reached.  

Once this categorization is done, two types of monitoring are implemented. A proactive 
services monitoring and a system status monitoring. In the first case, the monitoring 

framework periodically tests the main services so that their availability is checked 
continuously. In the last case, the platform monitors the status of the system as a whole, 
use of resources, state of connections, and so on. Additionally, a record of resources 
utilization is also monitored. The monitoring framework also implements generation of 

alarms due to change of states or when user-defined threshold of resources used is 
reached.  

This set of services provided by the monitoring framework allows the platform operation to 
be visible to service providers. Furthermore, the monitoring tools enable proactive 
detection of faults, track incidents, and furnishes measured elements for planning capacity 

services.  

In conclusion, by proactively monitoring all critical ne twork devices and services, the ASP 

monitoring framework reduces costly and frustrating downtime that can impact business. 
Key software systems are kept up to date, available, and managed for performance by 
experts.  

 

Monitoring Model  
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Appendix  

 

Call Ty pes  

Station -to -station call  

Station to station Call Model  

 
 

The IP-Centrex System performs all signaling required to establish a call between internal terminals.  

For example, consider that user U1 in the IP Phone # 100 at  A Enterprise wants to talk to user U2 
in the IP Phone # 200 at the same A Enterprise. When IP -Centrex System detects when U1 wishes 
to initiate a call, it goes through all signaling statuses required to establish (blue line) the call.  
 
After the call establishment, a media path over a direct IP connection between IP Phone # 100 at A 
Enterprise and IP Phone # 200 at the same  A Enterprise is established (red line), and the link 
between the Data Center and the Internet is not used anymore, saving bandwidth f or other service 
requests. 




















