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Foreword 

 

Indian Railways uses its own Telecommunication network to fulfill its voice 

communication requirement between zonal headquarters, divisions and other 

railway units. Over the years, the conventional Railway telephone networks 

(RTN) and later on Integrated Services Digital Network (ISDN) exchanges are 

being used for this purpose. These exchanges work on circuit-switched 

technology in which voice travels over a dedicated line between the two 

destinations, as a result, the line remains occupied during the entire duration of 

the call. 

 

However, with VoIP (Voice over Internet Protocol) technology innovations, the 

exchange technology has also been shifted from circuit switching to packet 

switching due to its various advantages like accommodating more no. of users 

with less hardware requirements, ease of installation etc. In packet switching, 

packets are sent from the speaker to the listener only when someone actually 

says something while in traditional circuit switched telephone system, a two-

way connection is constantly maintained. In IP based exchanges, the switching 

operation is performed by a software called Softswitch instead of an electronic 

card used in previous exchanges. Many of the Railways have installed IP based 

telephone exchanges and rest are also gradually shifting from the conventional 

telephone exchanges or ISDN exchanges with the IP based exchanges to reap the 

benefits of the new technology. 

 

In continuing its efforts in documentation and upgradation of information, 

CAMTECH has prepared this handbook for S&T personnel to get them familiar 

with VoIP technologies and IP based Telephone Exchange (Aeonix of 

TADIRAN make) for its efficient operation and maintenance.  

 

CAMTECH Gwalior                                                 Jitendra Singh 

Date: 02.11.2020                                           Principal Executive Director 
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Preface 

Indian Railways has a large Railway Telephone Network (RTN) covering all its zones, 

divisions, production units, CTIs etc. Majority of Telephone Exchanges available on Indian 

Railways are ISDN (Integrated Services Digital Network) based which facilitates 

simultaneous digital transmission of voice, video and data over the traditional circuits of the 

public switched telephone network. ISDN Exchanges are electronic card based and works on 

circuit switching technology. 

 

The use of VoIP based technologies, which works on packet switching technology, is now a 

strategic element for telecommunication networks. Packet Switching transmits data across 

digital networks by breaking it down into blocks or packets for more efficient transfer using 

various network devices. The packet switching technology facilitates the use of Softswitch for 

swiching operation which is implemented in software as compared to the hardware based 

circuit switched exchanges. The IP based exchanges with Server gateway architecture and 

Softswitch at its core holds numerous advantages over its predecessors such as reduced cost of 

communication, ease of installation, accessibility and portability etc. These exchanges can 

easily be expanded to accommodate more no. of users with very less hardware expansion. 

 

CAMTECH has prepared this handbook with an objective to disseminate the information on 

IP based Telephone Exchange (Aeonix of TADIRAN make) among officials and maintenance 

staff of S&T (Telecom) department who deal with Telephone exchanges. This handbook 

contains overview of IP networks, IP Telephony & VoIP, Aeonix hardware & software, 

Managing users, profiles etc. through Aeonix web administrative portal, maintenance & 

troubleshooting etc. However, the references of TEC specifications on generic IP PBX are 

also given at Annexure-II for more information. 

 

We are sincerely thankful to M/s Tadiran Telecom Ltd., M/s BPL Telecom Ltd. and S&T 

personnel of Indian Railways who helped us in preparing this handbook. Since technological 

upgradation and learning is a continuous process, you may feel the need for some 

addition/modification in this handbook. If so, please give your comments on email address 

dirsntcamtech@gmail.com or write to us at Indian Railways Centre for Advanced 

Maintenance Technology, In front of Adityaz Hotel, Airport Road, Near DD Nagar, 

Maharajpur, Gwalior (M.P.) 474005.   

 

CAMTECH Gwalior                                                     Dinesh Kumar Kalame 

Date: 28.10.2020       Joint Director (S&T) 

 

mailto:dirsntcamtech@gmail.com
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Disclaimer 

It is clarified that the information given in this handbook does not 

supersede any existing provisions laid down in the IR Telecom 

Engineering Manual, Railway Board and RDSO publications. This 

document is not statuary and instructions given are for the purpose 

of guidance only. If at any point contradiction is observed, then 

Signal Engineering Manual, Telecom Engineering Manual, Railway 

Board/RDSO guidelines may be referred or prevalent Zonal 

Railways instructions may be followed. 
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Our Objective 

 

To upgrade Maintenance Technologies and Methodologies and achieve 

improvement in Productivity and Performance of all Railway assets and 

manpower which inter-alia would cover Reliability, Availability and 

Utilisation. 

 

If you have any suggestion & any specific comments, please write to us:  

Contact person        :  Jt. Director (Signal & Telecommunication) 

Postal Address  : Centre for Advanced Maintenance Technology, 

Opposite Hotel Adityaz, Near DD Nagar, 

Maharajpur,  Gwalior (M.P.) Pin Code – 474 005 

Phone                   :  0751 - 2470185 

Fax          :  0751 – 2470841 

Email                   :  dirsntcamtech@gmail.com 
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1 Chapter  

Introduction and Overview of IP Network 
 

1.1 Introduction 

Indian Railways uses its own Telecommunication network to fulfill its voice communication 

requirement between zonal headquarters, divisions and other railway units. It also has its own 

STD codes for intra exchange routing of calls. Over the years, the conventional Railway 

telephone networks (RTN) are being used for this purpose. These are circuit switched and 

deliver voice over a dedicated line between the two destinations through which voice travels. 

The line remains occupied during the entire duration of the call. As a result, other calls cannot 

utilize this channel during this period of the existing call. The channel remains occupied not 

only during the actual conversation but also during periods of pause during conversation. 

Thus, this system is not very efficient. Besides this, it also needs dedicated infrastructure from 

end-to-end. 

 

In view of this, Indian Railways shifted its core voice network to IP by implementing NGN 

(Next-Generation Network) in 2009 using the MPLS (Multiprotocol Label Switching) 

infrastructure of RailTel Corporation of India Limited (RCIL) and most of the main 

exchanges of Indian Railways were interconnected through NGN by then. Next-generation 

networks with IP based Telephone Exchanges allow convergence of different network 

architectures. 

 

With the increased use of data networks on Indian Railways and VoIP becoming a familiar 

technology, Railway Board issued guidelines in 2012 (vide Telecom Circular No. 12/ 2012) 

carving a path for full migration of RTN on VoIP based technology. The instructions have 

since been modified in the year 2015 to facilitate Railways in this migration. Many of the 

Railways have installed VoIP exchanges and rest are also gradually shifting from the 

conventional EPABX exchanges with the VoIP exchanges to reap the benefits of the new 

technology. 

 

Next-generation networks with IP based Telephone Exchanges allow convergence of different 

network architectures. The frontrunner of this convergence includes SIP (Session Initiation 

Protocol) making it possible for all three services- voice, data and video to flow over the same 

network. Soft-switch is the key component of Telephone Exchange network and is designed 

to replace traditional hardware telephone switches by serving as gateways between telephone 

networks. 
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In this handbook, we have covered the overview of IP technology & IP Telephony, Basics of 

IP based telephone exchanges (IP PBX), Network architecture of Tadiran make IP Aeonix 

Server, its installation and configuration, maintenance & troubleshooting, protocols & 

software used, services that supports etc.  

 

1.2 Overview of IP Network 

 

1.2.1 Network 

A network is a group of two or more connected computing devices. Usually all devices in the 

network are connected to a central hub — for instance, a router. A network can also include 

subnetworks, or smaller subdivisions of the network. Subnetworking is how very large 

networks, such as those provided by ISPs, are able to manage thousands of IP addresses and 

connected devices. 

 

Think of the Internet as a network of networks: computers are connected to each other within 

networks, and these networks connect to other networks. This enables these computers to 

connect with other computers both near and far. 

 

1.2.2 Network layer: 

Anything that has to do with inter-network connections takes place at the network layer. This 

includes setting up the routes for data packets to take, checking to see if a server in another 

network is up and running, and addressing and receiving IP packets from other networks. This 

last process is perhaps the most important, as the vast majority of Internet traffic is sent over 

IP. 

 

1.2.3 Packet 

All data sent over the Internet is broken down into smaller chunks called "packets." When 

sender sends a message, for instance, his message is broken down into smaller pieces and then 

reassembled on receiver's computer. A packet has two parts: the header, which contains 

information about the packet itself, and the body, which is the actual data being sent. 

 

At the network layer, networking software attaches a header to each packet when the packet is 

sent out over the Internet, and on the other end, networking software can use the header to 

understand how to handle the packet. 

 

A header contains information about the content, source, and destination of each packet 

(somewhat like stamping an envelope with a destination and return address). For example, an 

IP header contains the destination IP address of each packet, the total size of the packet, an 

indication of whether or not the packet has been fragmented (broken up into still smaller 

pieces) in transit, and a count of how many networks the packet has traveled through. 
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1.2.4 OSI model 

The Open Systems Interconnection (OSI) Model is a description of how the Internet works. It 

breaks down the functions involved in sending data over the Internet into seven layers. Each 

layer has some function that prepares the data to be sent over wires, cables, and radio waves 

as a series of bits. 

 

The seven layers of the OSI model are: 

 

1. Application layer: Data generated by and usable by software applications. The main 

protocol used at this layer is HTTP. 

2. Presentation layer: Data is translated into a form the application can accept. Some 

authorities consider HTTPS encryption and decryption to take place at this layer. 

3. Session layer: Controls connections between computers (this can also be handled at 

layer 4 by the TCP protocol). 

4. Transport layer: Provides the means for transmitting data between the two connected 

parties, as well as controlling the quality of service. The main protocols used here are 

TCP and UDP. 

5. Network layer: Handles the routing and sending of data between different networks. 

The most important protocols at this layer are IP and ICMP. 

6. Data link layer: Handles communications between devices on the same network. If 

layer 3 is like the address on a piece of mail, then layer 2 is like indicating the office 

number or apartment number at that address. Ethernet is the protocol most used here. 

7. Physical layer: Packets are converted into electrical, radio, or optical pulses and 

transmitted as bits (the smallest possible units of information) over wires, radio waves, 

or cables. 

 

It is important to keep in mind that the OSI model is an abstract conceptualization of the 

processes that make the Internet work, and interpreting and applying the model to the real-

world Internet is sometimes a subjective exercise. 

 

The OSI model is useful for helping people talk about networking equipment and protocols, 

determining which protocols are used by which software and hardware, and showing roughly 

how the Internet works. But it is not a rigid step-by-step definition of how Internet 

connections always function. 

 

1.2.5 OSI model vs. TCP/IP model 

The TCP/IP model is an alternative model of how the Internet works. It divides the processes 

involved into four layers instead of seven. Some would argue that the TCP/IP model better 

reflects the way the Internet functions today, but the OSI model is still widely referenced for 

understanding the Internet, and both models have their strengths and weaknesses. 
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In the TCP/IP model, the four layers are: 

 

1. Application layer: This corresponds, approximately, to layer 7 in the OSI model. 

2. Transport layer: Corresponds to layer 4 in the OSI model. 

3. Internet layer: Corresponds to layer 3 in the OSI model. 

4. Network access layer: Combines the processes of layers 1 and 2 in the OSI model. 

 

But where are OSI layers 5 and 6 in the TCP/IP model? Some sources hold that the processes 

at OSI layers 5 and 6 either are no longer necessary in the modern Internet, or actually belong 

to layers 7 and 4 (represented by layers 4 and 3 in the TCP/IP model). 

 

For instance, since the TCP protocol opens and maintains sessions at OSI layer 4, one could 

consider OSI layer 5 (the "session" layer) to be unnecessary — and it is not represented in the 

TCP/IP model. Additionally, HTTPS encryption and decryption can be considered an 

application layer (OSI layer 7 or TCP/IP layer 4) process instead of a presentation layer (OSI 

layer 6) process. 

 

 

1.2.6 Difference between the 'network' layer and the 'Internet' layer 

In the TCP/IP model, there is no "network" layer. The OSI model network layer roughly 

corresponds to the TCP/IP model Internet layer. In the OSI model the network layer is layer 3; 

in the TCP/IP model the Internet layer is layer 2. 

 

In other words, the network layer and the Internet layer are basically the same thing, but they 

come from different models of how the Internet works. 

 

1.2.7 Protocols used at the network layer 

A protocol is an agreed-upon way of formatting data so that two or more devices are able to 

communicate with and understand each other. A number of different protocols make 

connections, testing, routing, and encryption possible at the network layer, including IP, 

IPsec, ICMP, IGMP and GRE. 

 

1.2.8 Internet Protocol (IP) 

The Internet Protocol (IP) is a protocol, or set of rules, for routing and addressing packets of 

data so that they can travel across networks and arrive at the correct destination. Data 

traversing the Internet is divided into smaller pieces, called packets. IP information is attached 

to each packet, and this information helps routers to send packets to the right place. Every 

device or domain that connects to the Internet is assigned an IP address, and as packets are 

directed to the IP address attached to them, data arrives where it is needed. 
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Once the packets arrive at their destination, they are handled differently depending on which 

transport protocol is used in combination with IP. The most common transport protocols are 

TCP and UDP. 

 

1.2.9 Network protocol 

In networking, a protocol is a standardized way of doing certain actions and formatting data 

so that two or more devices are able to communicate with and understand each other. 

 

To understand why protocols are necessary, consider the process of mailing a letter. On the 

envelope, addresses are written in the following order: name, street address, city, state, and 

pin code. If an envelope is dropped into a mailbox with the pin code written first, followed by 

the street address, followed by the state, and so on, the post office won't deliver it. There is an 

agreed-upon protocol for writing addresses in order for the postal system to work. In the same 

way, all IP data packets must present certain information in a certain order, and all IP 

addresses follow a standardized format. 

 

1.2.10 IP address and how does it work? 

An IP address is a unique identifier assigned to a device or domain that connects to the 

Internet. Each IP address is a series of characters, such as '192.168.1.1'. Via DNS resolvers, 

which translate human-readable domain names into IP addresses, users are able to access 

websites without memorizing this complex series of characters. Each IP packet will contain 

both the IP address of the device or domain sending the packet and the IP address of the 

intended recipient, much like how both the destination address and the return address are 

included on a piece of mail. 

 

1.2.11 IPv4 vs. IPv6 

The fourth version of IP (IPv4 for short) was introduced in 1983. However, just as there are 

only so many possible permutations for automobile license plate numbers and they have to be 

reformatted periodically, the supply of available IPv4 addresses has become depleted. IPv6 

addresses have many more characters and thus more permutations; however, IPv6 is not yet 

completely adopted, and most domains and devices still have IPv4 addresses. 

 

1.2.12 IP packet 

IP packets are created by adding an IP header to each packet of data before it is sent on its 

way. An IP header is just a series of bits (ones and zeros), and it records several pieces of 

information about the packet, including the sending and receiving IP address. IP headers also 

report: 

 Header length 

 Packet length 
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 Time To Live (TTL), or the number of network hops a packet can make before it is 

discarded 

 Which transport protocol is being used (TCP, UDP, etc.) 

 

In total there are 14 fields for information in IPv4 headers, although one of them is optional. 

 

1.2.13 TCP/IP 

The Transmission Control Protocol (TCP) is a transport protocol, meaning it dictates the way 

data is sent and received. A TCP header is included in the data portion of each packet that 

uses TCP/IP. Before transmitting data, TCP opens a connection with the recipient. TCP 

ensures that all packets arrive in order once transmission begins. Via TCP, the recipient will 

acknowledge receiving each packet that arrives. Missing packets will be sent again if receipt 

is not acknowledged. 

 

TCP is designed for reliability, not speed. Because TCP has to make sure all packets arrive in 

order, loading data via TCP/IP can take longer if some packets are missing. 

 

TCP and IP were originally designed to be used together, and these are often referred to as the 

TCP/IP suite. However, other transport protocols can be used with IP. 

 

1.2.14 UDP/IP 

The User Datagram Protocol, or UDP, is another widely used transport protocol. It's faster 

than TCP, but it is also less reliable. UDP does not make sure all packets are delivered and in 

order, and it doesn't establish a connection before beginning or receiving transmissions. 

 

UDP/IP is usually utilized for streaming audio or video, as these are use cases where the risk 

of dropped packets (meaning, missing data) is outweighed by the need to keep the 

transmission real-time. For instance, when users are watching a video online, not every pixel 

has to be present for every frame of the video. Users would rather have the video play at 

normal speed than sit and wait for every bit of data to be delivered. 

 

1.2.15 Network Routing 

Network routing is the process of selecting a path across one or more networks. The principles 

of routing can apply to any type of network, from telephone networks to public transportation. 

In packet-switching networks, such as the Internet, routing selects the paths for Internet 

Protocol (IP) packets to travel from their origin to their destination. These Internet routing 

decisions are made by specialized pieces of network hardware called routers. 

 

A router is a piece of network hardware responsible for forwarding packets to their 

destinations. Routers connect to two or more IP networks or subnetworks and pass data 
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packets between them as needed. Routers are used in homes and offices for setting up local 

network connections. More powerful routers operate all over the Internet, helping data packets 

reach their destinations. 

 

Consider the Figure 1.1: Network Routing. For a data packet to get from Computer A to 

Computer B, should it pass through networks 1, 3, and 5 or networks 2 and 4? The packet will 

take a shorter path through networks 2 and 4, but networks 1, 3, and 5 might be faster at 

forwarding packets than 2 and 4. These are the kinds of choices network routers constantly 

make. 

 

 

 

 

 

 

 

 

 

 

 

 

 

Routers refer to internal routing tables to make decisions about how to route packets along 

network paths. A routing table records the paths that packets should take to reach every 

destination that the router is responsible for. Think of train timetables, which train passengers 

consult to decide which train to catch. Routing tables are like that, but for network paths 

rather than trains. 

 

Routers work in the following way: when a router receives a packet, it reads the headers* of 

the packet to see its intended destination, like the way a train conductor may check a 

passenger's tickets to determine which train they should go on. It then determines where to 

route the packet based on information in its routing tables. 

 

Routers do this millions of times a second with millions of packets. As a packet travels to its 

destination, it may be routed several times by different routers. 

 

Routing tables can either be static or dynamic. Static routing tables do not change. A network 

administrator manually sets up static routing tables. This essentially sets in stone the routes 

data packets take across the network, unless the administrator manually updates the tables. 

 

Figure 1.1: Network Routing 
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Dynamic routing tables update automatically. Dynamic routers use various routing protocols 

(see below) to determine the shortest and fastest paths. They also make this determination 

based on how long it takes packets to reach their destination — similar to the way Google 

Maps, Waze, and other GPS services determine the best driving routes based on past driving 

performance and current driving conditions. 

 

Dynamic routing requires more computing power, which is why smaller networks may rely on 

static routing. But for medium-sized and large networks, dynamic routing is much more 

efficient. 

 

*Packet headers are small bundles of data attached to packets that provide useful information, 

including where the packet is coming from and where it is headed, like the packing slip stamped on the 

outside of a mail parcel. 
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2 Chapter 

IP telephony & VoIP (Voice over Internet Protocol) 
 

Traditionally Internet had been used for exchanging messages but due to advancement in 

technology, its service quality has increased manifold. It is now possible to deliver voice 

communication over IP networks by converting voice data into packets. 

 

IP telephony has to do mainly with digital telephony systems (IP PBX systems) which use the 

IP protocol entirely for voice communication. All components of the IP telephony system use 

digitized voice which is transferred as IP packets through an IP network. 

 

VoIP on the other hand is a subset of IP Telephony. VoIP is the basis for the implementation 

and functionality of an IP Telephony system. VoIP can also be used by legacy TDM based 

PBX systems to transport voice calls over an IP WAN network or even over the Internet.  

 

2.1 How does IP Telephony & VoIP work? 

In VoIP technology, the analogue voice signal is digitized (analog to digital conversion) and 

becomes binary numbers in order to be transferred by the IP protocol. 

 

When you speak at the handset or a microphone, your voice generates analogue signals. The 

VoIP phones translate these analogue voice signals into digital voice (binary voice) which are 

further routed as IP packets through gateways and servers over the IP network till reaching to 

the destination. This destination can be another VoIP phone or the PSTN or PBX telephone. 

On this destination, the voice is again brought back to its analog form so that it is perceptible 

to a human ear. 

 

Special voice gateways are used to connect an IP Telephony system with the public switched 

telephone network (PSTN) or PBX telephone system in order to translate the analogue voice 

stream into IP voice packets and the vice-versa. 

 

Using the voice gateways, both VoIP phones and PSTN telephones can call each other. 

 

During the entire process, a protocol like SIP or H.323 is used to control the call (e.g. setting 

up connection, dialing, disconnecting etc.) and RTP is used for reliable transmission of data 

packets and maintain Quality of Service. 

 

 

http://www.siptutorial.net/SIP/index.html
http://www.siptutorial.net/RTP/index.html
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2.2 Drawbacks of PSTN or PBX 

 

 Data has overtaken voice as the primary traffic on many networks built for voice.  

 

Data is now running on top of networks that were built to carry voice efficiently. Data 

has different characteristics, however, such as a variable use of bandwidth and a need 

for higher bandwidth.  

 

Now, voice networks are running on top of networks built with a data-centric approach. 

Traffic is thus differentiated based upon application instead of physical circuits. New 

technologies (such as Fast Ethernet, Gigabit Ethernet, and Optical Networking) are 

being used to deploy the high-speed networks that needed to carry all this additional 

data.  

 

 The architecture built for voice is not flexible enough to carry data 

 

Circuit-switched calls require a permanent 64-kbps dedicated circuit between the two 

telephones. Whether the caller or the person called is talking, the 64-kbps connection 

cannot be used by any other party. This means that this bandwidth cannot be used for 

any other purpose. Data networking, on the other hand, has the capability to use 

bandwidth only when it is required. 

 

2.3 Advantages of VoIP 

1. Improved efficiency: Using a packet switched network as in the case of VoIP increases 

the usage for the available capacity when compared to analogue circuit switched lines. 

This improvement in efficiency reduces overpaying costs and enables the 

telecommunications provider to offer a far more cost effective service. 

 

2. Reduced cost of Communication: VoIP calls are known to be much cheaper than 

equivalent services offered by traditional phone companies. A single broadband network 

is used to carry both voice and data. This substantial cost saving occurs because the 

technology allows the network to carry several calls in the same amount of space that 

normally carries a single call in a traditional phone network. Also, the data is compressed 

allowing more space and thus, lower rates. 

 

3. Flexibility: It is easy to make calls using VoIP, either by using a computer (software 

phones) or using a special VoIP phone (Hardware phones). 
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4. Accessibility: Distance or location makes no difference to a VoIP system, whether you 

are calling your head office situated outside the country or calling to the other side of the 

world. As long as you both have an internet connection, communication is possible. 

 

5. Portability: VoIP customers can carry their IP phone or device provided from their 

carriers and is able to work anyplace or anywhere not bound of geographical location. 

Only availability of network service is required. 

 

6. Redundancy or High Availability: VoIP have an advantage of redundancy. Redundancy 

means multiple points of contact. There can be multiple VoIP back-end servers located at 

various far places. If one cannot serve, other can provide services. 

 

7. Ease of deployment: Many functions requiring multiple distributed points of presence 

can be centralized in VoIP domain owing to the unique characteristics of VoIP call-

controllers, thereby reducing administrative overheads and accelerating deployment. 

 

8. Simplification of transport networks: Standard IP networks after configuration can be 

used to carry VoIP packets, thus eliminating the need to establish leased lines dedicated to 

voice prior to establishment. 

 

9. Value added services: VoIP infrastructure can be utilized to host and implement various 

services for customers like, MMS, IVRS, and VIDEOCONFERENCE services. 

 

10. Scalability: VoIP services can be easily upgraded owing to the simplicity of VoIP 

operations. VoIP network is perfect for small and large business communities can be 

expended at any time just by increasing the license at server, and connecting additional 

voip phones to already established LAN network. 

 

2.4 Disadvantages of VoIP 

1. Reliability: Although internet has high bandwidth. But it is a shared packet based 

network. There is no way to give a dedicated speed to the VoIP. This may result in the 

poor quality of calls. For example you might experience that sometimes, VoIP call quality 

is good, and some time not. It is not only your internet connection speed which decides the 

call quality. But also the available bandwidth and reliability on intermediate network such 

as routers/switches and other connectives. 

 

2. Power Outage: VoIP is electricity-dependent. No service during power outage. The 

remedy for this drawback can be quite expensive. By providing POE Switches and 

additional Back-up Power supply (UPS) to make use our equipment during blackouts. 
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3. Security: Security is a main concern with VoIP, as it is with other Internet technologies. 

The most prominent security issues over VoIP are hacking identity and service theft. This 

is due to the less time given for scanning data packets. VOIP is also affected by worms, 

viruses and malware, denial of service, spamming, call tampering and phishing attacks. 

All these pose a threat to the security. 

 

4. Processor Issues: The quality of the VoIP calls depends upon the specifications of the 

server being used. The processor is allocated to different processes sequentially in multi 

programming. So when you want to execute a program while you are using the phone, the 

quality of the call tends to decrease. Such issues are always present while working with a 

Server with less processor speed. Hence the selection of hardware for server should be 

chosen to cater the present and future needs. 

 

2.5 Elements of VoIP 

 

2.5.1 IP-PBX (server) 

This is a common server on which VoIP software is installed and configured to provide IP- 

Telephony. It is a PBX (Private branch Exchange) phone system that uses IP (Internet 

Protocol) data networks to manage call switching between clients, connecting multiple 

protocols, route calls and handle other messaging services.  

 

IP PBX system consists of one or more SIP phones / VoIP phones, an IP PBX server and 

optionally includes a VoIP Gateway. The IP PBX server is similar to a proxy server: SIP 

clients, being either soft phones or hardware based phones, register with the IP PBX server, 

and when they wish to make a call they ask the IP PBX to establish the connection. The IP 

PBX has a directory of all phones/users and their corresponding SIP address and thus is able 

to connect an internal call or route an external call via either a VoIP gateway or a VoIP 

service provider to the desired destination. 

 

 

 

 

 

 

 

 

 

 

Figure 2.1: IP PBX connectivity diagram 

https://www.3cx.com/pbx/voip-phones/
https://www.3cx.com/pbx/voip-gateway/
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2.5.2 VoIP Software 

VoIP software enables telephone-like voice conversations across IP based networks, which is 

to be installed upon IP-PBX (server). Additional software applications include conferencing 

servers, intercom systems, virtual foreign exchange services (FXOs) and adapted telephony 

software which concurrently support VoIP and public switched telephone network (PSTN) 

like Interactive Voice Response (IVR) systems, dial in dictation, on hold and call recording 

server, etc. can be installed on IP-PBX (Server). 

 

These are categorized as two types: 

 Open sources IP-Telephony software 

Ex: Asterisk, Free Switch, Free PBX, OpenSIPS, YATE, Issabel, Kamailio, Etc. 

 

 Proprietary IP-Telephony Software 

Ex: Cisco, 3CX Phone system, Astra, Alcatel-Lucent, Avaya Application Server 5300, 

NEC, Nortel, Tadiran Telecom Aeonix, Unify Openscape, Nokia Siemens networks, etc. 

 

2.5.3 VoIP Gateways 

IP telephone system needs to interoperate with PSTN or another IP telephone system. Hence, 

two additional components needed for such interconnection are: 

– Media Gateway 

– Signaling Gateway 

 

 

 

 

 

 

 

 

 

Media gateway: translates audio between IP network and PSTN. 

Signaling gateway: translates signaling operations.   

 

Both these gateways can be termed as VoIP gateway. Therefore, a VOIP gateway is a 

hardware device that converts telephony traffic into packets of data for transmission over a 

data (IP) network and vice-verse. They can be Analog or Digital gateways. Analog VoIP 

gateways are used to connect ordinary Push-Button telephone to a VoIP system. 

 

Analog gateways – FXS, FXO 

Figure 2.2: Interconnection of IP telephone system with PSTN 
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FXS used to connect the PBT (station) to the gateway. 

FXO used to connect CO Line (office) to the gateway. 

Digital gateways – PRI gateways 

PRI GW used to connect a PRI line to the VoIP system. 

 

2.6 VoIP Signaling Systems & protocols 

The process of establishing and terminating a call is called Signaling. 

In traditional telephone system, signaling protocol is SS7 (signaling System 7). 

 

In VoIP, signaling protocols are: 

 H.323, by ITU 

 SIP (Session Initiation Protocol), by IETF 

 Megaco & MGCP, jointly by IETF and IUT 

 

VoIP signalling  protocols translate phone numbering to IP address. H.323 is the most widely 

deployed VoIP signalling protocol. H.323, however, is not widely seen as a protocol that is 

robust enough for PSTN networks. For these networks, other protocols such as Media 

Gateway Control Protocol (MGCP) and Session Initiation Protocol (SIP) are being developed. 

Some other protocols used are Simple Gateway Control Protocol (SGCP) and Internet 

Protocol Device Control (IPDC). 

 

2.6.1 H.323 

The H.323 standard is part of the H.32X family of recommendations specified by ITU-T. The 

H.323 standard is a principal technology for the transmission of real-time audio, video, and 

data communication over packet-based networks. The H.323 standard addresses call signaling 

and control, multimedia transport and control, and bandwidth control for point- to point and 

multi-point conferences. 

 

H.323 call signaling is based on the ITU-T Recommendation Q.931 protocol and is suited for 

transmitting calls across networks using a mixture of IP, PSTN, ISDN, and QSIG over ISDN. 

A call model, similar to the ISDN call model, eases the introduction of IP telephony into 

existing networks of ISDN-based PBX systems, including transitions to IP-based PBXs. 

Within the context of H.323, an IP-based PBX might be a gatekeeper or other call control 

element which provides service to telephones or videophones. Such a device may provide or 

facilitate both basic services and supplementary services, such as call transfer, park, pick-up, 

and hold, etc.  

 

2.6.2 SIP- Session Initiation Protocol 

Session Initiation Protocol (SIP) is an ASCII based, Application layer signalling protocol that 

controls the initiation, modification and termination of interactive multimedia sessions. A 
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session could be a simple two-way telephone call or it could be a collaborative multi-media 

conference session. This makes possible to implement services like Voice-enriched e- 

commerce, web page click-to-dial or instant messaging with buddy lists in an IP environment. 

 

SIP is a text-based protocol that is similar to HTTP and SMTP. It is Peer-to-Peer protocol, 

which means that network capabilities such as call routing and session management functions 

are distributed across all the nodes within the SIP Network. Each transaction consists of a 

client request that invokes a particular method, or function, on the server and at least one 

response. SIP uses most of the header fields, encoding rules, and status codes of HTTP. This 

provides a readable text-based format for displaying information. SIP incorporates the use of a 

Session Description Protocol (SDP).  

 

2.6.2.1 SIP Functionalities 

 

SIP provides the following capabilities for enabling multimedia sessions. 

 

1. User location: SIP provides the capability to discover the location of the end user for the 

purpose of establishing a session or delivering a SIP request. User mobility is inherently 

supported in SIP. 

 

2. User capabilities: SIP enables the determination of the media capabilities of the devices 

that are involved in the session. 

 

3. User availability: SIP enables the determination of the willingness of the end user to 

engage in communication. 

 

4. Session setup: SIP enables the establishment of session parameters for the parties who are 

involved in the session. 

 

5. Session Handling: SIP enables the modification, transfer and termination of an active 

session. 

 

2.7 Softswitch 

Softswitch (short for software switch) is a software-based solution that runs on a central 

server which connects telephone calls from one phone line to another, across a 

telecommunication network or the Internet using VoIP technology. So a softswitch is also a 

VoIP server, providing a soft switch platform with full IP PBX call features. 
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A softswitch can be used to control calls and process media on circuit switched Time-

Division Multiplex (TDM) network infrastructure, packet switched Internet Protocol 

(IP) infrastructure, or a combination of the two.  

 

A softswitch uses software on standard hardware to control phone calls, whereas older 

switching equipment uses dedicated, purpose-built switching hardware. In TDM network 

infrastructure, dedicated hardware is still required for physical TDM connections. However, 

in an all-IP network infrastructure using only VoIP calls, a softswitch can be virtualized 

entirely and run on any general-purpose hardware with Ethernet connections. 

 

A softswitch combines two elements: a call agent or call feature server for call control, 

routing and signalling, and a media gateway or access gateway for processing media 

streams. These two elements can be co-located on a single piece of hardware, or located on 

separate hardware where one call agent or call feature server can control one or more 

gateways. 

 

 

 

 

 

 

https://www.metaswitch.com/resources/what-is-a-media-gateway
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3 Chapter 

Aeonix – Software & Features 
 

3.1 About Aeonix 

Aeonix is a software only communications solution developed by Tadiran Telecom which 

provides softswitch functionality. Aeonix can be deployed as a private cloud environment, an 

on premises solution, or a hybrid cloud solution. Based on standard SIP and MGCP protocols, 

Aeonix is the cornerstone for Next Generation Networks (NGN), consolidating disparate 

business applications into a single powerful application platform that complies with your 

organization's needs. 

 

The Aeonix concept enables your enterprise to migrate its telephony network to provide 

multiple services over heterogenic networks. Aeonix runs on industry-standard servers and 

does not require custom hardware. Depending on the size and the geographical distribution of 

the customer’s organization, the system is implemented as a stand-alone solution or as a 

cluster of multiple coordinated servers. Aeonix also offers user-friendly web administration 

with a range of supervision features. Remote accessibility to the management system can be 

done under the proper authorization and adequate security level. 

 

With minimal implementation costs and maximum scalability on an extendable platform, 

Aeonix can be expanded or upgraded according to the enterprise’s changing needs. Whether 

as an independent system or integrated with existing systems and endpoints, Aeonix connects 

between endpoints, protocols, and media gateways. This provides full feature functionality for 

heterogeneous media environments of voice, video, messaging, fax, chat, text messages, URL, 

and HTML pages. Aeonix’s user-centric approach simplifies communications with individual 

call routing options and customizable individual user preferences.  

 

3.2 Aeonix software Architecture 

 

 

Figure 3.1: Aeonix Architecture 
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3.2.1 Open Standards 

Aeonix's architecture is designed to meet pure IP UC&C platform requirements based on 

adherence to industry open standards, such as SIP, CSTA and Web Services. This smart 

architecture provides a flexible and open platform that can be easily integrated with 3rd party 

solutions, supporting pure SIP (unmodified) functionality and allowing customers to choose 

their SIP end points. Aeonix's web-based application provides a centralized point of unified 

management for both administrators and end users, ensuring that everyone optimizes their 

communications experiences. 

Aeonix is designed around open industry standards that are focused on applications, operating 

systems, CTIs, VoIP, mobility, telephony and messaging. 

 

3.2.2 Operating Systems 

Aeonix uses a run-time Linux operating system. This operating system has the same 

functionality of other Linux operating systems, but has many non-business applications and 

drivers removed. 

 

3.2.3 Open Database 

Aeonix is distributed with an enterprise-class SQL database: PostgreSQL. It is highly scalable 

both in the sheer quantity of data it can manage and in the number of concurrent users it can 

accommodate. 

 

3.2.4 CTI and Data Protocols 

Aeonix supports open industry standards for computer telephony integration (CTI) of third-

party applications. CSTA is a universally accepted protocol that allows information exchange 

between external applications and communication systems. 

 

3.2.5 Aeonix VoIP Protocols 

Aeonix conforms to published VoIP protocols. These include SIP, MGCP, Video and 

Fax/Modem. 

 

3.2.6 MGCP 

Aeonix currently supports a proprietary MGCP, for the following Tadiran terminals: 

 FlexSet-IP 280S 

 T200M series (T207M, T208M/BL) 

 FlexIP Softphone (FLIPS) 

 

3.2.7 Fax and Modem 

Aeonix also supports both fax and modem connections. Unlike voice calls that have smooth 

analog signals, fax and modems can have sharp peaks and dips in the analog signals. This 

means that special compression and decompression algorithms must be employed to ensure 
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none of the information is lost. Aeonix supports this special signaling Internet Fax and 

Modem Support (T.38) using an FXS gateway. 

 

3.2.8 Telephony Protocols 

Many companies still have traditional TDM or circuit-switched communications systems 

deployed. Aeonix also adheres to traditional TDM telephony protocols. This enables Aeonix 

to network to legacy telecommunications equipment. 

 

3.2.9 Networking - QSIG (IPNet only) 

The QSIG protocol is a universally accepted standard that allows different communication 

platforms to network together. This allows PBX features to be extended across different 

platforms. Networking QSIG support is available either by traditional ISDN PRI circuits or by 

VoIP. The Aeonix platform supports a wide range of features including: 

 Call Back (Busy or Idle) 

 Call Forwarding 

 Call Pickup 

 Camp On 

 Centralized Attendant 

 Centralized Voicemail 

 Conference 

 Message Waiting Indicator 

 Name and ANI 

 Paging 

 Transfer and Transfer Recall 

 

3.3 Aeonix Software 

The Aeonix software package may be provided on manufacturer-supplied servers or can be 

installed by customers on their own servers that meet the minimum requirements. 

 

3.3.1 Manufacturer-installed Systems 

Aeonix applications are shipped pre-installed on manufacturer-supplied servers. This option 

applies to systems in which servers are supplied with pre-installed CentOS Linux operating 

system, Aeonix UC&C, Aeonix Contact Center and SeaMail software. 

 

3.3.2 Customer-supplied Servers 

Aeonix applications are shipped as a package of three (3) DVDs. This option applies to 

systems in which Tadiran partners install and configure the CentOS operating system, Aeonix 

UC&C, Aeonix Contact Center and SeaMail software on their own servers complying with 

the requirements as specified by the Aeonix Installation - Hardware and Software Guidelines. 
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The Aeonix UC&C Installation Manual describes how to install the CentOS, Aeonix UC&C, 

Aeonix Contact Center and SeaMail software, customize system settings, and configure Aeonix 

on the customer’s server according to the customer’s requirements and network topology. It 

also describes how to set up a cluster of multiple Aeonix servers, includes a detailed 

description of the Aeonix licensing procedure, and provides instructions for version upgrades, 

system recovery, and full software re-installation. 

 

3.4 Aeonix software Building Blocks 

Aeonix software consists of the following building blocks: 

 Entities 

 Global Settings 

 Profiles 

 Administration Levels and Tasks 

 Services 

 

3.4.1 Entities 

An Aeonix network consists of users, trunk groups, gateways, phones, and trunks. Users 

represent individuals; trunk groups represent logical groups of trunks with a common purpose. 

 

Phones and trunks relate to actual hardware or software devices. Examples for phones are a 

telephone or a softphone application on a user’s workstation; examples for trunks are a SIP 

trunk, an analog trunk, or an E1/T1 channel to the PSTN. Phones are associated with users, as 

a user needs to be logged in through a phone in order to receive any service from the Aeonix 

system (such as placing and receiving calls). To allow the logical configuration of a group of 

trunks, the system requires trunks to be associated with trunk groups. 

 

In addition, each user and each trunk group have one or more unique aliases assigned. An 

alias is a specific number, range of numbers, or expression that is dialed to reach the user or 

trunk group from within the Aeonix network. (External callers either dial prefix digits or a 

central number followed by an extension number.) If a user’s cellular phone or other external 

devices are defined in Aeonix, a call to the alias of this user will also ring on these devices, if 

required. 

 

Gateways are used to connect PSTN and non-IP equipment to Aeonix. 

 

3.4.2 Global Settings 

Global settings are definitions and parameter values that are defined at the system level, rather 

than for a specific entity. The system provides predefined default instances for global settings. 

Default instances cannot be removed, but their values can be modified. You can also create 

and apply additional global setting instances. For example, you can use the predefined country 
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codes as the default codes and define dial codes for additional countries. Global settings 

include: 

 

Table 3.1: Global Settings 

Global Settings Descriptions 

Country and area 

codes 

international and national dial codes and patterns 

Locations setting that indicates the country and area in which a phone 

or trunk is located and used, including emergency call 

configuration 

Dial plans internal plans that defines the alias patterns that can be 

assigned, as well as the codes dialed to make use of 

Aeonix features 

CUGs (Closed User 

Groups) 

groups or sub-groups of Aeonix users that function as 

separate virtual “sub-systems” on the same Aeonix system. 

Calls from a peer CUG are handled as external calls. Each 

CUG is assigned a dial plan. 

Schedules time plans for holidays, work hours, or one-time or recurring 

periods. Schedules can be applied to users and trunk 

groups through Schedule profiles. 

ARS (Automatic 

Route Selection) 

allows the system to route outgoing calls through the most 

suitable transmission channel (trunk group), according to the 

prefix of the calls 

LDAP connections allows the system to be updated and kept synchronized with 

the data residing on the organization’s LDAP server 

 

3.4.3 Profiles 

Profiles are sets of parameters that can be associated with an entity. Dedicated profile types 

for users and trunk groups exist, as well as template definitions for the different phone and 

trunk types. 

 

Profiles include a variety of general parameters, timeout settings, toll restrictions, feature 

specifications, phone parameters, and trunk parameters. Profiles can also define flexible 

routing and forwarding schemes for incoming and outgoing calls. 

 

Users and trunk groups are assigned default or administrator-defined profiles, as required. 

Profiles can be overridden both globally and for a specific user or trunk group. 

 

Each user profile is associated with an Administration Level that cannot be overridden. 
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3.4.4 Administration Levels and Tasks 

Aeonix allows for complete multi-level administration. The administrator can define 

administration level profiles that can be applied to allow subsets of users to access and 

manage particular pages in the Aeonix Web Portal, referred to as Administration Tasks. For 

example, the User List page is automatically displayed upon log in, but only to users with 

Users task administration privileges. Unless modified, the default user profile is automatically 

applied to new users, giving them personal account management privileges that only allows 

them access to their personalized Web Portal. 

 

The administrator can define new administration level profiles with any combination of 

administration tasks. Users assigned to a user profile associated with an administration level 

profile that does not include any administration tasks will not have access rights even to their 

own personalized Web Portal. 

 

The following table describes the five default administration level profiles and their 

corresponding administration tasks. 

 

Table 3.2: Administration level profiles 

Level Name Task Name Main Tasks Description 

Personal 

Administrator 

 End Users  Personal Account Management 

Users Administrator  Users 

 Dial Plans and Digit Mappings 

 Provisioning Profiles 

 Add/remove users 

 Add/remove dial plans 

 Defining provisioning profiles 

Telephony 

Administrator 

 Dial Plans and Digit Mappings 

 Provisioning Profiles 

 Trunks and ARS 

 Gateways 

 Add/remove dial plans 

 Defining provisioning profiles 

 Trunk/Trunk Group/ARS 

configuration 

 Gateway configuration 

Applications 

Administrator 

 SeaMail Services 

 ACD and CTI Services 

 Mobility Services 

 Conference Services 

 Other Services 

 Voicemail configuration 

 ACD/CTI configuration 

 Mobility configuration 

 Conference configuration 

 Page Queue, CDR, Dispatch Console 

configuration 

Technician 

Administrator 

 End Users 

 Users 

 Dial Plans and Digit Mappings 

 Provisioning Profiles 

 Trunks and ARS 

 SeaMail Services 

 Personal Account Management 

 Add/remove users 

 Add/remove dial plans 

 Defining provisioning profiles 

 Trunk/Trunk Group/ARS 

configuration 
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 ACD and CTI Services 

 Mobility Services 

 Conference Services 

 Alarms 

 Multi-Tenants 

 System and Clusters 

 LDAP 

 Gateways 

 Licensing 

 Other Services 

 Voicemail configuration 

 ACD/CTI configuration 

 Mobility configuration 

 Conference configuration 

 Alarm access and notification 

configuration 

 Multi-Tenant management 

 System/Cluster management 

 LDAP configuration 

 Gateway configuration 

 Licensing management 

 Page Queue, CDR, Dispatch Console 

configuration 

 

3.4.5 Services 

Some Aeonix features rely on centralized applications called services (such as the Auto 

Provisioning service mentioned above). These services must be configured before the related 

features can be used. 

 

3.5 Important Aeonix Features 

 

3.5.1 Aeonix Logger (Call Recording) 

The Aeonix Logger is a call recording and screen logging system that records communication 

between SIP trunks and phones, as well as between MGCP/analog/digital trunks and phones. 

Voice recordings in conjunction with screen capturing capabilities allow all user activity to be 

thoroughly monitored and powerful search mechanisms allow all recordings to be easily 

retrieved and played back by the system administrator locally or remotely via a user-friendly 

web-based management interface. 

 

Aeonix Logger supports active recording, where streams are sent to the recorder from a 

central point regardless of network topology. This method of recording allows any endpoint 

and logical entity in the system to be recorded using Basic Rule Engine (BRE) recording 

rules, including analog phones, digital phones, digital trunks, VoIP phones, SIP trunks, user 

entities, ULA and more. 

 

3.5.2 ANI (Caller ID) Restriction 

The ANI number refers to the phone from which the call is made. ANI restriction allows a 

user’s ANI to be hidden from the external call destination. 
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3.5.3 Auto Answer 

Auto Answer sets the phone to automatically accept incoming calls, that is, activate the 

speaker or the headset when an incoming call is received. This feature is mainly used by call 

center agents in telemarketing and support centers. 

 

This feature can be turned on and off directly from the phone or in the user’s Feature 

Configuration profile. 

 

3.5.4 Auto Answer 

Auto Redial allows users to automatically dial busy and non-answering destinations according 

to the predefined number of ring attempts by pressing a dedicated soft key, programmed 

button, or code. 

 

3.5.5 Automatic Database Backup 

The Aeonix database can be backed up at any time, or automatically at programmable 

intervals. In a cluster of several Aeonix servers, a backup file destination can be specified for 

each server. Backup files can be used to restore a corrupted database. 

 

3.5.6 Automatic Route Selection (ARS) 

The trunk groups (channels) through which Aeonix routes outgoing calls can be flexibly 

defined to improve call quality and throughput while reducing costs. Taking into account 

calling user location, destination number, and applicable call routing rules, ARS tables route 

the calls through the optimal available trunk group. 

 

3.5.7 Batch Import of Users 

Multiple users and their phones can be imported into the Aeonix system from a CSV file. 

Prior to the import, the administrator specifies which fields are included in the file and in what 

order. 

 

3.5.8 Break-in 

An authorized Aeonix user can enter an established call in order to establish communication 

with the conversing parties, effectively creating an ad-hoc conference call. If the target user is 

already in a conference, the authorized Aeonix user that breaks in will join the already 

existing conference. A break-in message is indicated on the phone displays, and a break-in 

tone is heard by all parties to warn them of the break-in when the break-in occurs, and every 

30 seconds thereafter. 

 

3.5.9 Call Details Records (CDR) 

The system supports on demand and online CDR applications that provide information on 

each call in Aeonix. 
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3.5.10 Call Groups 

A call group includes several users and/or user groups under a dedicated alias number. When 

this number is called, the phones of all members belonging to the call group ring until one of 

them answers the call. 

 

3.5.11 Call Log 

This feature allows users to view and redial their most recent outgoing and incoming calls to 

their telephone, including unanswered incoming calls. The call display includes the caller 

number and the name associated with that number, as available. 

 

3.5.12 Call Pickup 

A ringing phone can be picked up from any phone within your system or from a pre-

programmed Pickup Group, as follows: 

 

Directed Call Pickup 

A user can pick up any ringing phone in the system by dialing the direct alerting call pickup 

number followed by the alias of the ringing phone. 

 

Group Call Pickup 

A call to a member of a pickup group can be picked up by any member dialing the group call 

pickup code. 

 

3.5.13 Call Preemption 

Call Preemption can be defined for user, conference call, and zone page aliases. It ranks the 

priority of calls (medium, high, or urgent). When dialing a lower ranked alias that is currently 

making a call or being called, Call Preemption causes the call attempt to be dropped in favor 

of the higher priority incoming call. 

Similarly, Call Preemption determines the action to be taken when the destination is currently 

busy with a lower ranked call: 

 Call Waiting – the called user is notified by a special call waiting indication tone that 

there is an incoming call of higher priority (even though the called user’s call waiting 

feature is not activated). This is the default action. 

 Break In – the called user is notified by a special break-in indication tone and the call 

turns into a three-way conference call between the existing parties and the incoming call 

of higher priority. In the event a conference call cannot be established, the original call is 

dropped and the incoming call of higher priority begins a private call with the called user. 

 Hold – the party with which the called user is conversing is put on hold and the incoming 

call of higher priority rings at the called user. 
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3.5.14 Call Waiting (Multi-appearance) 

When a caller calls to a phone on which call waiting is activated and the phone is engaged, the 

caller does not receive a busy signal but is put into a wait queue instead. While in the wait 

queue, the caller hears either a regular ringing tone or a call waiting ringback tone. The called 

user is notified by a special call waiting indication tone. 

 

On display-equipped phones, the number or name of the callers are indicated on the phone 

display. A waiting party can also be indicated by a lit Line button on the user’s phone. More 

than one Line button can be programmed for multiple waiting calls. 

 

Call waiting can be activated for all calls (internal and external). 

 

3.5.15 Camp-on 

Camp-on is used after trying to call a busy or non-answering destination. Camp-on notifies the 

camping-on user by means of a distinctive dial tone when the camped-on destination becomes 

available, and automatically calls it again as soon as the user picks up the phone. 

 

While camp-on busy informs the user that the called busy user or extension has become idle, 

camp-on idle starts ringing as soon as the non-answering party indicates it is available by 

being first busy and then idle again. 

 

To camp on a called number, the user dials the Camp-on Idle or Camp-on Busy feature code. 

Camp-on is automatically canceled as soon as the camped-on party answers the phone, or if it 

does not become idle after a preset period. 

 

3.5.16 Closed User Groups (CUG) 

The use of Closed User Groups (CUG) enables multiple organizations or departments to co-

exist as separate, fully independent units in the same Aeonix system. Each of the CUGs is 

treated as a totally different exchange, even though they are managed in the same Aeonix 

system. 

 

Dial patterns and feature codes can be separately defined for each CUG. 

 

Administrators assigned to a CUG can view and manage the settings and entities of this CUG 

and its subordinated CUGs; Root CUG administrators have access to all settings and entities 

in the system. 

 

Users of different CUGs can be assigned the same ID and alias number. A member of another 

CUG can be called by dialing the relevant CUG code followed by the alias number of this 

user, provided inter-group access is allowed. 
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When put on hold or transferred to another number, callers to a CUG are played a music on 

hold. 

 

3.5.17 Computer Telephony Integration (CTI) 

The system supports and enables interoperability of standard CSTA 3 based applications that 

integrate telephone and computer operations, allowing, for example, to view information 

about an incoming call on a workstation screen. 

 

3.5.18 Conference Calling 

A call with more than two participants is called a conference call. Aeonix supports the 

following conference types: 

 

Conference call — the initiator dials the conference call number and all the members join the 

conference call. In addition, authorized users can also join an existing conference call. Up to 

125 members can participate in this type of conference call. 

 

Meet-me conference — a dial-in teleconference. Each of the participants dials the same 

previously agreed conference alias number to join the conference. Up to 125 people can 

participate in this type of conference call. 

 

N-way (add-on) conference — the conference initiator calls the other participants and invites 

them to join. The maximum number of participants depends on the number of Aeonix servers 

and available resources. 

Secure meet-me conferencing with password (access code) protection is also available. 

Conference owners can set or remove access codes. Conference participants can be released 

on a last-in-first-out basis. 

 

The Aeonix MCU service supports multiple codec types—G.711 and G.729—in a single 

meet-me conference call. 

 

3.5.19 Deflect (Divert) Call 

This feature allows users to divert an incoming call while actively engaged in another call, or 

while an idle telephone is ringing, without answering it. The call the user is engaged in is not 

interrupted, nor is the incoming caller aware of the diversion. 

 

To divert a call, the user presses a programmed button on the phone. The destination can be 

any internal or external number. 
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3.5.20 Direct Inward Dialing (DID) 

This feature allows outside callers to dial a user number and be directly connected to the user, 

without going through the system auto-attendant or operator. 

 

To implement DID, the trunk group responsible for routing incoming external calls is 

programmed with a digit manipulation rule. 

 

3.5.21 Do Not Disturb (DND) 

The DND feature blocks the telephone for all incoming calls. Callers to a phone with DND 

status receive a busy tone or are forwarded to another predefined destination. If a ULA owner 

has DND assigned, calls to this group are immediately disconnected. 

 

Users can activate or cancel DND from their Aeonix Web Portal, or from their phones by 

pressing a programmed button or dialing the DND feature code. Rules for forwarding or 

rejecting incoming calls on DND are specified in the user’s Incoming Call Routing profile. 

 

3.5.22 FlexiCall 

FlexiCall allows users to receive calls on any of their devices. An incoming call rings on all or 

specific phones associated with the relevant user until the user answers the call on one of the 

phones. If the answering phone is an external device, the call automatically becomes a 

mobility call. 

 

3.5.23 Hot Station 

A user’s phones can be configured to act as hot stations. An immediate hot station 

automatically calls a specified destination when the user lifts the phone handset or presses any 

key on the dial pad. A delayed hot station calls the specified destination if after an internal 

dial tone was received, no key is dialed within a certain time period. 

 

Outgoing call routing also includes the capability of defining a user’s phones as hot stations. 

A hot station automatically calls a specified destination when the user operates the phone. 

 

3.5.24 Call Forwarding and Call Rejection 

An Aeonix user’s incoming calls can be rejected or forwarded to another user, a mailbox, or 

an external number, depending on configurable conditions. The availability of the user (idle, 

busy, or no answer), the user presence, the date or time the call was received, and the caller ID 

can all be used as conditions for call forwarding or rejection. For call forward on no answer, a 

forward delay can be defined. 
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3.5.25 Mobility 

Mobility provides an internal dial tone and Aeonix services to users of remote and cellular 

phones. Once recognized by the system, external callers, as Aeonix users, can place calls and 

benefit from Aeonix features. An authentication process, based on a combination of the caller 

number, user name, and PIN password, prevents service abuse by hackers or unauthorized 

callers. 

 

3.5.26 Multi-Level Administration 

Aeonix allows for complete multi-level administration by assigning administration level 

profiles and their associated administration tasks to subsets of users. This determines which 

users in the system have the authority to access and/or manage which particular pages in the 

Aeonix Web Portal. 

 

3.5.27 Network Alarms 

Aeonix creates and displays alarm messages when system resources or licenses are becoming 

scarce or malfunctioning. Depending on system configuration, these alarms are displayed in 

the Alarms report, sent to an external SNMP / NMS server, or sent to specified email 

addresses. 

 

3.5.28 Programmable Phone Buttons 

Users can configure programmable buttons on their phones to call any user or external 

number, or to activate a specific feature. A button programmed to ring a specific number will 

light up when that number is occupied or flash when there is an incoming call from the 

programmed number. 

 

3.5.29 Redundancy 

An Aeonix network can be configured as a cluster of several distributed Aeonix servers. Each 

server keeps its database updated through ongoing communication with the other servers in 

the cluster. As a result, Aeonix networks are fully redundant and fault-tolerant. 

 

The current connection status of each server belonging to an Aeonix cluster is displayed in the 

Web administration. To ensure smooth operation even in the case of a server shutdown, up to 

nine backup servers can be specified on each endpoint. 

 

3.5.30 Remote Server Maintenance 

Aeonix servers can be configured and maintained from a remote workstation through a secure 

programming interface designed for low bandwidth resources. Server maintenance functions 

include server IP address configuration, version upgrade, cluster setup, and more. Standard 

and proprietary Linux shell script commands facilitate efficient debugging tasks, including 
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event tracing, resource monitoring, and identification of call failure causes. Detailed log files 

and third-party network analysis tools are also available. 

 

3.5.31 Web Portal 

The Aeonix Web Portal is a centralized, Java-based web interface that can be accessed from 

any workstation connected to the network. To enhance network security, the Portal can be set 

up for access via HTTPS (secured HTTP). 

 

A restricted version of the Aeonix Web Portal is available for each user in the system. Users 

access the portal to manage their own parameter settings and presence status. 

 

3.6 Unified Administration System- Aeonix Administration Console 

Without easy administration, an application of any type is difficult to deploy and costly to 

your business. The administration console web portal of Aeonix is designed for intuitive ease-

of-use, and gives a true portal into the performance of the system. 

 

With Aeonix, the system administrator does not need to know SQL or character/line 

programming. All programming of Aeonix is done through a web-based GUI interface. 

Additionally, all database programming is accomplished in real time, with changes in the 

database instantly and simultaneously distributed to all Aeonix server engines on the system. 

Whether single or multiple Aeonix servers share the same database, programming Aeonix can 

be accomplished through one access point. Simply launch an Internet session (the most used 

browsers, such as Explorer, Google Chrome, and Firefox Mozilla) in a static IP address or 

URL name and you have access to the Aeonix login screen. 

Aeonix also makes implementing the system quick and very easy. Profiles can be defined and 

assigned to any system, department or user. A profile consists of predefined program entries 

of commonly grouped items. Once a profile is assigned, the user automatically takes on the 

attributes of the profile. 

If a user needs to make changes within the profile, instead of making a new profile, they 

simply go into the user definition and make an exception entry to the profile. This greatly 

simplifies the programming and makes Aeonix extremely flexible. 

 

The layout of the Aeonix Web portal and its functional areas have been designed to be easy to 

understand and to use. The figure below shows an example page that exemplifies the basic 

structure of the Aeonix Web Portal. 
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3.7 Aeonix Web Portal Structure 

 

3.7.1 Logging in to Aeonix 

Aeonix administrators log into the Aeonix system as described in the following procedure. 

The Aeonix Web Portal runs on most internet browsers, such as Internet Explorer, Google 

Chrome, and Firefox Mozilla. 

 

1. From the workstation, open your Internet browser. 

2. Enter either of the following text strings in the Address bar: 

http://<aeonixserver IP>:8080/aeonix (replace <aeonixserver IP> with the IP address 

of the Aeonix server) 

3. Enter either of the following text strings in the Address bar: 

 http://<aeonixserver IP>:8080/aeonix (replace <aeonixserver IP> with the IP 

address of the Aeonix server) 

 http://<hostname>:8080/aeonix (replace <hostname> with the host name of the 

Aeonix server) 

 

4. Click the Go button or press ENTER. The Aeonix Login page is displayed. 

 

Figure 3.2: Aeonix web portal 
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3.7.2 Changing the Password 

At the top of the page, click (Change Password icon) to change the password.  

 

3.7.3 Logging out from the Aeonix Web Portal 

To log out from the Aeonix Web Portal, click on the icon at the top of the page, 

click (Logout icon) The Aeonix login page is displayed. 

 

3.8 Multi-Level Administration 

Aeonix provides multiple levels of administration. This empowers users to take advantage of 

all the features of Aeonix they are allowed to access. 

 

3.8.1 Administrator 

The administrator can define administration level profiles that can be applied to allow subsets 

of users to access and manage particular pages in the Aeonix Web Portal, referred to as 

Administration Tasks. For example, the User List page is automatically displayed upon log in, 

but only to users with Users task administration privileges. 

 

Unless modified, the default user profile is automatically applied to new users, giving them 

personal account management privileges that only allows them access to their personalized 

Web Portal 

 

Figure 3.3: Aeonix Login page 
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3.8.2 Personal Administrator 

This level of administration empowers the end user to control user-centric functionality and 

applications. Information contained in a profile includes device information, timers, 

restrictions, scheduling, locations, etc. 

 

3.9 Licenses 

Aeonix requires licenses before it can be fully configured and used. 

 

These licenses are stored on a soft key, which must be uploaded and deployed on the 

designated Aeonix License Key server. This soft key holds the maximum number of licensed 

resources that can be implemented in the system. Each Aeonix system, whether based on one 

server or configured as a cluster of servers, must have exactly one soft key license. 

Consequently, in a cluster, only one server requires a soft key license. 
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4 Chapter 

Aeonix hardware & IP PBX 
 

4.1 Aeonix Hardware 

 

4.1.1 Server 

Aeonix applications are installed on manufacturer approved servers that meet the minimum 

requirements. In addition, Aeonix is developed to use off-the-shelf, commercially available 

gateways, as well as specialized gateways manufactured by Tadiran Telecom. 

 

4.1.2 Cluster 

Aeonix supports up to 25,000 users. Aeonix provides high availability capability in cluster 

configurations of up to 8 servers. In the case of a failure of one of the servers in the cluster, the 

other servers will take over the load of the failed server, allowing communications to continue 

to function normally. Each server supports maximum up to 3000 users or endpoints. When a 

server in the cluster fails, other servers in the cluster will take over and distribute the load. 

 

4.1.3 Aeonix Gateways 

Aeonix deploys an assortment of gateways which can easily be configured and administered 

via the Aeonix web based unified management application. Available in many models to match 

existing or new interfaces, they provide telephony connectivity and access points to integrate 

Aeonix with telephone digital circuits, analog trunks, and single-line analog stations. 

 

4.2 Aeonix Supported Devices 

 

The following is a list of peripheral devices currently supported by Aeonix.  

 

 MGCP: FlexSet-IP 280S, T200M Series (T207M, T208M/BL) IP telephone 

 Tadiran SIP Phones: T19P, T21P E2, T23P, T27P, T320, T320P, T322, T328, T41P, 

T42G, T46G, T48G 

 SIP: P-Series (P-335, P-450) IP telephone 

 FlexIP Softphone (FLIPS) 

 SeaBeam video softphone (Version 1.5.20.2 build 62959 and higher) 

 Tadiran IPx Office with QSIG IP (Net-IP feature authorization) 

 Tadiran IPx 500 with QSIG IP (Net-IP feature authorization) and PUGWipx/PUGW-

2Gipx card 

 Tadiran IPx 800, 3000, 4000 with QSIG IP (Net-IP feature authorization) and 

PUGW/PUGW-2G card 
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 Tadiran FlexiCom 400 (with HDC Controller), 5000, 6000 with QSIG IP (Net-IP feature 

authorization) and PUGW/PUGW-2G card 

 SIP-based AudioCodes FXO/FXS gateways 

 Tadiran TGW gateways 

 Sentinel Pro 

 Tadiran Wave Gateway, as well as any voice terminals or trunks supported by and 

connected through the Wave Gateway. These include FlexSet, DST, and DKT phones; 

Single Line Telephones (SLT); Loop Start, Ground Start, E1/T1, BRI, and PRI trunks; 

and many more.  

 Other third-party phones (off the shelf) that have been approved for use with Aeonix. 

 

4.3 Aeonix Supported Codecs 

Aeonix supports the following codecs: 

 

 G.711 (μ-law and A-law algorithms) 

 G.729 

 

4.4 Aeonix Exchange setup 

A typical arrangement of Aeonix based IP Exchange installed at a client location like any 

Railway unit can be understood with the Figure 4.1: Aeonix based IP Exchange.  

 

4.5 Aeonix Cluster 

If Aeonix software is to run on several servers, they must be set up to work together in a 

cluster.  

Figure 4.1: Aeonix based IP Exchange 

WiFi 
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You can add a server to a cluster by specifying one of the following: 

Host name—the name by which the server is identified in the network 

IP address—the IP address of the server 

Server name—an administrator-defined name that identifies the server within the cluster to 

which this server belongs. This name can be the same as the host name or a simplified name 

that is easier to remember. 

 

All Aeonix hosts must be defined in each individual host to enable the system to work as one 

unified cluster. However, you need to define the cluster configuration only on one of the 

servers to be included. For the other servers, copy the configuration. 

 

A typical cluster arrangement in which one Aeonix server is installed at zonal HQ and another 

at division HQ connected through Railnet is shown in Figure 4.2: Aeonix Cluster.  

 

You need to define the cluster configuration only on one of the servers. For the other servers, 

copy the configuration. This cluster will act as one exchange only. 

You can add a server to a cluster by specifying one of the following: 

Host name—the name by which the server is identified in the network 

IP address—the IP address of the server 

Server name—an administrator-defined name that identifies the server within the cluster to 

which this server belongs. This name can be the same as the host name or a simplified name 

that is easier to remember. 

 

Figure 4.2: Aeonix Cluster 
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5 Chapter 

Aeonix Server 
 

Aeonix runs on industry-standard servers and does not require custom hardware. Depending 

on the size and the geographical distribution of the customer’s organization, the system is 

implemented as a stand-alone solution or as a cluster of multiple coordinated servers. 

 

5.1 Dell PowerEdge R230 

The Dell PowerEdge R230 is a single socket rack server and can be used as an Aeonix server 

in standalone as well as in cluster topology. 

 

Table 5.1: Supported configurations on PowerEdge R230 systems 

PowerEdge R230 Systems Configurations 

Two hard drive systems Up to two 3.5-inch cabled hard drives with non-redundant 

cabled power supply unit (PSU) 

Four hard drive systems Up to four 3.5- inch cabled hard drives with non-redundant 

cabled PSU 

Up to four 2.5-inch hot swappable hard drives in 3.5-inch 

hard drive adapters, with non-redundant cabled PSU 

Up to four 3.5-inch hot swappable hard drives with non-

redundant cabled PSU 

 

 

5.1.1 Front panel features and indicators 

 

 

 

 

 

 

 

Table 5.2: Front panel features and indicators- four 3.5-inch or 2.5-inch hot swappable hard drive chassis 

Item Indicator, button, 

or connector 

Description 

1 Power-on indicator, 

power button 

Enables you to know the power status of the system. The power- 

on indicator glows when the system power is on. The power 

button controls the power supply output to the system. 

2 NMI button Enables you to troubleshoot software and device driver errors 

when running certain operating systems. This button can be 

Figure 5.1: Front panel features and indicators- four 3.5-inch or 2.5-inch hot swappable hard drive chassis 
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pressed by using the end of a paper clip. 

Use this button only if directed to do so by qualified support 

personnel or by the operating system's documentation. 

3 System 

identification button 

Enables you to locate a particular system within a rack. The 

identification buttons are on the front and back panels. When one 

of these buttons is pressed, the LCD panel on the front and the 

system status indicator on the back flash until one of the buttons 

is pressed again. 

Press the button to turn the system ID on and off. 

If the system stops responding during POST, press and hold the 

system ID button for more than five seconds to enter BIOS 

progress mode. 

4 Video connector Enables you to connect a display to the system. 

5 LCD menu buttons Enable you to navigate the control panel LCD menu. 

6 LCD panel Displays system ID, status information, and system error 

messages. 

7 USB management 

port/iDRAC Direct 

port 

Functions as a regular USB port or provides access to the iDRAC 

Direct features. 

8 USB connector Enables you to connect USB devices to the system. The port is 

USB 2.0-compliant. 

9 Information tag Contains system information such as service tag, NIC, MAC 

address for your reference. The information tag is a slide-out label 

panel. 

10 Hard drives Enables you to install up to four 3.5-inch hot swappable hard 

drives or up to four 2.5-inch hot swappable hard drives in 3.5-inch 

hot swappable adapters. 

11 Optical drive 

(optional) 

Enables you to install an optional slim SATA DVD-ROM drive or 

DVD+/-RW drive. 

 

5.1.2 Back panel features and     indicators 

 

 

 

 

 

 

 

Table 5.3: Back panel features and     

indicators 

Item Indicator, button, or 
connector 

Description 

1 Serial connector Enables you to connect a serial device to the system. 
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2 System identification button Enables you to locate a particular system within a rack. 

The identification buttons are on the front and back 

panels. When one of these buttons is pressed, the LCD 

panel on the front and the system status indicator on 

the back flash until one of the buttons is pressed again. 

Press the button to turn the system ID on or off. If the 

system stops responding during POST, press and 

hold the system ID button for more than five seconds 

to enter BIOS progress mode. 

To reset the iDRAC (if not disabled in F2 iDRAC setup) 

press and 

 

3 

 

vFlash card slot (optional) 

hold the button for more than 15 seconds. 
Enables you to connect the vFlash card. 

4 iDRAC port (optional) Enables you to install a dedicated management port 

card. 

5 USB connectors (2) Enable you to connect USB devices to the system. The 

port is USB 3.0-compliant. 

6 PCIe expansion card slot 

(x8 slot, low profile) 

Enables you to connect a PCI Express expansion card. 

7 PCIe expansion card slot 

(x16 slot, full height) 

 

8 Power supply unit (PSU) Enables you to install one 250 W AC PSU. 

9 Ethernet connectors Enable you to connect integrated 10/100/1000 

Mbps NIC connector. 

10 System identification 

connector 

Connects the optional system status indicator 

assembly through the optional cable management 

arm. 

11 Video connector Enables you to connect a VGA display to the system. 

 

 

5.1.3 Technical specifications 

 

Processor specifications 

Type The PowerEdge R230 supports any one of the processors as 

under: 

 Intel E3-1200 v5 or v6 series 

 Intel Core i3 6100 series 

 Intel Celeron G3900 series 

 Intel Celeron G3930 

 Intel Pentium G4500 series 

 Intel Pentium G4600 series 

Memory specifications 

Minimum RAM 4 GB 

Maximum RAM 64 GB 

Power specifications 
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Power rating per power 

supply unit (PSU) 

250 W (Bronze) AC (100–240 V, 50/60 Hz, 4.0 A-2.0 A) 

Heat dissipation 1039 BTU/hr maximum (250 W PSU) 

Voltage 100–240 V AC, autoranging, 50/60 Hz 

Drive specifications 

Four hard drive systems Up to four 3.5-inch cabled hard drives, or 

Up to four 2.5-inch hot swappable SATA, or Nearline SAS hard 

drives in 3.5-inch adapters, or 

Up to four 3.5-inch hot swappable SATA, or Nearline SAS hard 

drives 

Two hard drive systems Up to two 3.5-inch cabled hard drives 
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6 Chapter 

Aeonix Gateways 
 

Aeonix is a pure VoIP system and requires gateways to connect to legacy equipment, to the 

PSTN network and to interface digital and analog devices. Depending on its type, a gateway 

allows the system to integrate legacy phones, legacy trunks, or both. 

 

Aeonix deploys an assortment of gateways which can easily be configured and administered 

via the Aeonix web based unified management application. Available in many models to match 

existing or new interfaces, they provide telephony connectivity and access points to integrate 

Aeonix with telephone digital circuits, analog trunks, and single-line analog stations. 

 

6.1 Tadiran TGW Gateways 

Tadiran TGW gateways allow Aeonix to provide residential telephony and fax services 

through broadband networks via FXS and FXO ports. They enable vast deployment in 

delivering Aeonix as enterprise-based voice applications. 

Batch configuration allows Aeonix administrators to automatically define Tadiran TGW 

gateways and their related physical and logical entities, including users, trunk groups, phones, 

and trunks in one quick and easy operation. 

Table 6.1: Tadiran TGW Gateway models 

Type Models Feature Power 

FXS Gateways 
TGW4S 4FXS, 4 concurrent calls 

5 V DC 
TGW8S-2G 8FXS, 8 concurrent calls 

TGW24-16 24FXS, 16 concurrent calls 

110-240V AC or 

48V DC 

TGW24-16-2G  

TGW24-24 24FXS, 24 concurrent calls 

TGW24-24-2G  

TGW96-24 96FXS, 24 concurrent calls 

TGW96-24-2G-2AC  

TGW96-24-2G-DC  

TGW96-24-2G-2DC  

TGW96-96 96FXS, 96 concurrent calls 

TGW96-96-2G-2AC  

TGW96-96-2G-DC  

TGW96-96-2G-2DC  

Digital Trunk 

Gateways 

TGW1E1-2G ISDN PRI, One E1/T1 

110-240V AC or 

48V DC; Power 

consumption-18 

W (Max.) 

TGW1E1-2G-2AC  

TGW2E1-2G ISDN PRI, Two  E1/T1 

TGW2E1-2G-2AC  

TGW4E1-2G ISDN PRI, Four E1/T1 

TGW4E1-2G-2AC  
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Figure 6.1: TGW8 Gateway 

Figure 6.2: TGW24 Gateway 

FXS / FXO 

Gateways 

TGW8-2G 4FXS and 4FXO, 8 concurrent 

calls and power fail over 
5 V DC 

TGW16 8FXS and 8FXO, 16 

concurrent calls and power 

fail over 

110-240V AC or 

48V DC 

TGW16-2G  

 

Note: FXO and PRI ports require Aeonix SIP Trunk License. FXS ports require Aeonix 

Tadiran GW User License. 

 

6.1.1 TGW8 

It has 4 FXS ports, 4 FXO and 8FXS/8FXO. All ports are connect 

directly to FXS or FXO lines. 

 

Each port should be registered with an alias in Aeonix. 

 

 

 

 

6.1.2 TGW24 

Tadiran TGW24 VoIP gateway for Aeonix supports of up to 24 FXS lines. Available in 

multiple models, they enable vast deployment in delivering Aeonix as enterprise-based voice 

applications.  

 

A Tadiran TGW24 gateway is typically used to connect analog telephone terminals to the IP 

network through FXS ports. They come equipped with a 24-port-RJ11 protected distribution 

patch panel that provides six RJ45 jacks connecting to the TGW24 gateway and 24 RJ11 jacks 

connecting to phone wires. Each port should be registered with an alias in Aeonix.  

 

Built-in surge protectors guard against lightning strikes and electrostatic discharge and help 

ensure each line circuitry on the TGW24 gateway operates reliably. They come in two 

variants- AC & DC. It requires one Tadiran Patch Panel. 
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6.1.3 TGW96 

Tadiran TGW96 VoIP gateway for Aeonix supports of up to 96 FXS / FXO ports. Each port 

should be registered with an alias in Aeonix. Available in multiple models, they bridge legacy 

analog telecom terminal equipment, such as SLT (single-line telephone), Fax machine, etc., 

into Aeonix IP based voice networks.  

 

Built-in surge protectors guard against lightning strikes and electrostatic discharge and help 

ensure each line circuitry on the TGW96 gateway operates reliably. They come in two 

variants- Single AC or Dual AC power supply & Single DC or Dual DC power supply. It 

requires four Tadiran Patch Panel. 

 

 

 

 

 

 

 

 

 

 

 

6.1.4 TGW Patch Panel 

The Patch Panel is designed to use with Tadiran TGW16, TGW24 and TGW96 VoIP 

Gateways.  

 

It provides: 

 24 jacks RJ11 protected distribution panel connecting to FXO lines or FXS phone 

wires

 jacks RJ45 connecting to the TGW

 

The built-in surge protectors guard against lightning strikes and electrostatic discharge and 

help ensure each FXO/FXS circuitry on the TGW gateway operates reliably. The Patch Panel 

is 19' rack mountable and the pin out assignment follows the TIA/EIA 568B standard. 

 

Figure 6.3: TGW96 Gateway 

Figure 6.4: TGW 24 port Patch Panel-Front Panel 
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Tadiran TGW-PRI Gateways 

 

6.1.5 TGWxE1 

The TGWxE1 Trunking Gateway (hereinafter referred to as the TGWxE1) is one of VoIP 

product series developed by Tadiran Telecom. It uses the SIP and T1/E1 interfaces for the 

inter-conversion of IP packets and PCM signals, allowing the interworking of the IP-based 

new-generation voice network to legacy Public Switched Telephone Network (PSTN), and the 

private branch exchange (PBX) of an enterprise. 

 

The TGWXE1 has efficient software/hardware architecture and powerful DSP processing 

capabilities, ensuring the realization of major functions (including the conversion between 

PCM signals and IP packets, G.711 or G.729A encoding and decoding of voice signal, and 

echo cancellation, etc.) even under full load conditions. 

 

 

 

 

 

 

 

 

 

 

 

By supporting the ISDN PRI signalling, the TGWXE1 can control its calls with the PSTN or 

PBX. The call control between the TGWXE1 and media gateway controller (softswitch) is 

carried out through Session Initiation Protocol (SIP).  

 

It is available in three models: 

 TGW1E1- one ISDN PRI 

 TGW2E1 – two ISDN PRI 

 TGW4E1 – four ISDN PRI 

 

Figure 6.5: TGW Patch Panel-Back Panel 

Figure 6.6: TGWxE1 PRI Gateway 
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7 Chapter 

Managing Users in Aeonix Web portal 
 

7.1 Overview 

A user is a person using a telephone or another device in the Aeonix system to make and 

receive calls. A user usually has one or more unique alias numbers defined and is assigned to 

one or more phones. An alias is equivalent to an extension number on legacy PBX’s. 

The Aeonix is user centric. There are three types of Aeonix users: 

 Aeonix Tadiran users – All Tadiran phones  (P-series, T2xx, T3xx, T4x, Flexset-IP, 

Flips Softphone, Bria, and SeaBeam) 

 Aeonix non-Tadiran users – 3rd party SIP terminals (e.g. Grandstream) and users 

logged on Gateways not supplied by Tadiran.  

 Aeonix Gateway users – Users logged on Tadiran Gateways (Digital phones on 

WaveGateway , and Analog stations) 

 

7.2 User List Page 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

The User List page is displayed after clicking Administration on the navigation pane. 

 

The User List page displays the existing users in the system. It also contains an area (click 

Search to display this area) in which search criteria can be defined to find and display specific 

users. 

Figure 7.1: User List page 
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The users listed with a green circle icon are currently logged into the system. Click Refresh to 

manually update the list. 

For each user, the list displays the following information. 

 

Table 7.1: User list fields 

Field Description 

Status icon 

(circle) 

Circle icon to the left of each user indicates the following: 

 Green - the user is logged into Aeonix 

 Red - the user is logged out 

User ID Unique identifier of the user. Typically, the worker ID or other unique 

number or name is used. 

Description A short description of the user (optional). 

Display Name The name of the user as viewed by other users. 

Aliases Number or numbers associated with this user. An alias number is dialed 

or entered to contact the user, regardless of the user’s current location 

Closed User 

Group 

The Closed User Group to which the user is assigned. 

Closed User Groups are used for creating sub-groups of users. 

 

7.3 Define user 

 To define a new user, click Add User. 

 To update an existing user, click User List. On the User List page, click the User ID 

of the relevant user. 

 To create a new user based on the settings of an existing one: From the User List page 

(see Figure 8), click (the Clone icon) to the right of the relevant user; a new page is 

opened for creating a cloned entity. 

After configuring a user and the user’s phone to work with Aeonix, check the following 

basic points: 

 On the User List page, a green circle icon to the left of the user indicates that this user 

is logged into the system. 

 On the user’s Phones tab, a green circle icon to the left of the user’s phone indicates 

that it is working (registered in Aeonix). 

 

7.3.1 Assigning Aliases to Users 

An alias is a number (“extension”) assigned to a user or other entity. This number is the 

internal call number of the user. Which of the user’s devices will ring is specified in the user’s 

incoming call routing rules. 

 

7.3.1.1 Defining an Alias for a User 

You can add one or more aliases for the same user; however, a specific alias can be assigned 

only to one entity. This entity is a user, a trunk group, or a service. 
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Note: Make sure that the alias number to be assigned is not already in use and complies with 

the patterns of the applicable dial plan. 

 

To assign a new alias to a user or modify an existing alias: 

 

1. On the User page (see Figure 7.2: User Identity & Alias), click the Identity & 

Aliases tab. 

 

 

 

 

 

 

 

 

 

 

 

 

2. To  the right of the Aliases box, click Add, or select an existing alias in the  box and 

click Update. The Alias Configuration page is displayed on the User page. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 7.2: User Identity & Alias 

Figure 7.3: Alias configuration  
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3. Select the alias type (usually Complete for a user) and define the alias. Then click OK 

& Save. 

 

Aeonix searches for an alias number in the following order: 

 It tries to find a number matching a complete alias. 

 If no match is found, the system checks if the number falls into a defined alias range. 

 If still no match is found, the system checks whether the number has a prefix that matches 

one of the defined alias prefixes. 

 

7.3.1.2 Deleting a User’s Alias 

1. On the User page, click the Identity & Aliases tab (see Figure 7.2: User Identity & 

Alias). 

2. In the Aliases box, select the alias number and click Delete. The alias is removed from 

the box. 

3. Click Save to delete the alias. 

 

7.3.2 Specifying External Phone Numbers 

External phone numbers belong to phones that are not located in the organization, such as a 

user’s cellular phone or home phone. 

Specifying the external phone numbers is necessary for making use of the Multiple Devices 

per User (FlexiCall) feature. This feature allows a user to have an incoming call ring 

simultaneously on the user’s internal and external devices until the call is answered. 

 

Note: Assigning external phone numbers to users requires Mobility User license. If no free 

Mobile User licenses are available, trying to define external phone numbers for an additional 

user will fail, and a relevant note will be displayed on the License Information page. 

 

7.3.2.1 Specifying an External Phone Number for a User 

You can specify one or multiple external phone numbers for the same user. 

 

To define or modify an external number: 

1 On the User page (see Figure 7.2: User Identity & Alias), click the Identity & Aliases tab. 

2 To the right of the External Numbers box, click Add, or select a number in the box and 

click Update. 

3 In the External number box, enter the external number as dialed from the user’s default 

location. 

To enter a full number with prefixes and suffixes, add + (the Plus sign) at the beginning 

of the number. 

4 Click OK. The number is added to the External Numbers box. 
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5 Clear the Add outside line access code prefix check box if you do not want the system 

to automatically add the outside line access code when placing calls to external numbers 

(selected by default). 

6 Click Save. 

 

7.4 Associating Users with Groups 

Aeonix supports forming groups of specific users. Groups are used for reflecting organization 

departments and hierarchies, as well as for applying group-related services. 

User groups and pickup groups are defined and managed in the same way from their 

respective list pages. 

 

You can add available users and groups as members of a user group, and build a hierarchy of 

groups and sub-groups to reflect the organization structure. User groups also allow you to 

conveniently include multiple users in another group, instead of assigning each user 

separately. 

 

In a pickup group, a call to a member of this group can be retrieved by any member dialing 

the group alert call pickup code. 

 

7.4.1 Group List and Pickup Group List Pages 

The Group List page displays the user groups defined in the system; the Pickup Group List page 

displays the existing pickup groups. 

 

To open these pages: 

1 On the navigation pane, click Administration. The pane displays the Administration menus. 

2 Select the Users menu, and then click Group List or Pickup Group List. 

 

7.4.2 Defining a Group 

You can create a group and assign individual users or groups as its members. 

To add or update a user group or a pickup group: 

On the relevant Group List page, click Add or select a group. The relevant Group page is 

displayed, as in the following Figure 7.4: Add New Group for a new user group. 
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7.5 Managing a User’s Phones 

The user cannot make or receive calls without at least one phone. This phone (or an external 

number) must be defined in the system and associated with the user. 

 

The following procedure describes how to define a user’s phone in Aeonix and configure 

basic phone parameters.  

 

In addition, the phone itself must be configured to work with the system. Only then will the 

user be able to place and receive calls.  

 

Managing a user’s phone includes: 

 Adding a User’s Phones 

 Viewing a User’s Phones 

 

7.5.1 Adding a User’s Phones 

1. On the User page, click the Phones tab. 

 

Figure 7.4: Add New Group 
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This tab contains the following: 

 The My Phones table, which lists previously defined phones for this user 

 The New Phone Configuration section for adding a new phone 

 

1. From the Phone type drop-down list in the New Phone Configuration section, select 

the phone type. 

2. In the Phone ID fields, enter the MAC address (MGCP phones), SIP User Name (SIP 

phones), or shelf/slot/card assignment (Coral Wave Gateway phones) of the phone, as 

well as the name of the domain (server) to which the phone is connected. 

3. From the Location drop-down list in the New Phone Configuration section, select the 

location where the phone is used. 

4. Click Save at the bottom of the User page. 

 

7.5.2 Viewing a User’s Phones 

You can view and access the following phones from a User page: 

 Phones assigned to the user as their default user 

 Phones to which the user is currently logged in, even if this user is not the default user of 

these phones 

 

Figure 7.5: User Phones 
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8 Chapter 

Profiles & Sub-profiles in Aeonix 
 

8.1 Overview 

Profiles are sets of parameter values that can be associated with an Aeonix user or trunk 

group. Parameters include: Timers, Toll barrier, call routing, display format and user features. 

Profile is similar to Class of Service (COS). 

 

When a user or a trunk group is added to the system, the entity is automatically assigned the 

values of its profile. If profile values are changed, any entity that is assigned this profile is 

modified accordingly. 

 

A profile includes several sub-profiles, each of them specifying values for a set of parameters. 

The same sub-profile can be assigned to several profiles. Whether a sub-profile or its 

parameter values can be overridden at the user (or trunk group) level depends on the specific 

profile configuration. 

 

8.2 Managing Sub-profiles 

A sub-profile specifies the values for a set of content-related parameters. The sub-profile types 

available are: General Information; Timeouts; Toll Barrier; Schedule; Incoming Call Routing; 

Outgoing Call Routing; Feature Configuration. 

 

For each type, multiple sub-profiles can be created in addition to the predefined default sub-

profiles. Sub-profiles can be updated whenever required. 

 

A profile includes one sub-profile of each type. (Incoming Call Routing, Outgoing Call 

Routing, Feature Configuration, and Administration Level sub-profiles, as well as phone 

profiles, are not used in trunk group profiles.) By default, this is a predefined sub-profile, but it 

can be replaced. 

 

A Profile List page is available for each sub-profile type. It displays the available sub-profiles 

of the relevant type. 

 

To open a Profile List page of a specific sub-profile type: 

 

1. On the navigation pane, click Settings. The pane displays the Settings menus. 

2. Select the Profiles menu, and then click Sub-profiles. The available sub-profile types 

are listed on the navigation pane. 
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3. Click the relevant sub-profile type. Its Profiles page is displayed, as the General 

Information Profiles page in the Figure 8.1: General Information Profiles below. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

8.2.1 General Information Sub-profiles 

General Information sub-profiles are defined similarly for user profiles and for trunk group 

profiles, although some parameters are not used in trunk groups. 

 

8.2.2 Timeout Sub-profiles 

Timeout sub-profiles are defined similarly for user profiles and for trunk group profiles. 

 

8.2.3 Feature Configuration Sub-profiles 

Feature Configuration sub-profiles are assigned to user profiles only and define the way the 

following Aeonix features are applied to users: 

 Call Waiting 

 Auto Answer 

 Voice Page 

 Callback and Call-through (Mobility) 

 ANI Restriction 

 Exclusive Hold (for ULA) 

 Desktop Client Applications (Sea Navigator and Sea Attendant) 

 Recall (on Transfer) 

 SIP Features 

 Auto Redial 

 Flash Mode 

Figure 8.1: General Information Profiles 
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8.2.4 Toll Barrier Sub-profiles 

Toll Barrier sub-profiles are defined similarly for user profiles and for trunk group profiles. 

These parameters define call numbers and destinations that are blocked for outgoing calls and 

call forwarding. Toll barrier restrictions also apply to calls manipulated by Outgoing Call 

Routing rules. 

 

8.2.5 Schedule Sub-profiles 

Just as global schedules, schedules defined in a Schedule sub-profile are used for defining 

advanced call forwarding and rejection rules in Incoming Call Routing sub-profiles. 

 

However, in contrast to global schedules, the schedules and time frames of a Schedule sub-

profile can be a component of a user’s call forwarding rules only if this sub-profile is included in 

the user profile associated with this user. 

 

8.2.6 Incoming Call Routing Sub-profiles 

Incoming Call Routing sub-profiles are assigned to user profiles only. They define to which 

devices incoming calls are routed and allow the forwarding or rejection of calls upon a 

combination of conditions. Possible conditions include the result of the call, the availability of 

the called user, the number of the caller, as well as the date, weekday, or time the call was 

placed. 

 

The routing conditions and call forwarding destinations are defined using rules. These rules can 

be of the following types: 

 Mandatory—high priority rules. These rules are defined in the sub-profile and cannot be 

overridden at the user level. 

 Optional—sub-profile rules that can be overridden at the user level 

 User’s rules—rules that are defined for a specific user. These rules are only set at the user 

level and override the optional rules 

 

You can define basic and advanced incoming call routing rules. Basic rules are applied to all 

incoming calls regardless of the caller. Advanced rules forward or reject calls according to 

caller, user presence, and timing conditions. The priorities of the rules can be configured as well. 

 

Note: Calls are not forwarded if the specified forward destination or destinations are 

restricted by the user’s toll barrier settings. 



CAMTECH/S/PROJ/2020-21/SP6  55 

 

IP based Telephone Exchange (Aeonix of TADIRAN make)  October 2020 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

An Incoming Call Routing sub-profile’s basic rules are applied to all incoming calls for the 

users associated with this sub-profile. Only one basic rule can be defined for each call 

forwarding condition. 

 

The following basic rules are available: 

 

 Forward on busy—forwards calls when the phone line is busy. This rule does not 

apply if call waiting is activated  

 Forward all—forwards all calls 

 Forward on DND—forwards or rejects calls when the user’s presence status is DND 

 On logout—forwards calls, or routes calls to the members of the user’s ULA group, if 

the user is logged out from all internal devices assigned to this user and has no 

external phone number defined 

 Ring on—specifies whether incoming calls ring on a user’s internal phone, external 

phones, and/or devices of members belonging to the user’s owned ULA group. An 

incoming call rings (or is indicated) on all selected devices and stops ringing when the 

call is answered. 

 If an incoming call is not answered within a specified time period, it is forwarded to 

another user or number, or rejected. This rule also applies to call waiting when callers 

put on hold are not answered. 

 

Figure 8.2: Incoming Call Routing Profile Page for a New Sub-profile 
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8.2.7 Outgoing Call Routing Sub-profiles 

Outgoing Call Routing sub-profiles are assigned to user profiles only. They define how the 

system routes and handles calls placed by users that are assigned the relevant profile. 

 

An Outgoing Call Routing sub-profile defines which Automatic Route Selection table is applied 

to outgoing external calls. It is also used for the following: 

 Enabling and configuring the hot station feature. If this feature is enabled, the user’s 

phone automatically dials a specified number when the user operates the phone. 

 

The operations that induce the phone to call depend on the hot station mode  and on 

the type of the phone. Hot station triggers are lifting the phone handset or pressing a 

key. 

 Outside line access code parameters. If enabled, the system automatically adds the 

outside line access code when a call is placed to an external number. In   this case, you 

do not have to dial the outside line access code when placing calls to external 

numbers. 

 

 Manipulating digits of outgoing calls, mainly for assigning speed dial functions to dial 

pad keys. Unlike speed dial functions set in phone profiles, these functions apply to all 

phones of a user, regardless of their type. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

A dialed number manipulation rule consists of a condition and of one or more manipulations 

performed on outgoing call numbers if the condition is met. 

Figure 8.3: Outgoing Call Routing Profile Page 
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Action Options: 

 

 Add offset—adds the specified offset number to the dialed number (mathematical 

operation). For example, if you select this option and enter 5, the dialed number 

012233445 is changed to 012233450. 

 Add prefix—adds the specified prefix number to the beginning of the dialed number. For 

example, if you select this option and enter 03, the dialed number 445566778 is changed 

to 03445566778. 

 Add suffix—appends the specified suffix number to the dialed number. For example, if 

you select this option and enter 5, the dialed number 012233445 is changed to 

0122334455. 

 Remove first digits—removes the specified number of digits from the beginning of the 

dialed number. For example, if you select this option and enter 2, the dialed number 

034455667 is truncated to 4455667. 

 Remove last digits—removes the specified number of digits from the end of the dialed 

number. For example, if you select this option and enter 3, the dialed number 023344558 

is truncated to 023344. 

 Replace number—replaces the dialed number with the specified number. 

 

8.2.8 Administration Level Sub-profiles 

Administration Level sub-profiles are assigned to user profiles only. These parameters define 

administration task privileges granted to users whose user profile is associated with the 

particular administration level profile, authorizing them to access and/or manage the Aeonix 

Web Portal pages associated with this administration level profile. 

 

Figure 8.4: Dialed Number Manipulation Rule 
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8.2.9 Phone Profiles 

Phone profiles are sub-profiles that define the properties (speed dial and other functions of the 

phones’ programmable buttons) of MGCP, SIP, and digital phones connected to Aeonix. 

 

The values and functions defined for a phone profile are applied by default to the relevant 

phones of users whose assigned profile includes this phone profile. At the user level, 

additional phone profiles can be defined and associated to specified phones. 

 

8.3 Managing Profiles 

A profile is a set of selected sub-profiles of several sub-profile types. Defining a profile 

includes selecting sub-profiles for the profile, as well as specifying whether they can be 

overridden for a particular entity. 

 

Two profile types exist in the Aeonix system: 

 

 User profiles are assigned to Aeonix users and define values of user parameters. 

 Trunk group profiles are assigned to Aeonix trunk groups and define values of trunk 

group parameters.  

 

User profiles and trunk group profiles are managed in the same way, except that some sub-

profiles— Incoming Call Routing, Outgoing Call Routing, Feature Configuration, and Phone 

profiles—are only associated with user profiles. For trunk groups, routing rules are defined 

individually for each trunk group, rather than through profiles. 

 

8.3.1 User and Trunk Group Profile List Pages 

The User Profile List page displays the user profiles defined in the system; the Trunk Group 

List page displays the trunk group profiles. 

 

To open these pages: 

 

1. On the navigation pane, click Settings. The pane displays the Settings menus. 

2. Select the Profiles menu, and then click User Profile List or Trunk Group Profile List. 

 

8.4 Overriding User Profiles 

A user profile consists of several assigned sub-profiles, one for each sub-profile type. A sub-

profile includes a set of content-related parameters. Whether a sub-profile can be overridden 

for a specific user, depends on the definition of the profile assigned to this user. By default, a 

new user is assigned the Default User profile and the sub-profiles related to this profile which 

can also be modified. 
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8.4.1 Assigning a Profile to a User 

Each user is assigned one of the user profiles defined in the system. On the User page, you can 

replace the assigned profile by selecting another profile from the Profile drop-down list. The 

sub-profiles assigned to the user are replaced with the sub-profiles of the new profile. 

 

8.4.2 Replacing a User’s Sub-profiles 

By default, a user’s sub-profiles, which are displayed under the Profiles tab (see Figure 8.5: 

User Profile), are taken from the profile assigned to the user. For example, if a user is assigned 

the Default User Profile, its sub-profiles are automatically applied to this user and profile 

updates reflected in the user’s settings. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Replacing a sub-profile means breaking, for this user, the link between this sub-profile and the 

profile. This means that the sub-profile remains linked to the user even if another sub-profile 

is assigned to the user’s profile. However, modifications of the sub-profile are still reflected in 

the relevant user parameters. 

You can change the General Information, Timeout, Feature Configuration, Toll Barrier, 

Schedule, Incoming Call Routing, and Outgoing Call Routing sub-profile assignment of a 

specific user. 

 

Note: You cannot change the Administration Level of a specific user. However, you can set 

full administrator rights for the user. 

 

8.4.3 Overriding Sub-profile Parameter Values 

A user’s default parameter values are defined by the sub-profiles of the profile assigned to this 

user. Depending on the profile definition, you can override these values. 

Figure 8.5: User Profile 
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Modifying the source sub-profile does not affect an overridden sub-profile parameter. 

However, if the user is assigned another profile the value is reset in accordance with the newly 

assigned profile. Overridden parameter values are also reset if the sub-profile is replaced by 

another sub-profile. 

 

8.5 Configuring a User’s Phone Profiles 

Phone profiles define the settings and dial functions of phones. The profile assigned to a user 

includes a phone profile that is applied by default to Aeonix phones associated with this user. 

 

Default phone profiles cannot be associated with a specific phone. However, you can define 

additional phone profiles for specific phones, which apply when the user uses these phones. 

 

8.5.1 Defining a User’s Phone Profiles 

By default, a user’s default phone profiles are sub-profiles linked to and determined by the 

user profile assigned to this user. You can break this link and select another phone profile or 

override parameter values. In addition, you can add new, clone, and update phone profiles for 

specific phones. 

 

Overridden parameters are not affected by modifications of the phone profile. However, if the 

user is assigned another user profile, the parameter values of the default phone profile are 

reset in accordance with the newly assigned profile. Overridden parameter values of the 

default phone profile are also reset if a previous override is cancelled and the link between the 

phone profile and the user profile is recreated. 
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9 Chapter 

Managing Phones in Aeonix 
 

9.1 Overview 

Phones are physical devices on which users place and receive calls. A phone can be a 

telephone, a handset, or a workstation with virtual telephone software running. It is necessary 

to define telephones in Aeonix before any calls can be routed to them. A phone must have a 

user before it can make or receive calls. After the phone registers, the default user is 

automatically logged in. 

 

It is important to remember that for the purposes of a VoIP system, the physical location of 

the phone is not relevant. That is, if an IP phone is moved from one office to another, the 

system recognizes the phone and not the extension number of the local outlet as with a 

traditional phone. This means that when a user moves to another office, the user simply has to 

take the telephone to the new office, and the call is automatically routed to this phone. 

 

Furthermore, a user can log into any phone, and the relevant definitions for this user profile 

apply to the phone. A user can even have more than one set of definitions for the phone, for 

example, to set different speed dial buttons for home and office. 

 

The Aeonix supports both MGCP phones and SIP Terminals (See Figure below) 

 

9.2 SIP Phone 

A SIP phone is an IP phone that implements client and server functions of a SIP user agent 

and provides the traditional call functions of a telephone, such as dial, answer, reject, call 

hold, and call transfer.  

Figure 9.1: Aeonix Phones 
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SIP phones may be implemented as a hardware device or as a softphone. 

 

SIP Phone is a phone that uses the Open Standard “SIP” to set up and manage phone calls. 

The actual voice is carried over an IP-based network using another Open Standard called 

“RTP“ 

 

9.3 Aeonix Web portal Phone List Page 

To open the Phone List page: 

1. On the navigation pane, click Administration. The pane displays the Administration 

menus. 

2. Select the Phones menu, and then click Phone List. 

 

The Phone List page displays the phones configured in the system. It also contains an area in 

which search criteria can be defined to find and display specific phones. 

 

The phones listed with a green circle icon are currently registered in Aeonix. Click Refresh to 

manually update the list. 

 

9.4 Defining a Phone in Aeonix 

Each phone must be defined in the Web Portal to operate in the Aeonix system. 

 

To add or update a phone: 

 

1. In the navigation pane, select the Phones menu, and then do one of the following: 

Figure 9.2: Phone List 
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 To define a new phone, click Add Phone, and then select the phone type as 

described in the following table. 

 

Table 9.1: Phone Type 

Phone Type When To Select 

Tadiran MGCP For a FlexSet-IP 280S, T207M, T208M, T207M/NP, 

T208M/BL phone 

FlexIP SoftPhone For a FlexIP SoftPhone (FLIPS) 

SIP Terminal  For a Tadiran SIP phone 

 For a P-Series phone (P-335, P-450) 

 For a third-party SIP phone, a SIP softphone 

(including SeaBeam), or an analog phone 

connected through a SIP-based Coral 

Teleport FXS gateway 

MGCP Terminal For an analog phone connected through 

an MGCP-based Coral Teleport FXS 

gateway 

Wave Gateway station For an analog phone or a digital keyset connected 

through a Coral Wave Gateway. 

(SLT, FlexSet 120, 120D, 120L, 120S, 121S, 280, 

280D 280D-HS, 280S, 281S, DKT, CPA and DST). 

 

 To update an existing phone, click Phone List and select the relevant ID in the list. 

 To create a copy of an existing phone, click Phone List. On the Phone List page 

(see Error! Reference source not found.), click the Clone icon to the right of the  

relevant phone. 

 

Note: When you clone a phone, all parameter values are copied to the new phone except 

for the Phone ID and the Closed User Group. 

 

The Phone page displays the phone parameters. 

 

2. If this is a new phone, define the Phone ID fields: 

 In the first field (before the @ sign), enter the phone name. 

 In the second field (after the @ sign), enter the name of the domain to which the phone is 

connected. The default domain name of Aeonix is aeonix.com, but it can be changed as 

long as no phones and trunks have been defined. 

 

3. On the General tab, define the parameters for any phone type. 

4. Click the Provisioning tab (applicable for Tadiran SIP phones and P-Series phones), 

and then select the Device model of the phone. 

5. View or define the parameters. 

9
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6. For a SIP phone, click the Advanced tab. 

7. Click Save to add the phone to the system. 

 

9.5 Defining the Default User of a Phone 

A phone is usually assigned a default user. This can be done when adding the phone to the 

system or while updating an already existing phone. 

 

Note: If a phone is added from a User page, the user is automatically defined as the 

default user of this phone. In this case, there is no need to manually assign the default 

user. 

 

When a phone is connected, it automatically uses the default user’s relevant phone profile 

settings (if existing), which include features such as speed dial buttons. 

 

To define the default user of a phone: 

1. On the relevant Phone page, enter the first character of the relevant user ID in the 

Default user field and select the user from the list displayed below the field. 

2. If necessary, enter or update the other parameters.  

3. Click Save. The phone is assigned a default user. 

 

9.6 Phone Templates 

A phone template defines the initial default values for a phone of a specific type. When a phone 

is added to the system, it is automatically assigned the appropriate default values. Unlike 

profiles, phone template values are only applied to new phones. Changes in a template are not 

reflected in phones that have already been defined in Aeonix. 

 

For each phone type, the system includes a template. You cannot add or remove templates, 

but you can modify the template values. 

 

 

9
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10  Chapter 

Aeonix – Trunks and Trunk Groups 
 

10.1 Trunk Groups 

An Aeonix trunk group is a logical grouping of trunks connected to the Aeonix system that serve 

a common purpose. A trunk group usually has one or more unique alias numbers defined and 

is assigned to one or more trunks. Typical examples of trunk groups include a group of trunks 

connecting Aeonix to the PSTN, or trunks connecting a Coral IPx to Aeonix. 

 

 

 

10.1.1 Trunk Group List Page 

The trunk groups available in the system are listed on the Trunk Group List Page. 

 

To open the Trunk Group List page: 

1. On the navigation pane, click Administration. The pane displays the Administration 

menus. 

2. Select the Trunk Groups menu, and then click Trunk Group List. 

 

The Trunk Group List page displays the existing trunk groups in the system (see Figure 10.2: 

Aeonix Trunk Group List). 

 

 

Figure 10.1: Aeonix Trunk Group 
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The trunk groups listed with a green circle icon are currently registered in the system through 

associated trunks. Click Refresh to manually update the list. 

 

For each trunk group, the list displays the following information: 

 

Table 10.1: Trunk Group List Parameters 

Field Description 

Status 

icon 

(circle) 

A circle icon to the left of each trunk group indicates the 

following: 

 Green - at least one trunk related to the trunk group is 

registered in Aeonix. 

 Red - the related trunks are not registered. 

NOTE: View the specific icon’s tooltip for more information. 

Trunk 

Group ID 

Unique identifier of the trunk group. Typically, a name indicating 

the purpose of the gateway or IP trunk is used. 

Description A short description of the trunk group (optional) 

Display 

Name 

The name of the trunk group as viewed by Aeonix users 

Aliases Number or numbers associated with this trunk group. An alias 

number is dialed or entered to access the trunk group, regardless 

of its current location. 

 

Figure 10.2: Aeonix Trunk Group List 
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10.1.2 Defining a Trunk Group 

A new trunk group that is connected to the network must be assigned an endpoint (IP trunk or 

gateway) and an alias (extension number or numbers). 

 

10.1.3 Defining Trunk Group Settings 

General trunk group settings are defined in the upper part of the Trunk Group page; trunk 

group identity parameters are defined under the Identity & Aliases tab. 

 

10.1.4 Assigning Aliases to Trunk Groups 

Each trunk group defined must have at least one alias number assigned to operate in the 

system. Aliases are assigned to trunk groups exactly as they are assigned to users. 

 

10.1.5 Overriding Trunk Group Profiles 

A trunk group profile consists of several assigned sub-profiles, one for each sub-profile type. 

A sub-profile includes a set of content-related parameters. Whether sub-profiles can be 

overridden for a specific trunk group, depends on the definition of the profile assigned to this 

trunk group. 

 

By default, a new trunk group is assigned the Default Secured Trunk Group profile and the sub-

profiles related to this profile. The profile assignment and sub-profile values of a trunk group 

can be modified similarly as for a user. The only differences are: 

 

 In the General Information sub-profile, some parameters are not relevant for trunk 

groups. 

 Phone, Schedule, Incoming Call Routing, Outgoing Call Routing, or Feature 

Configuration sub-profiles are not assigned to trunk groups. Incoming and outgoing 

routing rules are defined separately for each trunk group. 

 No phone profiles are assigned to trunk groups. 

 

10.1.6 Defining Incoming and Outgoing Call Routing for Trunk Groups 

To specify how a trunk group routes incoming and outgoing calls, you can define rules for 

manipulating digits of calls that are transmitted or received through the trunk group. A digit 

manipulation rule consists of one or more manipulations performed on calling or called 

numbers. 

 

Digit manipulation rules can be created for the following call numbers: 

 

 DNIS—the number dialed by the caller placing a call through the trunk group 

 ANI—the phone number of the caller 
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Figure 10.3: Aeonix Trunks 

 Manipulated DNIS—the number dialed by the caller placing a call through the trunk 

group based on the result of the previous DNIS manipulation 

 Manipulated ANI—the phone number of the caller based on the result of the previous 

ANI manipulation 

Which calls are routed through the trunk group depends on the Automatic Routing Selection 

(ARS) settings. To enable trunk-to-trunk routing, you can assign an ARS table to the trunk 

group, which defines how incoming trunk calls are routed.  

 

10.1.7 Defining the Trunk Members of a Trunk Group 

A trunk group cannot operate in the network without trunks. These devices must be defined in 

Aeonix and associated with the trunk group. Only then the trunk group will be able to function 

in the network. 

 

10.1.8 Importing / Exporting Trunk Group Rules 

The Aeonix Web Portal supports the batch import and export of incoming and outgoing trunk 

group rules in Aeonix from CSV (comma-separated) files. These files can be managed 

externally in a spreadsheet editor. 

 

10.2 Trunks 

Trunks are the channels through which Aeonix trunk groups route calls. A trunk can be a SIP 

trunk, SIP gateway trunk, or Coral IPnet trunk. It is necessary to define trunks in Aeonix before 

any calls can be routed through them. 

Trunks must be assigned to trunk groups to operate in the system. A trunk group can be a SIP 

gateway trunk or Coral Wave Gateway telephony system. 

 

The trunks available in the system are listed on the Trunk List Page. Following Trunk types 
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Figure 10.4: Aeonix Trunks List 

are there in Aeonix. 

Table 10.2: Aeonix Trunk Types 

Trunk Type When To Select 

Coral (IPnet) For a Coral IPx/FlexiCom PBX 

SIP Trunk and Gateway For a SIP trunk (such as Aeonix Contact Center) and 

SIP gateway (such as: Tadiran TGW, AudioCodes 

M/MP) or for a SIP-based 

Coral Teleport FXO gateway trunk 

Wave Gateway 

trunk (E&M) 

For an E&M (ear and mouth) trunk connected through 

a Coral Wave Gateway 

Wave Gateway 

trunk (LS/GS) 

For an LS/GS (loop start/ground start) trunk connected 

through a Coral Wave Gateway. 

Wave Gateway 

trunk (MFC) 

For an MFC (multi-frequency code signaling) trunk 

connected through a Coral Wave Gateway 

Wave Gateway trunk (PRI 

ISDN) 

For a PRI ISDN trunk connected through a Coral 

Wave Gateway 

Wave Gateway trunk (PRI 

QSIG) 

For a PRI QSIG trunk connected through a Coral 

Wave Gateway 

Coral (IPnet) For a Coral IPx/FlexiCom PBX 

 

10.2.1 Trunk List Page 

To open the Trunk List page: 

1. On the navigation pane, click Administration. The pane displays the Administration 

menus. 

2. Select the Trunks menu, and then click Trunk List (See Figure below). 

 

 

 

 

 

 

 

 

 

 

 

 

 

xxx.xx

x 
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The Trunk List page displays the trunks configured in the system. It also contains an area in 

which search criteria can be defined to find and display specific trunks. 

 

The top of the page provides the following general information about all trunks. 

 

Table 10.3: General Trunks information 

Parameter Description 

SIP trunk / 

gateway licenses 

The maximum number of concurrent SIP trunk or 

gateway calls that can be transmitted via trunks or 

gateways 

Used The total number of licenses used by all trunks 

Reserved The total number of licenses that are reserved 

 

The trunks listed with a green circle icon are currently registered in Aeonix. Click 

Refresh to manually update the list. 

 

10.2.2 Defining a Trunk in Aeonix 

Each trunk must be defined in the Aeonix Web Portal to operate in the Aeonix system. 

 

10.2.3 Defining the Default Trunk Group of a Trunk 

A trunk is usually assigned a default trunk group. This can be done when adding the trunk to 

the system or while updating an already existing trunk. 

 

Note: If trunks are defined as members of a trunk group, this trunk group is automatically 

defined as their default trunk group. In this case, there is no need to manually assign the 

default trunk group. 

 

10.2.4 Trunk Templates 

A trunk template defines the initial default values for a trunk of a specific type. When a trunk is 

added to the system, it is automatically assigned the appropriate default values. 

 

For each trunk type, the system includes a template. You cannot add or remove templates, but 

you can modify the template values. 
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10.3 Automatic Route Selection (ARS) 

Automatic Route Selection (ARS) tables specify the trunk groups through which external calls 

are routed. This feature provides the capability of routing outgoing calls through the most cost-

effective channels while maintaining acceptable call quality. 

 

Before ARS tables can be created, the required trunk groups must be defined. The system 

includes a predefined default ARS table, which can be modified, but not deleted. Which ARS 

table is used for routing a call depends on the Outgoing Call Routing sub-profile of the calling 

user. 

 

10.3.1 How Automatic Route Selection Works 

You can define ARS routing tables to specify how calls are routed depending on their prefix 

number. A prefix number can be based on one of the following, which is prioritized by the 

system from most to least specific: 

 Country code, area code, and the first digits of a phone number (given highest priority) 

 Country code and area code (given medium priority) 

 Country code (given low priority) 

 

A default prefix definition can be defined for the routing of calls that do not match any of the 

prefixes specified in the routing table (given lowest priority). 

 

When performing Automatic Route Selection for an outgoing call, the system attempts to make 

the best prefix match according to the above priority levels and routes the call according to the 

corresponding trunk group. If the trunk group of a prefix number of a higher priority is unable 

to process the call, the system checks the next priority level until it reaches the lowest priority 

level (if necessary). 

 

The system also takes into account the country code and the area code of the calling user’s 

location and adds the codes to the dialed number if they are missing. 

 

10.3.2 ARS Table List Page 

Routing tables are defined and managed from the ARS Table List page. To open this page: 

1. On the navigation pane, click Settings. The pane displays the Settings menus. 

2. Select the ARS menu, and then click ARS Table List. 
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The ARS Table List page displays the names of all Automatic Route Selection tables defined 

in the system. 

From this page, you can perform the following actions: 

 Add new ARS table 

 Update ARS table 

 Delete ARS table 

 Clone ARS table 

 

 

 

 

 

 

 

 

 

 

 

Figure 10.5: ARS Table List Page 
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11  Chapter 

Aeonix Maintenance & Troubleshooting 
 

11.1 Issues pertaining to Aeonix based IP Exchange 

 

11.1.1 Installation Issues 

There are two important things to be taken into consideration in the installation process: 

hardware and software. A well trusted and reliable IP Service Provider can help you with 

setting up the IP telephony system and the installation of the required programs for a proper 

functionality. 

 

Generally, people tend to overlook the network issues. You must keep this in consideration 

that your systems work together in an efficient way, between voice and data network. You 

may encounter some hindrances of poor call quality and latency issues which results in 

disrupted connectivity. 

 

11.1.2 Connectivity Issues 

 

11.1.2.1 Jitter 

Connectivity problems are again something that must be taken into deep consideration. To 

resolve this issue, primarily, it is important to know how an IP telephone sends your voice to 

the other end. Before transmitting the message, the voice is first divided into multiple data 

packets but the problem arises when some of these data packets go through a different 

order or are lost. 

 

This problem is called jitter, which results in poor or clumsy quality of audio. In this way, the 

message/voice cannot be properly understood by the listener which ultimately leads to 

inconveniences and connectivity problems.   

 

In this way, the message/voice cannot be properly understood by the listener which ultimately 

leads to inconveniences and connectivity problems. The solution for this problem is the use of 

jitter buffers. They minimize the delay variations by storing the packets or discard them 

when they arrive too late. 

 

11.1.2.2 Latency 

Latency is another problem which people encounter and is also called VoIP delay. It is a 

measure of the delay in a call. It sounds like an echo. Following are the different type of 

delays majorly found in VoIP networks: 
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 Propagation Delay – It occurs due to the fact electrons travel at less speed than light 

through copper or fiber. There is a noticeable degradation of speech when propagation 

delays occur along with some handling issues.  

 

 Handling Delay – When the frame is forwarded by some devices, through the 

network, there is a probability that it may cause handling delay.  

 

 Queuing Delay – It occurs when there is packet congestion problem. It occurs when 

more packets are sent out than the interface can handle.  

 

The Solution: Latency and jitter problems can be easily improved by prioritizing VoIP traffic 

over the network. There are numerous ways and techniques for prioritizing VoIP traffic. 

Network management, bandwidth reservation, Multi-Protocol Label Switching (MPLS), Type 

of Service, Class of Service are some of the ways. Moreover, quality VoIP router also helps in 

solving much of these problems. 

 

11.2 Aeonix Alarms 

Aeonix can create alarm messages (traps) on system malfunction and shortage of resources. 

The system sends these messages to external SNMP Network Management System applications 

or NMS servers, or to specified email addresses using SMTP. 

 

Alarm types are sent for server related reasons, such as when CPU, disk space, and memory 

resources are becoming insufficient in an Aeonix server. Alarms are also triggered on missing 

license permissions, or on license resources that are becoming scarce.  

 

11.2.1 Viewing Alarms 

To display the alarms: 

1. At the bottom of the navigation pane, click System. The pane displays the System 

menus. 

2. Select the Alarms menu, and then click one of the following in the Alarms menu: 

To view the current list of server, license, and Wave Gateway alarms, click 

Current Alarms (see Figure 11.1: Alarms). 
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To view all the alarms, click All Alarms. 

 

11.3 Monitoring system parameters 

System parameters define the initial system configuration and interface settings. The 

parameters described in this section can be displayed and programmed in the Aeonix Web 

Portal. 

 

To program values for system parameters: 

1. At the bottom of the navigation pane, click System. The pane displays the System 

menus. 

2. Select the System Parameters menu, and then click System Parameters. The System 

Parameters page is displayed. 

 

11.4 Clusters 

 

11.4.1 Displaying Cluster Information 

The Cluster Status page displays information about your Aeonix network, including 

connection status, number of registered endpoints, and voicemail server associated with each 

server in the cluster. 

In the event that cluster functionality is compromised, the system will prompt you as to which 

server or servers need to be restarted in order to recover the cluster. 

 

To view Aeonix cluster status information: 

Figure 11.1: Alarms 
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1. At the bottom of the navigation pane, click System. The pane displays the System 

menus. 

2. Select the Cluster menu, and then click Cluster Status. The Cluster Status page is 

displayed listing all servers belonging to the cluster. 

 

11.4.2 Restarting Servers after Network Connection Restored 

In cluster environments a network failure may require a server or group of servers to be 

restarted. The Cluster Status page displays the following pop-up screen when there is a change 

in the status of the cluster, such that the auto-recovery mechanism cannot be performed. In this 

case, you will be prompted to restart Aeonix servers according to their connection status 

group. 

 

To recover a cluster: 

1. Select the connection status group for which you want to perform a restart: 

 Red – To restart all the servers with connection status Red. 

 Green – To restart all the servers with connection status Green. 

 Both – To restart all the servers with connection status Red and Green. 

 

2. Click Restart; Aeonix restarts all the selected servers. This process may take a few 

minutes. 

 

11.4.3 Configuring the Cluster for Registration Load Balancing 

You can configure server location and capacity settings for endpoint registration load 

balancing purposes. In addition, you can set the reconnection method to use in the event one 

or more of the servers in a cluster requires a restart because it is not synchronized with the 

other servers in the cluster or its functionality has been compromised. 

 

To configure Aeonix cluster server locations and capacities: 

1. At the bottom of the navigation pane, click System. The pane displays the System 

menus. 

2. Select the Cluster menu, and then click Cluster Configuration. The Cluster 

Configuration page is displayed listing all servers belonging to the cluster. 

 

11.4.4 Enabling and Configuring High Availability 

You can enable the High Availability feature to work on servers both within and among 

Aeonix cluster locations. 

If some server suffers a failure and the High Availability feature is enabled, the workload of 

the failed server is distributed among the other servers. 
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In addition, you can configure server locations for High Availability purposes, including 

which locations backup the other, the timeout duration for servers within the same location, and 

the timeout duration between servers in different locations. The timeout specifies how long 

the corresponding server waits before initiating the failover process. 

 

To enable High Availability between locations: 

1. At the bottom of the navigation pane, click System. The pane displays the System menus. 

2. Select the Cluster menu, and then click High Availability. The High Availability page is 

displayed listing all servers belonging to the cluster. 

3. Select Enable High Availability to enable this feature to work on servers within the same 

Aeonix cluster location. 

4. At the bottom of the page, click Save. 

 

11.5 Data Backup and Restoring via Web 

The configuration of an Aeonix system, including the definition of users, trunk groups, 

phones, and trunks, is stored in a dedicated, continuously updated database. 

 

In clusters with multiple Aeonix servers, the servers are kept synchronized and each contain a 

database of the whole system. Restored databases, as well as parameters set for scheduled 

backup, are replicated to all servers as soon as they are running the Aeonix service. 

 

The Aeonix Web Portal enables administrators to back up or restore this database from their 

workstations. The Portal provides a convenient interface for: 

 Creating a Backup 

 Restoring the Database with a Backup 

 Setting up a Schedule for Automatic Backup 

Note: The backup and restore procedures must be performed while Aeonix is running. 

 

11.5.1 Creating a Backup 

A backup of the Aeonix database can be created at any time. Using HTTP, the system 

downloads the data in zipped XML format and saves the file at a destination specified by the 

administrator. The backup file name includes the name of the server and a timestamp. 

 

To create a backup of the Aeonix database: 

1. At the bottom of the navigation pane, click System. The pane displays the System menus. 

2. Select the Backup/Restore menu, and then click Create backup. The Create Backup 

page is displayed. 

3. Click Create. The backup creation process can take up to several minutes, depending on 

the system configuration. 
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4. At the end of a successful backup process, click Download File. (If the process fails, a 

detailed error message is displayed.) 

A standard File Download dialog box is displayed. 

5. Click Open to view the contents of the backup file, or Save to store the file at  a specified 

destination. 

 

11.5.2 Restoring the Database with a Backup 

 

 

 

The database restoring procedure is used for repairing a corrupted Aeonix database, or for 

importing a database from another Aeonix system. In clustered Aeonix systems with multiple 

servers, the restored database contents are replicated to each server if or as soon as it is up and 

running. 

 

To ensure reliable system operation, the restore procedure validates the backup file before 

importing it into the database. The validation makes sure the file format and structure are 

correct, and verifies database integrity. It also looks for the database version and automatically 

performs version upgrade if necessary. 

 

Immediately before restoring the database, the system backs up the database and saves it in the 

default backup directory. If the restore procedure fails, the backup is imported back into the 

database. 

 

Note: The database restoring procedure requires all servers in a cluster to be synchronized. If 

the contents in the databases of the servers differ, the replication process will fail. 

 

The restoring procedure will delete the current database after replacing it. For traceability 

purposes, it is recommended to create a backup prior to restoring. 

 

To restore the Aeonix database: 

1. At the bottom of the navigation pane, click System. The pane displays the System menus. 

2. Select the Backup/Restore menu, and then click Restore. The Restore page is displayed. 

Restoring the Aeonix database causes the Aeonix service to be restarted on all Aeonix 

servers in the system. Restarting Aeonix disconnects all ongoing calls in the system and 

discards any unsaved changes in entity definitions. 
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3. The page warns you of the impact database restoring might have on system operation. It 

also lists the numbers of currently active calls, all of which will be disconnected by the 

restoring procedure. 

4. To restore the database with a manually created backup file, select Upload backup file, 

and then click Choose File to specify the destination of the file. 

5. Select the required XML file, or a ZIP file containing the required file. The system 

supports the uploading of remote files via HTTP. 

6. To restore the database with an automatically created backup file, select Use scheduled 

backup file and click the relevant file in the table. 

7. Click Restore. The restoring process can take up to several minutes, depending on the 

system configuration. Once the database has been restored, the Restore button changes to 

Restart. 

8. Click Restart to restart the Aeonix service on all servers and re-log in to the Aeonix Web 

Portal. The content of the selected backup file will be replicated to all servers in the 

cluster. 

 

11.5.3 Setting up a Schedule for Automatic Backup 

Scheduled Backup programs the Aeonix system to automatically back up the database on a 

regular basis. This section describes how to configure the automatic backup schedule, 

including backup timing and backup file destination. In clustered systems, the destination can 

be defined individually for each Aeonix server. 

 

To configure the automatic backup schedule: 

1. At the bottom of the navigation pane, click System. The pane displays the System 

menus. 

Figure 11.2: Database restore  
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2. Select the Backup/Restore menu, and then click Set Backup Schedule. The 

Scheduled Backup page is displayed. For each server, the Scheduled Backup page 

lists the last backup and the destination of the backup file, if created. Failed backup 

attempts are displayed in red. 

3. Set the backup schedule fields. 

4. If necessary, specify the destination at which the backup files are saved on the servers. 

The default backup destination can be specified for each Aeonix server in the system. 

5. Click Save to save the configuration. 

 

 

 

11.5.3.1 Specifying the Scheduled Backup Destination 

By default, the system saves scheduled backup files in a preset local directory on each 

connected Aeonix server. For any of these servers, you can replace this directory by any 

accessible local or remote destination. You can also specify a common destination by defining a 

backup destination for one server and copy it to the other servers. 

 

To define the scheduled backup file destination for a server: 

 

1. On the Scheduled Backup page, click the relevant server in the table. The scheduled 

backup fields are displayed for the selected server. 

2. Select Perform Backup if necessary. If this check box is cleared, no backup file will be 

created for this server. 

Figure 11.3: Scheduled backup 
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3. To save the backup file on the server, select Save locally on disk and specify the 

backup destination path in the Location field. 

4. To save the backup file on a remote server using Secured File Transfer Protocol, select 

Use SFTP and set the fields. 

Click Check Connection to verify that Aeonix can connect to the remote server. 

5. To use the specified destination for the scheduled backup files of all servers in the 

cluster, click Apply to All Servers. 

6. Click Save. 

 

 

 

 

 

 

 

 



 

Figure 11.4: New Schedule backup 
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Annexure-I 

Items required to setup Aeonix based IP Exchange at a Railway unit 

 

Following items are generally required at a division place or other Railway unit to install an 

Aeonix based Exchange. The table given below may be referred for preparing the schedule of 

the work. 

 

Table 11: Items required to setup Aeonix based IP Exchange 

S. 

N. 

Item Description 

1.  Server for installing 

Aeonix applications 

Aeonix applications are installed on manufacturer 

approved servers that meet the minimum requirements. 

Each server supports 3000 user and 8 such servers can be 

added in a cluster arrangement. 

2.  Aeonix software 

package 

It includes CentOS Linux operating system, Aeonix 

UC&C, Aeonix Contact Center and SeaMail software. 

Aeonix supports 25000 user. 

3.  Aeonix license Aeonix requires licenses before it can be fully configured 

and used. These licenses are stored on a soft key. Each 

Aeonix system, whether based on one server or 

configured as a cluster of servers, must have exactly one 

soft key license. 

4.  User license User licenses are required for each user. Both Analog & 

IP user licenses have to be taken depending upon the 

subscribers. 

5.  Gigabit Ethernet switch For interconnection of Servers, Gateways, PoE switches 

to LAN.   6.  Cat 6 cable/ Patch Cord 

7.  Equipment Rack with 

PDU/ Fan 

For installing Servers, gateways, switches etc. 

8.  Online UPS 3 KVA For AC power supply. 

9.  IP telephone Tadiran SIP Phones,  FlexIP Softphone or other 

compatible IP phones. Can be connected directly to the IP 

network through Ethernet or through PoE switch. 

10.  PoE Ethernet switch For connecting IP Phones. 

11.  WiFi Access point For connecting mobile phones through WiFi (requires 

license). 

12.  Console PC/ Laptop For operating Aeonix Administration portal. 

For interfacing PSTN exchange & Analog subscribers 



CAMTECH/S/PROJ/2020-21/SP6  83 

 

IP based Telephone Exchange (Aeonix of TADIRAN make)  October 2020 

13.  Tadiran TGW24 or 

TGW96 FXS Gateway 

It is used to connect analog telephone terminals to the IP 

network through FXS ports. Quantity depends upon the 

no. of analog subscribers. 

14.  TGW 24 port Patch 

panel 

It has 24 jacks RJ11 protected distribution panel 

connecting to FXO lines or FXS phone wires. 

15.  TGWxE1 PRI Gateway It is used to connect Analog exchange on trunk side for 

STD/ Trunk facility. 

16.  Main Distribution Box 

(MDB) 

For patching of FXS gateway side copper wires and 

subscriber side 10/50 pair cables. 

17.  Distribution Box (DB) For patching of MDB side 10/50 pair cables & subscriber 

side 2 pair cables. 

18.  10/50 Pair PVC cable For connecting MDB & DBs. 

19.  2 Pair PVC cable For connecting Analog telephones to DB. 

20.  Analog Telephone 

instruments 

For connecting at subscriber end. 

21.  OFC & Media 

convertor   

For connecting Aeonix servers or gateways placed at 

remote locations. 

22.  Maintenance tool kit For maintenance & troubleshooting. 

 

Inspecting agency can be RDSO/ Rites or by the consignee himself. 
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Annexure-II 

TEC (Telecommunication Engineering Centre) 

Specifications 

 

For further study, following TEC* specifications may also be referred: 

 

 IP PRIVATE AUTOMATIC BRANCH EXCHANGE (IP PABX)  

No. : TEC/GR/SW/PBX-IP/01/MAR 2015 

 

Description: This document specifies the Generic Requirements (GR) of an IP PABX 

connected to the IP interface of Indian Telecom Network. This document covers the Generic 

Requirements of IP PABX system for supporting speech communication, data communication 

and multi-media applications. It covers IP PABX facilities, features and its performance 

requirements. 

 

 IP PABX with MEDIA GATEWAY  

No. : TEC/ GR/SW/PBX-005/01/SEP-16 

 

Description: This document specifies the Generic Requirements (GR) of ‘IP-PABX with 

Media Gateway’ connected to Indian Telecom Network. This document covers the Generic 

Requirements of IP-PABX for supporting speech communication, data communication and 

multi-media applications. It covers its facilities, features and performance requirements.  

 

 Signalling gateway  

No. : TEC/GR/SW/SGW-001/04/DEC-19 

 

Description: This document specifies the Generic Requirements (GR) of a Signalling 

Gateway (SG), to be used in Indian telecom networks. The SG is intended to facilitate 

seamless interworking between Signalling System Number 7 (SS7) network and IP based 

network.   

 

 SIP APPLICATION SERVER   

No. : TEC/GR/SW/SAS – S01/02/ NOV. 2009  

 

Description: This document specifies the Generic Requirements of SIP Application Server 

(SAS) that enables service providers to develop, roll out and host next – generation network 

(NGN) services e.g. Multimedia services, broadcasting, messaging etc.  

 

https://www.tec.gov.in/pdf/GR2/TEC-GR-SW-PBX-002-01-MAR-15.pdf
https://www.tec.gov.in/pdf/GR2/TEC-GR-SW-PBX-005-01-SEP-16.pdf
https://www.tec.gov.in/pdf/GR2/TEC-GR-SW-SGW-001-04-DEC-19.pdf
https://www.tec.gov.in/pdf/GR2/TEC-GR-SW-SAS-001-02-NOV-09.pdf
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 Softswitch for Local and Transit Wire-line Applications    

No. : TEC/GR/SW/NGN-LTS/02. Feb’ 13   

 

Description: This document specifies the Generic Requirements (GR) of a softswitch. This 

softswitch shall form a component of NGN system to be used for local and transit wire line 

applications.  

 

 

* Telecommunication Engineering Centre (TEC) functions under Department of 

  Telecommunications (DOT), Government of India 

https://www.tec.gov.in/pdf/GR2/TEC-GR-SW-LTS-001-02-FEB-13.pdf
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CAMTECH Publications 

CAMTECH is continuing its efforts in the documentation and up-gradation of information on 

maintenance practices of Signalling & Telecom assets. Over the years a large number of 

publications on Signalling & Telecom subjects have been prepared in the form of handbooks, 

pocket books, pamphlets and video films. These publications have been uploaded on the 

internet as well as Railnet.  

For downloading these publications  

On Internet: 

Visit www.rdso.indianrailways.gov.in 

Go to Directorates → CAMTECH Gwalior → Other Important links → Publications for 

download - S&T Engineering 

or click on link 

https://rdso.indianrailways.gov.in/view_section.jsp?lang=0&id=0,2,17,6313,6321,6326 

On Railnet: 

Visit RDSO website at 10.100.2.19  

Go to Directorates → CAMTECH → Publications →  S&T Engineering 

Or click on the link 

 http://10.100.2.19/camtech/Publications/CAMTECH%20Publications%20Online/SntPub.htm 

 

A limited number of publications in hard copy are also available in CAMTECH library which 

can be issued by deputing staff with official letter from controlling officer. The letter should be 

addressed to Director (S&T), CAMTECH, Gwalior.  

For any further information regarding publications please contact: 

 Director (S&T) – 0751-2470185 (O)(BSNL) 

 SSE/Tele -   9755549287 (CUG) 

 Or 

 Email  at dirsntcamtech@gmail.com  

 Or 

 FAX to 0751-2470841 (BSNL) 

 Or 

Write at 

Director (S&T) 

Indian Railways Centre for Advanced Maintenance Technology, 

In front of Hotel Adityaz, Airport Road, Maharajpur, 

Gwalior (M.P.) 474005 

http://www.rdso.indianrailways.gov.in/
https://rdso.indianrailways.gov.in/view_section.jsp?lang=0&id=0,2,17,6313,6321,6326
http://10.100.2.19/camtech/Publications/CAMTECH%20Publications%20Online/SntPub.htm
mailto:dirsntcamtech@gmail.com
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Quality Policy 

 

“We at RDSO Lucknow are committed to maintain and update transparent 

standards of services to develop safe, modern and cost effective railway 

technology complying with statutory and regulatory requirements, through 

excellence in research, designs and standards by setting quality objectives, 

commitment to satisfy applicable requirements and continual 

improvements of the quality management system to cater to growing needs, 

demand and expectations of passenger and freight traffic on the railways 

through periodic review of quality management systems to achieve 

continual improvement and customer appreciation. It is communicated and 

applied within the organization and making it available to all the relevant 

interested parties”.    
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