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Carrier-Class Voice over IP

Executive Summary

With recent technological advances in Voice over 
IP (VoIP), the communications industry has, at 
last, reached a position of strength. In the past, 

technology lacked the maturity to deliver a profitable and 
sustainable VoIP business model but recent breakthroughs 
have now led to a position in which carriers can introduce 
profitable, carrier-class VoIP services.  

Technology has evolved to the extent that past technical 
limitations, in the delivery of what could be considered 
a carrier-class VoIP service, have been overcome; these 
limitations include: 

Differing standards

Security issues 

The inability to interconnect across network 
boundaries

This white paper explores the business and technical requirements 
facing the carrier in the delivery of carrier-class VoIP services and, 
in particular, looks at the role of the Session border controller in 
overcoming these historic challenges.

Carrier Requirements for Voice over IP
The term ‘carrier-class’ is not one which should be taken lightly.  To 
the carrier, it means the delivery of secure, reliable, high-quality 
services.  To the enterprise, it means that the service will be available 
when and where they need it.  Just as today we rely on being able 
to get dial tone every time we pick up the telephone, customers will 
expect the same exacting standards from VoIP services.

Historically, however, the deployment of VoIP has been stalled 
for failing to meet these carrier-class criteria, with much of the 
equipment originally used for VoIP service deployments not being 
carrier-class and, as the old adage tells us, the service is only 
as good as its weakest link.  Indeed, all too often, carriers find 
themselves presented with enterprise equipment that simply was 
unable to meet the carrier-class criteria and customer expectations, 
with the carriers standing to lose from any service failure – not just 
from the SLA penalty but also from the potential loss of customers 
and from damage to their reputation.

Carrier-class implies a high standard of build quality, with the 
equipment and all of its features being reliable – Five 9’s reliable 
(99.999% availability defines carrier-class).  It also implies that the 







equipment can scale to deliver services, not just for one customer, 
but also for many thousands.  Above all, it implies the ability to 
deliver a reliable, secure service at the levels of quality defined 
and paid for by each and every customer 365 days a year.

Enterprises Lead the Way in VoIP 
Deployments
In a 2004 study completed by Deloitte Touche Tohmatsu, entitled 
“Getting Off the Ground, Why the Move to VoIP is a Decision for 
All CXOs”, it was found that more than two-thirds of the Fortune 
2000 companies interviewed either have deployed, or are in the 
process of evaluating, VoIP.  This study refers to enterprise use of 
VoIP and the equipment considered was designed specifically for 
enterprise use within Local Area Networks (LANs) or Wide Area 
Networks (WANs).  

The primary driver for this move to IP-based voice communications 
in the enterprise is cost reduction.  But, they also found that 8% of 
companies interviewed have already rejected VoIP as a viable 
technology for their company.  The reasons for this – and the 
primary concern that all others still hold – are those of quality, 
reliability and security.  

The increasing use of VoIP in enterprises should delight the carriers, 
who are looking for a way of maintaining their revenues from voice 
and recognise that they must move towards an IP infrastructure in 
order to be able to minimise cost, maximise profit and increase the 
breadth of available services.  

Today, there is clearly a demand for VoIP, with many of the challenges 
faced by the enterprise being similar to those that carriers have 
faced for many years.  Carriers have exacting requirements – their 
reputations and business success lie in the quality of the services 
they deliver. 

A Profitable Voice Service
Carriers are now in the position where the market is demanding 
lower-cost voice services that can be delivered over the current 
Public Switched Telephone Network (PSTN).  Whereas today 
carriers rely on the revenue generated by their legacy PSTN 
services, these will be superseded by IP-based services, which will 
become the carriers’ future ‘cash-cow’.  Already, there is a ground 
swell within the carrier community to move to an IP infrastructure 
and VoIP services.  Indeed, many of today’s telephone services 
already traverse an IP network as carriers begin this migration to 
IP.
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This is a major step for carriers and has certain key facets, the most 
significant of which is that the new service must deliver the functions 
of the old service that we all take for granted.  For example, calls to 
the emergency services must connect and complete regardless of 
the situation.  Dial tone should be provided whenever the handset 
is picked up, even in the face of major network faults.  Yet, there 
are a number of obstacles standing in the way before carriers can 
realistically deliver profitable VoIP services. 

Many of these obstacles faced are technical by nature; however, 
it is business requirements that dictate the need for VoIP services 
to reduce costs, combined with the ability to differentiate services 
easily in order to increase the breadth of their service offering and 
reduce customer churn.

Crossing Network Boundaries
One of the most significant obstacles in the delivery of effective VoIP 
services is for carriers to be able to reach beyond their traditional 
(network) boundaries.  A VoIP service that cannot reach every 
phone on the planet is of little commercial value to the carriers or 
their customers.  This means increasing the reach of the service 
through inter-working (peering) with other carriers.  It is important 
to recognise that the vast majority of this peering still occurs at the 
circuit-switched (existing PSTN technology) level, not at the IP level; 
however, this is changing rapidly to IP-to-IP inter-working as the 
economic benefits of carrier-scale VoIP become clear.  

There are two main reasons for the relatively slow take-up of IP-
to-IP inter-working - firstly, the problems with providing end-to-end 
Service Level Agreements (SLAs) and the collection of reliable billing 
information.  Secondly, many carriers are still concerned about the 
security issues that exist with IP networking and are reluctant to 
run the risk of exposing their network or customers to third-party 
threats.

In addition to carrier peering issues, extending VoIP services from 
the carriers’ networks to interface to VoIP-based enterprises also 
has some difficulties.  The ability to set up a call to an unknown 
person, or indeed to receive an incoming call from an unknown 
person, across the enterprise-carrier boundary raises a new set of 
challenges not presented by the traditional IP-based client/server 
networking models.  

The reason behind this is one of security.  Enterprise customers, 
almost without exception, operate firewall and Network Address 
Translation (NAT) devices at the edge of their networks in order 
to protect the integrity of their internal IP networks.  As with every 
service, the carrier-provided VoIP service must not compromise this 
integrity.  This means that while the carrier VoIP service needs to 
traverse the security boundaries established by the enterprise, in 

doing so, the carrier must not undermine the enterprise’s security 
policies.  At the same time, the carrier must protect the enterprise 
customer against internet-based IP threats, such as Denial of Service 
(DoS) attacks.

The Role of Standards
The standards for VoIP are still evolving, making the choice of 
which standard to follow a difficult decision.  However, carriers 
cannot afford to sit back and wait for the standards to evolve if they 
are to retain market share.  Indeed, there is every sign that VoIP 
will become as big a battleground for subscribers as the mobile 
markets are today. 

Carriers must take the decision as to the standards pathway they 
will follow; however, they will want to be secure in the knowledge 
that they have a solution that allows them to inter-work with other 
networks that has been built using alternate standards strategies 
and is capable of evolving to accommodate future standards.  
This means that they must ensure that they have an open, flexible 
architecture to their VoIP service deployment. 

Legal Intercept
In the majority of territories, the Law Enforcement Agencies require 
the ability to lawfully intercept selected calls.  Indeed, this is a 
legal requirement for existing PSTN services and will become so 
for IP-based voice services.  Therefore, as VoIP becomes more 
widespread, IP carriers will need to provide lawful interception in 
the IP world in much the same way that is already performed in 
the PSTN world.

Network Requirements for Voice over IP
Driven by business requirements are some key technical issues that 
carriers must address in order to build a carrier-class VoIP network.  
These requirements are listed below:

Improve Service Reach: Network Address 
Translation (NAT) Traversal
It is vital to ensure that the VoIP services can be delivered to 
the enterprises’ premise.  Businesses have long used private IP 
addresses to improve security and overcome the limited number of 
public IP addresses available.  NAT devices are used to provide 
the connectivity of the private IP clients to public IP servers and hide 
the private IP-addressing schemes from the public IP network.  

However, as these private IP addresses cannot be seen beyond 
the NAT boundaries, this presents an issue for VoIP sessions (and 
other IP-based multimedia sessions), which intrinsically must support 
unsolicited incoming calls, which is vital for any globally reaching 
voice service. 
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A further complication lies in the structure of VoIP signalling 
protocols, in that the end-to-end signalling between the clients 
contains information about the private IP addresses that are required 
to complete the media flows.  However, when a public IP network 
is being used in between these clients, the call will fail as the clients 
will attempt to use their private IP addresses to send and receive 
media, which are un-recognisable on the public IP network.

Enterprises will not wish to engage in costly upgrades or in any 
way compromise their existing NAT implementation, which means 
that a carrier-based solution is required that enables call completion 
across these boundaries, regardless of whether the caller is in a 
private or public address space.

Firewall Support
The traditional enterprise firewall is a critical component in realising 
the enterprise’s security policy.  Essentially, the role of this firewall 
is to prevent unauthorised access to the enterprise network and its 
resources.  In order to make the decision as to whether to allow 
traffic to pass, the firewall will typically compare information 
contained in the header of the IP packets to a set of rules pre-
defined by the enterprise.  This information typically comprises of 
three components:

Source IP address (where it is coming from)

Destination IP address (where it is destined for) 

Traffic type

A pinhole is a communication through the firewall that is 
dynamically opened on confirmation of the authenticity of the 
VoIP call.  The pinhole is immediately closed once the call has 
been terminated.

This implies that the source and destination must be from known 
and trusted locations, and the traffic type must be authorised from 
and/or to those locations.  Enterprises are naturally reluctant to 
make changes to their firewalls and associated security policies 
to accommodate any-to-any calling, as these changes may 
compromise their network and application security.  Clearly, this 
presents an issue where VoIP is providing a true PSTN replacement, 
when calls are received from unknown locations and placed to 
unfamiliar destinations.  

Therefore, a key component in the delivery of carrier-class VoIP 
services is a centralised mechanism that can securely traverse 
enterprise-based NATs and firewalls without compromising the 
enterprise’s security policy.

¯

¯

¯

Protocol Inter-Working
As previously noted, there are differing, competitive, protocol 
standards, which perform similar functions.  Probably the most 
‘rivalry’ is between H.323 and SIP.  These VoIP protocols have 
not been designed to inter-work, and implement specific features 
in very different ways.  

In contemporary thinking, SIP is a more suitable protocol for a 
carrier VoIP deployment.  However, a few carriers have chosen 
H.323 as the protocol on which to base their VoIP services; these 
will most probably evolve to SIP in the longer term.  

This raises important issues in delivering VoIP services to enterprise 
customers and extending these services through peering 
relationships with other carriers.  Therefore, in the delivery of a 
true end-to-end VoIP service, the ability to inter-work between these 
differing protocols (and others which present similar problems) is 
essential.

Quality of Service (QoS) Assurance
The success of any VoIP service is underpinned by the consistent 
and repeatable quality of the voice communications.  Ultimately, 
VoIP will share the same IP infrastructure with other traffic, e.g., 
Internet traffic, in order to achieve the financial benefits of an all-IP 
infrastructure.  In order to achieve this, a prioritisation system must 
be used to ensure that adequate network resources are reserved 
for the duration of the call. 

While it is well understood that the delivery of consistent voice 
quality in core networks can be achieved through the over-
provisioning of bandwidth, doing the same in access networks or 
the last-mile connection to the customer, where bandwidth is often 
a scare resource, is not a realistic solution.  

In today’s era of broadband access where access speeds have 
increased exponentially, data traffic has increased similarly due 
to web-based applications.  Today, most DSL services have a 20 
or 50 to 1 contention ratio, this means sharing the bandwidth 
resources with up to 50 other uncontrolled users.  The carrier-class 
VoIP service must be able to ensure that QoS is guaranteed in 
order to ensure the quality of the call meets customer expectations.  
Clearly, this will become more difficult to police as the number of 
users and calls grows, therefore placing greater demands on the 
available bandwidths.  

Session Admission Control (SAC) is a key tool in the control 
of the quality of the voice connection as it limits the number of 
concurrent calls that are permitted on a link.
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In order to solve this issue, Session Admission Control (SAC) has 
been developed.  Essentially SAC ensures, on a call-by-call basis, 
that the service levels are policed, using a session-based control 
system to ensure that over-subscription never becomes an issue.

Of course, as the number of call admission requests grow with 
increasing numbers of enterprise subscribers, it is vital that the SAC 
function is able to handle all admission requests in real-time to 
ensure that the user experience is always positive.  In addition, this 
feature should be able to provide detailed statistics to the carrier 
such that they are able to perform thorough capacity planning and 
ensure that the network grows to meet the subscriber demands.

Security
The issue of security is more important today than ever.  With more 
and more communications relying on IP as the underlying delivery 
mechanism, the carrier must ensure that network resources cannot 
be easily attacked, thereby compromising the delivery of services.  
This means that VoIP implementations must provide mechanisms to 
mitigate the security risks and minimise the impact of attacks, such 
as Denial of Service (DoS), Smurfing, Spoofing and other threat 
variants. 

Denial of Service (DoS) Attack:  Prevents the delivery of a 
service using IP communications to attack the service delivery 
components.

Spoofing: Modification of the IP source address to initiate a 
Denial of Service attack.

Smurfing:  Using Spoofed IP control messages to flood the 
network and swap the service delivery components with error 
messages.

To help protect a Call Agent from a DoS attack, a comprehensive 
rate-limiting philosophy is used, combined with robust signalling 
systems.  While securing the connections from users is vital, it is 
also important to consider the peering points with other carriers 
as potential security risks, it is important to hide internal customer 
addresses and the details of the internal network topology from 
external networks; this is generally referred to as ‘topology 
hiding’. 

Scalability
This document has already focussed on a range of issues that 
carriers should address in order to be able to deliver a commercial 
carrier-class VoIP solution.  Another important consideration, though, 
must be the scalability of the service.  Clearly, there is an ongoing 
expansion in the number of VoIP subscribers; therefore, carriers 
must ensure that the network and its components have adequate 

resources to be able to scale to meet current and future service 
requirements.  This means that networking elements involved in both 
the media and the signalling planes must be designed with carrier 
requirements in mind, rather than trying to adapt enterprise-oriented 
platforms to fit into the more demanding carrier environment.

Carrier-Class Operation

Carrier-class can be defined in a number of ways, and this 
will often vary from one carrier to the next.  However, the most 
common measure is availability, with 99.999% (called ‘Five 
9’s’) the benchmark.  This level of availability means less than 5 
minutes of downtime per year.

A carrier-class service can only be based on carrier-class 
platforms.  Five 9’s, or 99.999%, availability is the minimum 
acceptable standard for a carrier-class operation, not the pinnacle 
of achievement.  It is accomplished through a combination of the 
reliability of network elements and their constituent components, the 
redundancy that the carrier builds into their networks through the 
duplication of these elements and a resilient network design.

Integration and Interoperability with 
Surrounding Network Elements
It may be considered a cliché to state that network elements must 
be able to inter-work.  However, in an emerging market such as 
VoIP, the carrier should appreciate that they will be introducing a 
number of new network elements that will have to work together 
and ensure integration with the legacy environments from a variety 
of vendors.  For example, new equipment must be able to integrate 
into existing carrier Operational Support System/Billing Support 
System (OSS/BSS) environments.

The Yankee Group recently undertook a study into carrier 
requirements for VoIP.  The survey, entitled “VoIP is Heating Up 
the Need For Native IP Peering”, examined current and future 
requirements for VoIP services.  The results, shown in Figures 1 
and 2 (over the page), show that VoIP is an emerging area – one 
that carriers are keen to deliver as soon as possible but with the 
minimum of risk to themselves or their customers.
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Figure 1 - Current Carrier Requirements
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Figure 2 - Future Carrier Requirements

The sentiments expressed in the surveys highlight that today carriers 
are concerned about basic issues, such as interoperability, quality 
and security; these are paramount to the success of their VoIP 
services.  However, the survey also illustrates that carriers feel that 
technology has evolved to the extent that they are happy to begin 
the real migration away from the PSTN to IP.

Future carrier requirements show that while certain traditional 
concerns, such as security and call admission control, increase in 
importance as the service matures, carriers also start to stress feature 
development that will allow them to deliver new and innovative 
services under the Multimedia over IP (MoIP) banner.

The Session Border Controller
The session border controller is a recent development, specifically 
designed to deliver a solution to address the business and 
technical requirements of both the carrier and the enterprise in the 
deployment of carrier-based VoIP services.  The session border 
controller is an IP-only device, which provides a gateway between 
IP environments – whether between the enterprise customer and the 

carrier, or between carriers in a peering relationship, addressing 
the commercial drivers and overcoming technical issues.

While initial implementations of the session border controller have 
been targeted at enterprises and used largely to overcome the 
enterprise-based NAT & firewall challenges, carrier requirements 
are driving the development of a new class of session border 
controller that can meet the expectations and demands that will be 
placed on it in the more intense carrier environment.

Figure 3 shows the locations of the session border controller within 
the carrier network.  It can be seen that both signalling and media 
paths are handled by the session border controller, this is unlike IP-
to-PSTN solutions, where both a media gateway (media path) and 
a Softswitch (signalling path) are required to handle the separate 
paths.  
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Figure 3: Network Location of the Session border controller

Processing the combination of signalling and media is essential 
within the VoIP service in order to overcome some of the technical 
obstacles, such as NAT and firewall traversal.  Indeed, with the 
session border controller providing a solution to many of the business 
and technical requirements of the carrier, it is easy to understand 
how this product group is vital to the success of commercial carrier 
VoIP deployments.  This is demonstrated in statistics from Infonetics 
that show that while in 2004 only 31% of carriers were considering 
deployment of session border controllers within their networks, this 
figure rises to 80% in 2005. 
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Figure 4 illustrates that the session border controller holds a key 
position within the network and performs functions that are vital 
in delivery of broad-reaching, secure and reliable VoIP services.  
Essentially, these functions can be broadly categorised as:

IP-to-IP peering

NAT & firewall traversal

Network security enforcement

QoS enforcement

Protocol conversion

With these critical functions, the session border controller becomes 
an integral part in underpinning the VoIP service and ensures its 
commercial success.  Indeed, it can be argued that without the 
functions performed by the session border controller, VoIP can 
never be a viable replacement for the PSTN.
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Figure 4 – Critical Component of VoIP Service

The Newport Networks 1460 Session 
Border Controller
The Newport Networks 1460 Session border controller meets 
and exceeds all the essential functions required by the carriers, as 
discussed throughout this white paper.  Additionally, the Newport 
Networks 1460 session border controller is the first product of its 
type to deliver true carrier-class operation that ensures peace of 
mind for carriers and enterprises alike.  The 1460 session border 
controller was built from ground up with leading carriers integral 
in its design and brings to market unmatched reliability, scalability 
and adaptability.  Newport Networks has built the 1460 session 
border controller with three key goals in mind – Connect, Control 
and Charge.

Connect - to allow secure connections to occur across  
  traditional network boundaries with both  
  customers and other IP carriers

Control - to deliver reliable service and ensure   
  appropriate allocation of network resources















Charge - to ensure that sufficient information is available  
  to provide reliable billing for service usage

The Newport Networks 1460 session border controller delivers 
on all key carrier requirements and it is unique in its ability to 
provide class-leading hardware with carrier-class reliability and 
scalability and key features to allow the carrier to bring to market a 
truly carrier-class VoIP service.  It comprises two unique processing 
areas for signalling and media flows.

The SignallingProxy™ acts as a high performance Back-to-Back 
User Agent (B2BUA) in the signalling plane, providing a transit 
point for all SIP signalling messages.  In this way, it acts as a proxy 
for both client and server, ensuring that all signalling messages 
pass through it.  This provides complete visibility and control of call 
establishment.

The MediaProxy™ operates under the control of the SignallingProxy™ 
to provide a transit point for RTP and RTCP media streams between 
User Agents.  All media is directed to the MediaProxy™ ensuring 
that the carrier has full visibility and control of the media stream 
to ensure service quality and for charging purposes.  In addition, 
the MediaProxy™ performs dynamic Network Address and 
Port Translation (NAPT) to hide details of the network from other 
subscribers and other networks – helping to provide protection 
against Denial of Service (DoS) attacks.

As well as meeting all the requirements which have been outlined 
through this paper, the 1460 session border controller brings certain 
unique features to the session border controller which makes it very 
appealing to carriers, these are:

IP-to-IP peering

NAT & firewall traversal

Network security enforcement

QoS enforcement

Protocol conversion

Carrier-class architecture

IP-to-IP Peering
To avoid the typically high costs of PSTN peering, carriers are 
migrating to IP-to-IP peering with other carriers; this brings 
challenges of its own, not least of which are in the areas of end-
to-end QoS and security.  The Newport Networks 1460 session 
border controller delivers key features for IP-to-IP peering, allowing 
carriers to reduce their costs and ensure a predictable end-to-end 
service.

Firstly, it addresses the area of security with topology hiding, a 
scaleable NAPT and pinhole firewall solution, and limits the 
impact from DoS attacks.  Secondly, it addresses the QoS policy 
enforcement; this is discussed in the next section.
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NAT & Firewall Traversal
The 1460 session border controller allows completion of both the 
media and the signalling elements of the VoIP call by overcoming 
the NAT and firewall traversal issues.  This is done through a 
registration process in which the public address of the subscriber 
is held on the session border controller while remaining hidden 
from external IP networks.  Essentially, this means that the session 
border controller has full knowledge of which end-points are 
located behind the NAT in the private address space and how 
to reach them, yet does not disclose this information to the public 
network in which it sits.  The session border controller also holds 
publicly reachable IP addresses and is able to translate these into 
the private IP addresses of the subscribers without compromising 
security.  

In addition, the media session is then always presented to the 
enterprise firewall as an outbound connection (regardless of the 
actual location of the call initiator) – in other words, once the call 
set-up process has been established via the signalling plane, the 
media connection will always be established from the end-point 
behind the firewall to the session border controller.  In this way, 
standard firewall security policies are maintained and network 
integrity is not compromised.  This is shown in Figure 5, below.
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Figure 5 – NAT & Firewall Traversal

Network Security Enforcement
As security is important both to the enterprise and the carrier, 
topology hiding at interconnect points has become a key feature 
in the 1460 session border controller.  This allows the carrier to 
interconnect at the IP level with other carriers, thereby extending its 
global reach, while ensuring that none of the sensitive information 
about its customers or the architecture of its network is lost to a 
potential competitor.

QoS Enforcement
QoS enforcement within a VoIP session means that all networks 
involved within the call must be able to comply with the QoS 
policy.  This means QoS must be enforced across both access and 
core networks, as well as within any peering networks that carry 
the session’s media traffic.

Typically, within their own core networks, carriers are able to deliver 
QoS relatively simply by over-provisioning bandwidth.  However, 
as sessions cross IP-to-IP peering points, certain complexities arise.  
Different carriers may use differing QoS marking mechanisms to 
deliver the same service levels; therefore, mapping between these 
markings is essential to assure QoS end-to-end.  In order to achieve 
this, the 1460 session border controller, sitting at the peering point, 
provides QoS re-marking on a per-session basis. 

Ensuring QoS within the access network is more difficult.  The 
Newport Networks 1460 session border controller acts as a 
Session Admission Control (SAC) control-point between access 
and core networks, providing policing of individual media sessions 
to ensure individual SLAs are met by subscribers and prevent the 
overloading of downstream resources. 

Protocol Conversion
Protocol conversion refers to the need to inter-work between the 
various standards that comprise different implementations of VoIP 
signalling to ensure that, regardless of the network involved in the 
transport of the call, the features and quality are seamless.  The 
Newport Networks 1460 session border controller supports a 
range of VoIP protocols and inter-working functions, including the 
future inter-working of IPv4 to IPv6.

Carrier-Class Architecture
The carrier-class VoIP infrastructure requires the use of carrier-class 
equipment.  With the importance of the session border controller 
within the VoIP architecture, it is vital to ensure the session border 
controller provides a highly reliable and available service.

Newport Networks has recognised these facts and designed the 
1460 to meet all the carrier-class and environmental requirements 
demanded by tier-1 Service Providers.  Its fully resilient hardware 
architecture ensures maximum availability, enabling the 1460 to 
stand alone in the session border controller market.  Its truly carrier-
class architecture provides hot-swap capability on all cards and 
field-replaceable units, ensuring service continuity even if a card 
needs to be replaced.  
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The platform is designed such that there is no single point of 
failure; the backplane is passive, meaning that the unit can be 
mounted in any carrier rack – even with its back to the wall, with 
all maintenance being performed from the front of the platform.  
In addition, Newport Networks has ensured that the 1460 can 
be upgraded and maintained while it is still providing service, 
meaning that downtime is reduced to a bare minimum, if at all.  

Today, the 1460 will scale to handle over 70,000 concurrent 
(G.711 20 ms) sessions (over 120,000 concurrent G.729A 
sessions) within a single chassis.  This allows carriers to build 
future-proof solutions, safe in the knowledge that the 1460 session 
border controller will deliver on their requirements today and, as 
the service scales, to full PSTN replacement in the future.  In short, 
the Newport Networks 1460 is class-leading in scalability, cost 
per session and reliability.

About Newport Networks
At Newport Networks, our mission is to accelerate the commercial 
launch of IP telephony services and extend the reach of IP telephony 
to a global market.  Newport Networks is developing the critical 
solutions that Service Providers need in order to sell commercially-
viable managed voice and multimedia services over IP to business 
and residential customers.

Newport Networks Limited (a wholly owned subsidiary of Newport 
Networks Group PLC) was founded in September 2000 by Terry 
Matthews, Chairman, and John Everard, CEO.  Both have a proven 
record of building successful companies in the telecommunications 
market.

Our world class design, development and marketing teams 
have the experience and skills to design and build products that 
meet the real needs of Service Providers.  We have developed 
innovative technology and products from the ground up that 
provide the features, scalability, performance and reliability that 
Service Providers need to deliver successful managed voice and 
multimedia services over IP.

Glossary
B2BUA  Back-to-Back User Agent

CAC  Call Admission Control

CALEA  The Commission on Accreditation for Law  
  Enforcement Agencies

CDR  Call Detail Record

DoS  Denial of Service

H.323  An ITU-T standard for transferring multimedia  
  videoconferencing data over packet-switched  
  networks

IP  Internet Protocol

LAN  Local Area Network

MGCP  Media Gateway Control Protocol

MoIP  Multimedia over IP

NAT  Network Address Translation

NAPT  Network Address & Port Translation

OSS / BSS Operational Support Systems/Billing Support  
  Systems

PSTN  Public Switched Telephone Network

QoS  Quality of Service

RTP  Real-time Transport Protocol

RTCP  Real-time Transport Control Protocol

SAC  Session Admission Control

SIP  Session Initiation Protocol

SLA  Service Level Agreement

TDM  Time-Division Multiplexing

VoIP  Voice over IP

WAN  Wide Area Network
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