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 Introduction  

Miton Systems Ltd design builds and maintains computer 
telephony servers which include a range of Conference Bridge 
solutions. Meet&Talk is one such solution. We have been providing 
successful installations for over 10 years now. 

Meet&Talk Conference Bridges consist of a single self contained 
unit that incorporates all the necessary components to conduct 
multiple Audio Conferences. 

This document summarises the features of 
the Miton Meet&Talk Audio Conference 
System to enable potential purchasers to get an overview of its 
comprehensive features. 

The reservation-less Meet&Talk Conference Bridge has similar 
features to a generic MeetMe system provided by many service 
providers, but includes enhancements to expand usability, and 
includes a full recording capability.  It provides variable size 
conferences for dial-in telephone and Voice-over-IP based 
participants that are simple to install, operate and maintain.  

All administration interfaces are Web browser-based so that they 
can be accessed from anywhere on the Local Area Network via log-
in protected access. 

Individual users are issued with two Conference Codes: A 
Chairperson Conference Code to identify themselves, and a 
Participant Conference Code to give out to invited participants.  To 
obtain these Conference Codes, the User or System administrator 
ŜƴǘŜǊ ǘƘŜ ǳǎŜǊΩǎ ŜƳŀƛƭ ŀŘŘǊŜǎǎ ƛnto a browser-based interface.  The 
system then emails two random 5 digit numbers together with 
joining instructions (can be more or less digits if required).  These 
ŎƻƴŦŜǊŜƴŎŜ ŎƻŘŜǎ ŀǊŜ ΨpersonalΩ to the users. 

Equipment can be purchased ƻƴ ŀ ΨƳƻƴŜȅ ōŀŎƪΩ guarantee in the 
event of a non performance to specification. 

References are available upon request. 

 Summary 

Ç Meet&Talk is a direct substitute for MeetMe conference 
services using Chairperson and Participant conference codes.  

Ç Robust design for mission-critical usage.  

Ç Simple Operation, Control & Low Maintenance.  

Ç Analogue, VoIP and/or Digital Connections (E1/T1).  

Ç Option to Customise to fit your specific needs.  

Ç Two or more bridges can be synchronised 
for fail-safe operation.  

Ç Web Browser Control, Setup & 
Maintenance.  

Ç Operator-less, and/or Operator Managed.  

Ç Ad Hoc Dial-in Dial in with Conference Code 
Entry 

Ç Chairperson and Participant Conference Codes import from 
existing services. 

Ç Interactive Voice Response Front End 

Ç Manual Dial Out by Chairpersons.  

Ç Voice Record as Standard with storage and retrieval of previous 
conferences and email notifications.  

Ç Voice-Over-IP Built-in (SIP, H323 etc).  

Ç Built-in Ad Hoc Event feature for managing conference events.  

Ç Includes Visual Learning Tools 

Ç Demonstration site available for pre-purchase evaluation 
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 Meet&Talk Feature List 

General 

Ç Variable size conferences for dial-in telephone and Voice-over-
IP based participants that are simple to install, operate and 
maintain.  

Ç The system is capable of Operating within the infrastructure of 
a multinational company which is seeking to substantially 
reduce operating costs, and provide additional features, for 
their audio conferencing needs through the procurement of 
their own in-house equipment. 

Ç Capable of customisation to provide ŀ ΨōŜǎǘ-ŦƛǘΩ ǎƻƭǳǘƛƻƴ ǘƻ 
corporate business processes.  

Ç Capable of operating in a Vital-to-business mode. 

Ç Simultaneous operation using traditional telephony and VoIP 
(Voice-Over-IP) telephony technology. 

Ç Provides simple operation for Users on a similar basis to the 
MeetMe system they may be already using with Chairperson 
and Participant Conference Code Access. 

Ç Is exceptionally reliable and able to operate 24/7 without 
interruption 

Ç Lǎ ŎŀǇŀōƭŜ ƻŦ ŎǳǎǘƻƳƛǎŀǘƛƻƴ ǘƻ ŜƴƘŀƴŎŜ ŎƻǊǇƻǊŀǘŜ ǳǎŜǊΩǎ 
business processes 

Ç Has the potential to handle very large conferences (140 
participants and higher) across multiple bridges, up to the total 
physical capacity of the system(s). e.g. for a 2 x 240 channel 
system this would be a max conference size of 480 channels. 
The conference will be bridged between the bridges either 
using VoIP or PSTN. 

Ç Unlimited number of participants and conferences up to the 
capacity of the bridge 

Ç Ability to dial out for chairpersons and Control Screen 
Operators.  This can feature can be disabled by the 
Administrator. 

Ç Optional upgrade to enable "virtual" single bridge split across 
multiple sites so that participants can dial into any physical 
bridge to join a conference. A master/slave conference 
technology will be introduced to provide for this and so enable 
calls to a conference to be made into any of the bridges. For 
example, if the first five callers dial into the Bridge 1 and the 
next five dial into the Bridge 2 then they will be connected into 
a single conference.  The conference will be bridged between 
the bridges either using VoIP or PSTN.  

Ç The system comprises both a User personal MeetMe system 
with an integrated Ad Hoc Event Conference Sessions.  Ad Hoc 
Event Conference Sessions are simply a stand-alone 
conferences with temporary conference codes on the system 
that is being used to manage an Event, such as an 
announcement by the Chief Executive Officer. This means that 
the CEO can run a conference without using his/her private 
personal conference codes, or a telecommunications provider, 
such as British Telecom, can use this to manage incidents on 
their network. 

Ç The System is simple to operate from a User and Administrator 
perspective 

Ç Ability to set-up remote country access numbers (DIDs) for User 
access 

Ç The system supports two types of conferences ς both do not 
require pre-booking and have an associated Chairperson and 

Participant Conference Code. 

o User Personal Conferences 

o Ad Hoc Event Conferences  

Ç Ability to record long conferences ς e.g. greater than one week 
ς where the recording is paused during periods of silence to 
minimise file size and therefore disk usage. 

Ç There is no limit to the duration of Conference calls 

Ç As optional extra, it is possible to establish a permanent 
conference which does not expire.  (I.e. once set up to be left 
available until agreed to be closed down) 

Ç System administration/management will be through browser 
access 

Ç System to include Video tutorials for Users and Administrators 

Set Up & Configuration 

Ç The system will require the least possible input from the 
corporate IT/Telephony persons prior to, and during, the 
installation. 

Ç The conference entry and exit prompts are system-wide 
settable for different options. 

Ç Operating with minimal support and User administrative 
overhead 

Ç Male or Female administration voice prompts options are 
available. 

Ç Capability to import existing conference codes from and 
existing MeetMe type service so that User changeover 
disruption is minimised  

Ç Prompt cards can be optionally provided for Users showing key 
press options and personal Conference Codes.  

 

 

Figure 1: Prompt Card ς Front 

 

 

Figure 2: Prompt Card ς Back 
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Ç The Chairperson and Participant code length is Administrator 
configurable. E.g. 5 digit or longer for new User registrations. 

Ç Has ability for Administrator to customise via web interface the  
email welcome and other User related messages 

Ç Corporate branding of the Web screens 

Ç Is compatible with the existing Telephony Standards and be 
capable of operating over the ATM backbone. 

Ç Is capable of operŀǘƛƴƎ ƛƴ ΨƳǳƭǘƛǇƭŜ ōǊƛŘƎŜ ƳƻŘŜΩΦ ¢Ƙƛǎ ƳŜŀƴǎ 
that any User added or modified on one of the Bridges will 
automatically be registered on the other systems. 

Ç Possibility to have equipment located in multiple physical 
locations for User convenience and to enhance system 
resilience 

Ç Simple Web Browser interfaces: These have a neutral colour 
scheme as standard which can be incorporated into a 
Corporate Web Site.  These interfaces can be optionally 
modified to comply with corporate Web Interface standards. 

Ç The Users on the Conference Bridge can be set into separate 
partitions so that each Web-Interface area is separate.   

Ç In an Operational Priority situation, separate segment(s) can be 
allocated on the Bridge that is not used by the general usage.  
This could be accessed via a separate dial-in number. 

Ç Versions also available where participants are dialled by an 
operator using a windows-based control screen. 

Ç System can be made accessible through DDI, by external callers. 

Ç International dial in numbers can be associated with the Bridge. 
See end of this document for details of implementation. 

Operation Features 

Ç This System operates with the absolute minimum of effort by 
both conference participants and support personnel. 

Ç User Registrations and Ad-Hoc Conferences in less than 1 
minute  

Ç It requires no user set-up to pre-book conferences.  Entry to 
conferences by Participants is by fixed pre-assigned Conference 
Codes which are allocated to Conference Organisers who are 
registered on the system. 

Ç Individuals who want to organise conferences (Conference 
Organisers/Chairpersons) are allocated two five-digit 
Conference Codes.  
   Chairperson Code: Identifies the Conference Organiser 
   Participant Code: Given out by Conference Organiser for 
invited participants to use to join ConfereƴŎŜ hǊƎŀƴƛǎŜǊΩǎ 
conference. 

Ç Conference Codes are issued via a simple, automated Web-
Browser based interface for the creation and maintenance of 
ǳǎŜǊǎΦ  ¢Ƙƛǎ Ŏŀƴ ƻǇŜǊŀǘŜ ƻƴ ŀ ΨǎŜƭŦ ǎŜǊǾƛŎŜΩ ōŀǎƛǎ ǿƘŜǊŜ ƴŜǿ 
users are automatically allocated codes that are emailed to 
them.  These Codes can be changed by the User via the Web 
interfaces. 

Ç Conference Code numbers are allocated dynamically against 
departmental codes, with minimal administration overhead 
using the following system-wide settable options: 

1. Users can freely register and use the system 

2. Users can freely register, but require Administrator 
authorisation before they can use the system 

3. Only Administrators can register a new User. 

Ç All Participants and Conference Organisers dial the same 

number to join a conference. The codes identify which 
conference they will join.  An audio prompt asks the caller to 
enter a code. The Organiser enters /ƘŀƛǊǇŜǊǎƻƴΩǎ Code; other 
participants enter the Participant Code.  

Ç Users can dial in at any time with no restriction other than 
knowledge of the appropriate Conference Code. 

Ç Unlimited number of participants up to the capacity of the 
bridge 

Ç Upon entry into the conference, the participants hear an audio 
prompt, which asks them to speak their name. This recorded 
prompt identifies them when they join or leave a conference. 
¢Ƙƛǎ Ŏŀƴ ōŜ ƻǇǘƛƻƴŀƭƭȅ ŘƛǎŀōƭŜŘ Ǿƛŀ ǘƘŜ Ψaȅ ¦ǎŜǊΩ ²Ŝō ƛƴǘŜǊŦŀŎŜΦ  

Ç If a Participant is the only one present in a conference, they 
ƘŜŀǊ ΨaǳǎƛŎ ƻƴ IƻƭŘΩΦ 

Ç If the Conference Organiser in not present then all Participants 
ƘŜŀǊ ΨaǳǎƛŎ ƻƴ IƻƭŘΩ 

Ç Conferences do not start until the chairperson is present. Once 
the chairperson is present, all participants then have the ability 
talk/listen as they require. 

Ç ¢ƘŜ ŦƛǊǎǘ ƳŜƳōŜǊ ƻŦ ǘƘŜ ŎƻƴŦŜǊŜƴŎŜ ǿƛƭƭ ƘŜŀǊ ŀ ƳŜǎǎŀƎŜ Ψ¸ƻǳ 
are the only pŀǊǘƛŎƛǇŀƴǘ ƛƴ ǘƘŜ ŎƻƴŦŜǊŜƴŎŜΩ 

Ç 5ŜƭŜƎŀǘŜǎ ǘƻ ǊŜŎŜƛǾŜ ƘƻƭŘ ŎƻƴŘƛǘƛƻƴ ǳƴǘƛƭ άŀǊǊƛǾŀƭέ ƻŦ ŎƘŀƛǊƳŀƴΦ   

Ç Each participant will be required to speak their name on entry 
so that they can be announced on entering and leaving.  This 
option can be globally switched off if required. 

Ç Procedure when Participant first dials in: 

o First, hears welcome pre-configurable message:  

o ά²ŜƭŎƻƳŜ ǘƻ ǘƘŜ [Corporate Name Here] Service, please 
ŜƴǘŜǊ ȅƻǳǊ /ƻƴŦŜǊŜƴŎŜ /ƻŘŜΦέ 

o If participant enters with Valid Conference Code but 
Conference Organiser is not present:  

άConference Organiser not currently present, you will be placed 
ƻƴ ƘƻƭŘ ǳƴǘƛƭ ǘƘŜȅ ŜƴǘŜǊΦ ώaǳǎƛŎ ƻƴ ƘƻƭŘϐέ 

o If participant enters with Valid Conference Code and 
Conference Organiser is present:  

Spoken name as each new participant enters conference. 

Ç All participants will have full speak and listen capabilities on 
entry to the conference. 

Ç Participants who drop out of Conference can simply redial to 
rejoin following normal procedure. 

Ç There is no limit on the number of participants in each 
conference, other than the physical limit of the bridge.  The 
ŎŀǇŀŎƛǘȅ ƻŦ ǘƘŜ .ǊƛŘƎŜ ƛǎ ŀƭƭƻŎŀǘŜŘ ƻƴ ŀ ΨŦƛǊǎǘ-come first-ǎŜǊǾŜŘΩ 
basis.  Participants can remain in a conference after the 
Conference Organiser has left, but no new participants can join. 

Ç Participants within the conferences can at any time use their 
telephone handset to adjust the volume of both their handset 
earpiece and mouthpiece. 

Ç Telephone Key Press Options during a conference. 
To invoke an option, the participant presses Ψ*Ω, which then 
plays them a menu of options (which they can interrupt, if they 
know the key-press). The options available depend on whether 
they are using a "Chairperson" or a "tŀǊǘƛŎƛǇŀƴǘΩǎ /ƻŘŜ". 

*1 mute or un-mute self.  

*2 lock or unlock the conference. A locked conference does 
not allow anyone else to join. (Organiser only)  

*3 eject the last user who joined the conference. (Organiser 
only)  
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*4 decrease earpiece volume (8 to exit)  

*5 pause/restart recording (Organiser only)  

*6 increase earpiece volume (8 to exit)  

*7 decrease microphone volume (8 to exit)  

  8 exit menu and return to conference  

*9 increase microphone volume (8 to exit)  

*0 Role call of participants 

e.g. To mute/un-mute, press *1 ['*' accesses menu, '1' 
mutes/un-mutes] 

At any time Chairperson can press 9 to access a dial-tone that 
enables them to add participants. (System-wide Configurable 
Option - Chairpersons only) 

Ç Multiple Conferences can be managed from a single web based 
screen. This is essential as Ad Hoc Event Managers often find 
that they are managing up to six different Conferences. These 
are visible and can be managed from a single screen. 

Ç A Control Screen is available for the management of Live 
Conferences. This enables 

o A view of who is in the conference 

o Identification of noisy participants 

o Mute/Un-Mute of participants 

o Eject/Disconnect  participants 

o Download a list of participants for critical reporting 
purposes 

Registration, Reporting and Configuration Screens 

Ç Web-based Users Log-on permissions enable access control to 
Reports and administration areas. 

Ç There are two types of login access levels. 

Ç User Area ς ŀŎŎŜǎǎ ǘƻ Ψaȅ ¦ǎŜǊ !ǊŜŀΩ 

Ç Administrator Area ς Access to system set-up and usage reports 

Ç User Login Screen: The Reporting and Configuration Screens 
are accessed via a Web-Browser based user login screen.  

 

Figure 3: User Login Screen 

Ç Main Index: There are two levels of access to the User Options 
Main Index which allows access to the Reporting and 
Configuration Screens: 

o Conference Organiser Reports: ς Report shown for Logged-on 
Conference Organiser. 

Á All Held Conferences on a specific day in past 

Á All Held Conferences from date in past 

Á Recordings save/delete and playback 

Á Bridge Usage statistics for User 

o System  Administration  Access  Area 

Á Users Database Maintenance 

Á System Setup 

Fig: 1 My User Area 

 

Ç Users Registration Area. There are two types of users, viz: 
Conference Organisers and System Administrators. The User 
Name and log-on Password are used by the User to log onto 
the system to view reports etc. New Users are registered with 
the system so that they can be automatically emailed their two 
Conference Codes. These Conference Codes are associated with 
the registered participant for the life of their registration on the 
system, but can be changed by them periodically. 

 

 

Fig: 2 User Registration Details 
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Ç Registered Users Report Screen. This screen shows all the 
Users currently entered onto the Users Database. 

 

 

Figure 4: Registered User Report Screen 

Ç Conference Control Screen:  This screen enables the 
Chairperson/Operator to control the status of participants 
within their conference. The Meet&Talk Control Screen uses 
AJAX technology on the standard HTTP port, and therefore 
should not require any specialised firewall settings to operate. 

 

Fig: 3 Conference Control Screen 

Ç Real-Time Conference Analyser Tool: Use this tool to analyse 
who was in the conference, and who did not arrive at the 
correct time to join. e.g. the Organiser was not present.  

 

Fig: 4 Conference Analyser Tool 

This Tool lets you search for a Conference by Date, Start & End 
Time and list the state of the participants according to the following 
legend.  

Ç All Recordings from Specific Date for User. This screen shows 
all the past recordings associated with Conferences that the 

User has held.  Recordings are automatically set to be deleted 
in two weeks, but using this screen can be set to be deleted 
immediately, or retained for a period of up to 1 year.  The User 
can also click on a link to the recordings and play them back 
over their PC interface using standard Windows tools.  

 

Fig: 5 Recordings Management 

Ç Recording is a very useful feature for participants who miss a 
meeting. 

Ç Divisions ς the system is capable of supporting multiple 
Corporate Divisions so that users associated with each Division 
can be isolated from each other.  It is then possible to add a 
charging system, whereby Divisions are cross-billed for usage. 

Ç Ad Hoc Incidents ς The System also incorporates a system for 
running Ad Hoc Incidents.  This is effectively a non-user specific 
set of conference codes usable by all authorised users.  This is 
useful for organisations that manage systems that need 
telephone management in the event of a failure. 

Ç There are no limits on location of participants; they can be 
internal or external. 

Ç Dial out to external participants can be achieved by outbound 
dialling the number.  Once call established, the call is 
transferred into the conference.  

Ç Ability to allocate Conference Code numbers dynamically 

This is essential for security to be able to maintain tight control 
over conference participants where sensitive issues are being 
discussed. 

A browser-based interface is provided to enable User 
conferences to be scheduled with a standard 5 digit 
Conference, and an Ad-Hoc Event Conference with a User 
definable Conference Code.  These Conference Code numbers 
will be automatically emailed to the person making the booking 
so that this can be distributed to participants.   

Ç Role call is available without muting the bridge or playing to the 
whole bridge 

This is essential for security to check who is on a call and to 
allow the communications manager to record participants in 
logs. 

Each participant will be required to speak their name 
(Administrator System Settable) as part of the process of 
entering a conference. An operator function will be provided 
via telephone key-press whereby the operator can privately 
initiate a role call based on these names. 

Ç Ability to change the User Conference or Ad Hoc Conference 
greeting methodology. E.g. speak you name or simple beep on 
participant entry or exit to a conference. 

Ç Ability to record conference audio when the Chairperson dials 
in, or via the Conference Control, with: 

1. a warning announcement to this effect when Users join a 
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conference. 

2. an email link to the conference chairperson for playback 
and download purposes. 

Ç Ability to dial out via the Operator Interface or via the 
Operators Telephone handset key-presses. 

Ç Ability to eject participants either using telephone key-press 
options or an Operator Conference Control Interface.  

Ç Ability to identify noisy participants 

This would be useful to quickly identify noise sources and use 
the above facility to mute them 

Miton can optionally provide a browser-based Operator 
Interface whereby the operator can monitor the noise levels of 
each participant, probably by silently listening to the 
participant.  The Operator will have full control over muting of 
participants using this interface.  Once Muted, a participant can 
request to be un-muted via a telephone key-pad initiated. 

Tools and Reports 

Ç Conference Analyser Tool is provided enabling the real-time 
display of current and past participants who entered the 
conference. 

Ç Bridge Real-Time Usage report: A report is available to 
administrators to display the bridge usage on a per-channel 
basis so that availability of on-going capacity can be monitored. 

Ç Equipment can be located in multiple physical locations for 
User convenience and to enhance system resilience 

Ç Can provide detailed real-time reports on usage data that can 
be imported to other systems and tools, such as capacity 
reporting, MIS data 

Ç Optional billing reports split by cost code with the ability to 
amend pricing on a regular basis this is assuming that this can 
be on an incoming line price.  

                        e.g.  Internal calls changed at 5 ppm  

                                0800 calls charged at 10 ppm  

                                International calls charged at 5 ppm etc 

Ç Provides email/SMS alerts to Administrators for critical issues 
and bridge statistics 

Ç Can grow as usage needs grow by the addition of more Bridges 

Ç Providing for multiple dial in numbers and enable calls via PSTN 
and VoIP (SIP) 

Ç Enable optional data backup to corporate data-storage systems 

Ç Roll call without muting the bridge or playing to the whole 
bridge 

Ç Ability to change the greeting for each conference owner 

Ç Manage multiple conferences from web based screens 

Ç Settable Administrator login levels to provide restricted access 
to various menu levels within the system. 

Maintenance and Support 

Ç The system is capable of remote support via secure Web access 
for download of logs and issue resolution, and including Email 
and SMS alerts for event notification. 

 Technical Overview 

Ç Meet&Talk Conference Bridges consist of a single self contained 
unit that incorporates all the necessary components to conduct 
multiple Audio Conferences. 

Ç Each System Incorporates: 

1. Linux Operating System Software 

2. MySQL Databases for Users, Departments, Bookings, 
Configuration and Audio Recordings 

3. Apache Web server for remote Browser based setup and 
control.  

Ç Connected into existing PBX, or direct to Public Telephone 
Network (Analogue or Digital), or VoIP Data Network, it comes 
with Integrated Voice-Over IP (VoIP) as standard.  

 
Figure 5: Audio Conference Bridge Connection Schematic 

Ç Critical Application, resilient platform through the use of:  

1. redundant hardware at both equipment and system level 

2. sharing of conferences across bridges 

3. equipment located in difference physical locations 

4. option to add extra bridges to increase resilience 

5. ΨƳƛǊǊƻǊŜŘΩ ǳǎŜǊ ŘŀǘŀōŀǎŜǎ ŀŎǊƻǎǎ ōǊƛŘƎŜǎ 

6. system alerts and reports 

Ç E1/T1 Connectivity to an existing PBX or Public Telephone 
Network using Euro ISDN connectivity using RJ45 Q931, QSIG, 
DPNSS or similar.  

Ç Voice-Over-IP (VoIP) connectivity using SIP or H323 protocol 

Ç The Bridge capacity can be increased to 240 channels per 
physical unit.  This can be increased further by adding physical 
units. 

Ç The channels will be configured to make the bridge appear as a 
single, or multiple extensions of the PBX.  Access to the Bridge 
will be via direct dial to one of these extensions. 

Ç The equipment provides a path for integration of audio 
conference services into a future VoIP network. 

Ç Roll out the installation in a phased manner to gain experience 
before making a full user commitment 

Ç Optional https: web security level 

Physical System Components (Typical for reference only) 

Ç Typical Main Software Components: 

o Linux Operating System Software 

o MySQL Databases for Users, Bookings, Configuration, Call 
Statistics and Audio Recordings 

o Apache Web server to enable remote Browser based 
setup and control. 

o PHP-based web interfaces for bookings, reports and data 
entry 
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o Clock synchronisation software 

o VoIP Connectivity (SIP, H323) Option 

Ç  Typical Main Hardware Components: 

o м ƻŦŦ мфέ м¦ ƻǊ н¦ wŀŎƪ-Mount System 

o 1 off 1U or 2U Chassis: with 300W (N+1) redundant PSU 

o PICMG Pentium IV Full-size SBC, Intel 845GV, w/ VGA, 
10/100 single LAN 512MB DDR Memory Module with PIV 
2.8G/533 CPU 

o 1 off CDROM Drive 

o 1 off E1 Trunk Card with 4 ports.  

o н ƻŦŦ оΦрέ м60GB HDD or larger. 

Ç Connection options to the PSTN 

Supplied connection options: 
1. VoIP (SIP, H323 + Proprietary) 

2. Analogue 

3. DIGITAL - Primary Rate E1/T1 trunk Line using 
(Multiples of 1, 2 or 4 Ports) RJ45 

4. PRI Switch Compatibility 

Euro ISDN QSIG, DPNSS and A law PCM encoding 

 

Figure 6: E1/T1 ISDN PRI Card with four ports 

Physical Connection of the Bridge: 

An important concept of the system is that Callers can be 
connected to the Bridge via a number of routes.  

Can be connected: 

1. directly to the PSTN or via the local PBX using E1 Trunk(s) 
(or SIP) where all channels of the Bridge have a single 
specific PBX extension associated with them.   

2. Via remote Direct Inward Dial Access Points (DIDs) where 
the call them comes over the Internet to the Bridge. 

3. Directly via Voice Over IP using the SIP protocol. 

The diagram below shows the E1/T1 connection options together 
with other possible future modes of connection with 
enhancements. 

 
Figure 7: Generalised Audio Conference Bridge Connection Schematic 

In the generalised diagram, there are three types of participant 
connectivity shown: 

1. Connected through the normal telephone network (PSTN). 
Internal and external participants. 

2. Connected via a country-local normal telephone, but then 
via a PSTN-VoIP gateway over the internet to the Bridge 

3. Connected via VoIP (e.g. SIP) from a VoIP phone or 
soft-phone. 

The participants above can 
either be dialled by the 
conference owner, or can dial 
in directly to the conference by dialling the correct extension 
number that relates to the conference.  This is true of external 
callers providing the PBX supports DID to extensions. 

Installation Technical Requirements  

Systems are pre-configured prior to shipment and are capable of 
installation without Miton personnel present. They simply require 
power, a telephony connection and a network connection. They 
should start up ready for service when the power is applied.  Miton 
can provide on-site engineers, and/or monitor the installation 
remotely. 

Ç Each unit is a 1U or 2U 19-inch chassis with optional front fixing 
ears. The rack should be capable of holding units that are up to 
68cm deep. 

Ç Each unit contains dual redundant power supplies, and requires 
Customer to provide one or two 13A outlets (depending on the 
model our supplier uses). These should be from an 
uninterruptible power source if possible. 

Ç Each unit has a single 100BaseT LAN port with an RJ45 
connector. Customer should allocate a LAN port on the 
appropriate network for each unit. 

Ç Units may be supplied with Euro-ISDN trunks with RJ45 
connectors. Each trunk uses channels 1-15 and 17-31 as B-
channels, and 16 as the D-channel. 

Ç For installation, each unit will require a VGA monitor and PS/2 
keyboard (no mouse). The keyboard and Monitor may need to 
remain connected while the unit is operating. It would be 
helpful if the keyboard and monitor are left connected. These 
should be provided by Customer. 

Ç Customer should supply the following network configuration 
information for each unit in advance: 

o Hostname (simple or FQDN) 


