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Introduction  

This research paper is a contribution to support the working group on "Framework 
Conditions for Interconnecting IP-Based Networks" set up by the Federal Network 
Agency. It focuses on the technical foundations for realizing Voice over IP (VoIP) in 
integrated voice and data networks and is intended to provide a basis for answering the 
economic questions the working group is dealing with. Topics such as network 
architecture, network structure (number of locations in the core network), "Quality of 
Service" (QoS) and the implementation of PSTN/ISDN features by means of VoIP have 
been analyzed in this expert report. 

The study deals with a complex array of topics under various aspects such as network 
architecture, network dimensioning, QoS and network interconnection and aims to 
ascertain the resulting economic and regulatory consequences. In addition to a wide 
range of literature, the report is also based upon independent analyses carried out 
during the work to explain special questions. The report focuses primarily on the 
examination of the network hierarchy of a future broadband core network (IPCoN, IP 
core network) and several mechanisms to ensure QoS parameters in various classes 
of service.  

In order to make the report accessible to various readers, the results of the study have 
been set out in the following three sections: 

i. An "extended executive summary" presented in a separate document that 
summarizes all the main results of the study, the conclusions drawn from these 
and the methods used.  

ii. The actual report as a separate comprehensive document describing the 
subject to be dealt with in detail and the corresponding methods, deductions, 
results and conclusions in full.  Numerous figures, tables, footnotes and 
references to further literature round off the report.  

iii. Two annexes - the first of which looks at the the QoS analyses presented in the 
report in more depth and documents the results in comprehensive tables, and 
the second of which comprises a questionnaire drawn up as part of the expert 
report. The aim was to obtain empiric results by carrying out surveys of the 
most important IP service and network operators and comparing them with the 
results and conclusions of the report. The annex also includes a summary of 
answers that is, however, confined to the answers marked non-confidential by 
the network operator in question.  

The "extended executive summary" is arranged according to the structure of the report: 
the first chapter looks at network architecture for future integrated (narrowband and) 
broadband networks. The second chapter covers the most important communication 
services and their requirements of an integrated broadband network, and the third 
chapter deals with special features for voice services that must be ensured by the 
network in the case of voice integration. The fourth chapter concerns issues arising 
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from network interconnection and the fifth chapter presents conclusions for an 
interconnection system for IP-based networks.  

1 Network architectures for IP-based services 

Differing architectures are generally used in different network areas. A structural 
differentiation must also be made between networks in this analysis of network 
architectures for IP-integrated narrowband and broadband services. The following 
network segments shall be assumed for future broadband networks:  

i. broadband subscriber access network (BSAN), 

ii. broadband access network (BAN) and  

iii. IP-based core network or broadband core network (IPCoN). 

This analysis mainly looks at the IP core network. xDSL is assumed as the broadband 
access technology which uses the traditional copper-based PSTN/ISDN access 
network. The analysis is also based on the premise that the majority of broadband 
subscriber traffic is routed mainly via an ATM-based access network and the IP-based 
broadband network. In addition, it is assumed that the capacities resulting from traffic 
demand are integrated into the SDH-based physical transmission network (both in the 
access and core network) in the form of STM-N digital line groups. Furthermore, 
section 3.1 of the core report shows that the access networks are developed into 
Ethernet architectures (which are interconnected with high bandwidths) by integrating 
an optical transport network (OTN). Ultimately, it can be assumed that this 
development is driven mainly by service integration and results in high-speed Internet 
access that integrates video and voice services and standard and high definition TV in 
addition to "traditional" IP services.    

Section 3.2 of the core report looks at two scenarios with regard to the network 
architectures for the evolution of the IP-based core networks: 

• A new network implemented by a PSTN/ISDN operator that integrates 
PSTN/ISDN and IP-based network services on a uniform platform. This concept 
is called Next Generation Network (NGN).  

• Evolution of the IP network domains of an ISP (Internet Service Provider) and the 
open Internet into a service-integrated IP-network abbreviated as Next 
Generation Internet (NGI).  

The driving forces behind developing the network into NGN and NGI are the growth in 
traffic in traditional IP services (particularly web services and P2P), the increasing 
integration of new services (voice, video, TV) under a real broadband access and the 
greater extension of virtual private and corporate networks.  
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The current status of the corresponding network architectures for the NGN and the NGI 
is outlined in separate subsections (3.2.1 und 3.2.2) in the core report. The analysis 
focuses particularly on the integration of voice services (VoIP). Subsection 3.2.1 shows 
that the NGN concept involves the setup and operation of a new network into which an 
existing IP platform and the PSTN/ISDN are integrated. The vertical structure of the 
NGN is presented with the following layers1 (from top to bottom) identified:  

• Service layer that enables applications to be integrated as standardized 
services into the NGN,  

• Control layer that provides functions to access services and reserve the 
appropriate transport capacities, 

• Transport layer for the actual transport of information,  

• Access layer that provides user access functions, 

• User layer that describes the functions of the terminal equipment or the network 
termination at the user.  

The following major features of the NGN can be identified:  

• From a network architecture perspective, the NGN has a uniform core network 
(based on the IP protocol) that takes traffic from highly varied access networks 
(fixed network, mobile communications network etc.). 

• The NGN is characterized by separating the control function (signaling, etc.) 
from the transport function, while services are carried out centrally using own 
devices (media gateway controller MGWC, also known as soft switch). For this 
purpose the MGWC communicates with the devices on the transport layer to 
provide adequate capacities based on the QoS features required by the service.  

• Network access and interconnection with other networks is provided in the NGN 
by corresponding media gateways (access media gateway - AMGW, trunk 
media gateway - TMGW) that communicate in a service-related manner with 
the respective MGWC to ensure connection setup, maintenance and tear-down.   

• The protocols and interfaces used in the NGN are based on ITU standards. 

The implications of the NGN concept are also determined and can be characterized as 
follows: The distribution of the access and interconnection functions using AMGWs and 
TMGWs and their control with a limited number of central MGWCs enable a high level 

                                                 

 1 Layer is used here in the wider sense of a vertical functional division and not in the sense of the OSI 
reference model.  
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of flexibility to be reached for the quantitative growth of the networks, the integration of 
new services and the migration of the PSTN/ISDN into the NGN. Thanks to the 
centralized concept, the high safety standards of the former PSTN/ISDN can be 
maintained – in conceptual terms at least. The disadvantages of the NGN due the 
centralization of the control function are also presented. It is shown that the NGN 
concept is in contrast to the flexible concept of the distributed intelligence in the former 
Best Effort Internet and means that the technical equipment is costly on account of 
their extensive features and reliability parameters. It is particularly important that the 
network centralized and controlled by the NGN operator only allows the services of 
alternative service providers to be integrated into the NGN platform to a limited degree. 
In order to achieve this, detailed technical coordination is required between operators 
and service providers. 

Subsection 3.2.2 covers the evolution of existing IP networks into the NGI that is mainly 
carried out by ISPs and Internet Transport Providers (ITPs) to integrate voice and video 
services into their IP platforms. It is demonstrated that an important driver for VoIP in 
public networks is derived from voice and data integration in closed corporate 
networks. This enables cost savings to be made on transport between remote 
corporate locations, but means accepting lower standards of security, reliability and 
other features at present.  

It is shown that, contrary to the NGN, the control intelligence is not performed by 
centralized network elements in the NGI concept, but in a distributed manner both by 
the terminal equipment of the user and by the peripheral equipment (proxies) 
connected to the IP transport platform. Thus the NGI concept (at least in the initial 
phase) is based upon the existing Internet protocol philosophy (datagram-related, 
simplified transport network with distributed control function via terminal equipment and 
proxies). Interconnection with other networks occurs either via corresponding 
unsecured public IPX as to date or in a secured (shielded) manner using what are 
known as Session Media Gateway Controllers (SMGWC). The NGI concept enables 
the evolutionary and thus low-cost development of an existing IP platform into a 
network that integrates voice and video services, however with the drawback that the 
high service features of the PSTN/ISDN cannot be supported, at least not from the very 
start. The development of the NGI is not based upon the formal and detailed ITU 
standards, but on the less formal IETF standards that are specified on a more ad hoc 
basis.  

In addition to the NGI concept, section 3.3 looks at the development of the public 
Internet. This is considered in particular from the perspective that this platform is mainly 
used by VoIP providers that are connected to the public Internet via an ISP and do not 
establish an infrastructure of their own. Voice services between VoIP devices 
connected to the Internet are generally offered for free by these providers with charges 
only being made for connections to terminal equipment connected to the PSTN/ISDN.  
Market development shows that these services are widely accepted, even if the service 
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features, which depend on the situation in the network, are frequently inferior to those 
of a PST/ISDN connection.  

The two concepts, NGN and NGI, are compared in terms of service provision in section 
3.4 with the following result:  

• NGN describes a universal service-integrated broadband network with central 
control devices, whereas the NGI presents an Internet with an extended QoS 
management and distributed control devices. 

• You can continue performing voice services using traditional terminal 
equipment, whereas the NGI requires new, intelligent terminal equipment or 
adapters.  

• Voice services are offered right from the start in the NGN under PSTN/ISDN 
which cannot be ensured by the NGI concept. 

• Both concepts use the same transport platform (IP and optical transport 
networks).  

The statements are summarized in a table as shown below (table 4.4 of the core 
report).   

Attribute NGN NGI 
Target network FMI universal broadband 

network  
Extended Internet  with QoS and 
capacity management  

Functional distribution  Central servers  Distributed servers and terminal 
equipment  

Complexity of terminal 
equipment  

Low to medium Medium to high  

Most important protocol 
institutions  

ITU, ETSI IETF  

Voice services under PSTN 
service features  

Right from the beginning  Only basic features that are gradually 
improved  

Layer 3 network protocol   IPv6 
Core network elements  Optical terabit router with DWDM 
Capacity management  ASON GMPLS  
Innovation steps  Integration of PSTN and data 

services, new services  
VoIP and multimedia on the Internet , 
evolution towards NGI  

Voice services under PSTN 
service features  

Right from the beginning  Only basic features that are gradually 
improved  

 

Section 3.5 of the core report deals with the economic implications of both concepts. 
The following qualitative statements on the difference in costs of the two network 
concepts are determined.  

• No difference is expected in the cost of infrastructure and transmission 
(connection with other IP services) between NGN and NGI. 
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• The costs of implementing the control level are expected to be higher in the 
NGN since non-intelligent terminal equipment (such as traditional PSTN 
telephones or fax machines) is also to remain connected and the control level 
concept is decentralized (as opposed to the concept of distributed intelligence 
via terminal equipment and proxies in the NGI).   

• A difference in incremental costs for VoIP is (only) expected for secured IP 
telephony; this should mainly be due to the level and type of QoS realization. 

• A difference in the incremental costs of connecting IP and PSTN networks is 
(only) expected for secured IP telephony; this should also mainly be due to the 
level and type of QoS realization. 

2 Communication services in IP-based networks and their 
requirements  

General service aspects and their requirements of a network are analyzed in the fourth 
chapter of the core report, while the special demands in terms of voice services can be 
found in the fifth chapter since this report focuses on their analysis.  

Section 4.1 of the core report classifies services on the basis of an ITU model and 
outlines their requirements using an attribute-value model that enables the functional 
requirements of the network to be described. The attribute-value model is illustrated 
with three services examples (voice in PSTN, voice in the IP network and www via 
http). The QoS attributes, which describe the time delay and information loss permitted 
during the transport of user information, are of particular significance for this study. The 
first attribute is described using two statistical parameter values: the average delay and 
the jitter. The second attribute is given by packet error/packet loss rate in packet-
switched networks. Services are classified into four service classes based on their QoS 
requirements in this study:  

i. Real-time services, also called inelastic services, where the values for the 
average delay on the virtual end-to-end connection and the associated jitter are 
limited and an average bandwidth must be guaranteed on the connection.  

ii. Streaming services, also called semi-elastic services, which allow a higher 
average delay, but where jitter values are still limited and an average bandwidth 
is also required.  

iii. Data services, also called elastic services, where the delay and their jitter are 
not critical factors, but lower packet loss rates must usually be complied with. A 
minimum average bandwidth must be ensured for these services.    
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iv. "Best effort" services that are mainly used if neither narrow limits for delays and 
their jitter or a minimum bandwidth during the entire connection must be 
ensured. 

Section 4.1 describes the link between the average delay and its jitter. It is concluded 
that increased jitter can be compensated by jitter buffers at the end of the connection in 
the case of low values for the average delay that are below the maximum permitted 
value. This is particularly the case in high-speed networks with optical routers and 
optical transport networks. Conversely, the maximum permitted jitter values fall with 
increasing delay on a connection. This relationship is particularly important for VoIP 
and other real-time and streaming services in network sections with low or average 
speeds (in particular in the access area, but also for the interconnection of networks). 
For data and best-effort services it can (only) be concluded that the transmission period 
of a data service will be increased with an increased delay and reduced bandwidth. 

A closer look is taken at the links between traffic load, packet loss and delay in the 
best-effort Internet in section 4.2 This analysis shows that the three values (traffic load, 
packet loss and time delay) are mapped by a triangular area the size of which is 
determined by the network capacities. This triangle can change its shape through traffic 
management measures, but its area remains almost constant, i.e. an increased traffic 
load results in increased delays and ultimately to packet loss by overrunning the 
queuing buffers. Conversely, a reduced traffic load results in reduced packet loss and 
delay.  

Three measures are considered for traffic management: Overdimensioning, prioritizing 
and capacity reservation:  

Overdimensioning 

From the QoS management perspective, the overdimensioning currently used is 
associated with the lowest expense and fits seamlessly into the current Internet 
concept. The major disadvantage is that all services include similar QoS parameters, 
regardless of whether they are best-effort services or real-time services, and that all 
capacities installed in the network are not used in a demand-oriented manner. In the 
case of high levels of best effort traffic and the resulting use of high-speed routers in 
the gigabit range, there are processing or transmission times in the range of a few 
microseconds in the processors and on the optical transmission systems  This results 
in "connection" delays in the range of a few milliseconds, even if 80% or more of the 
network capacities are utilized. The conclusion drawn is that the currently high traffic 
ratio of best-effort traffic and the low bandwidth requirements of real-time traffic (in 
particular from voice services) favor the integration of real-time services even under 
overdimensioning conditions. This should be qualified by saying that the QoS 
parameters for real-time services are only ensured in statistical terms under these 
conditions, since short-term traffic peaks from the best-effort traffic will impair the QoS 
parameters in time intervals that may be within the range of seconds.  

Traffic prioritizing 
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In terms of traffic prioritizing, it is shown that the reduced delays for real-time services 
can be guaranteed. At the same time, traffic prioritizing enables better utilization of 
network capacities since the priority mechanism only marginally affects the QoS 
parameters of traffic with higher QoS even in overload cases of best effort traffic. This 
should be qualified by saying that traffic prioritizing requires marking (e.g. with the user 
or at the edge of the network) and identifying at the input/output of a device. This 
means an additional load for the processors. The core reports goes on to detail that the 
corresponding priority classes must be harmonized in the case of cross-network traffic. 
In addition, an adequately differentiated accounting mechanism (i.e. prices 
differentiated according to priority class) must be implemented, since otherwise there is 
a risk that all traffic is identified by users as having the highest priority.  

In summary, it can be said that, in addition to issues concerning the actual 
implementation, the realization of the measures for determining cross-network classes 
of service, harmonizing QoS parameters and providing coordinated accounting 
systems mainly raises questions and problems regarding competition - in particular in 
terms of cost allocation. Furthermore, it is revealed that premium services benefit in 
two ways from the high traffic ratios of best-effort services when using during service 
prioritizing: on the one hand faster transmission or processing of their packets and on 
the other hand a reduced waiting period at the expense of the inferior best-effort 
services. The advantage of faster transmission mainly makes itself felt if the best-effort 
traffic ratio is high compared to the traffic ratios of services with higher priority. The 
corresponding allocation of costs still requires more detailed analysis to properly 
distribute the resulting integration gain across the various services. This would also 
include the market-structural implications of the cost allocation in terms of establishing 
sustainable competition.  

Capacity reservation 

In the case of capacity reservation, traffic is routed separately via reserved capacities 
according to class of service.  This fixed capacity allocation means that the capacities 
of a class of service are safely delimited from the capacities of other services. This 
allows a unique allocation of capacity-dependent costs to the corresponding classes of 
service. The disadvantage of traffic separation is the fact that any free capacities of a 
class of service cannot be used by traffic in other classes of service, even during short-
term peak loads. Thus, this concept is less flexible and more expensive compared to 
the other two concepts and in terms of traffic fluctuations and network expansion in the 
case of increased traffic. From a current perspective, the use of traffic separation by 
means of separate (fixed or virtual) tunnels is confined to a few services (such as VPN 
services constituting only a small share of the overall traffic on the network) and is not 
generally used in public networks beyond that.  

The three mechanisms for QoS differentiation in IP-based networks are summarized as 
follows (table 4.4. from the core report)  
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Integration level Traffic management  Mechanism  Protocols  Applications  
Full traffic integration  Overdimensioning  N/a  N/a   Internet services   
Hierarchical traffic 
integration  

Traffic prioritizing  Priority 
queuing  

TOS field, 
DiffServ  

VoIP, Video, FoIP  

Virtual or fixed traffic 
separation  

Traffic separation  WFQ/TDM RSVP, 
IntServ  

VPN/leased line fixed 
bandwidth 

 

The result of these examinations is that overdimensioning can be expected in the 
evolution of the NGI concept. The NGI also allows real-time services to be integrated. 
The activity level of equipment must be coordinated accordingly for cross-network 
services. QoS parameters can be statistically met to an extent that can be considered 
adequate for mass services.  

Service prioritizing, on the other hand, is better suited to meeting QoS values for 
several services or classes of service more accurately both within the network of an 
operator and within the framework of interconnection than with overdimensioning, for 
example when using "Service Level Agreements" (SLA). Service prioritizing, however, 
requires the use of a complex traffic management system and is associated with far-
reaching coordination requirements for interconnection. In addition, the matters of cost 
allocation to the various services or classes of service and their market-structural 
implications still remain to be examined. 

3 Service features for voice services 

In the fifth chapter, a closer look is taken at the general analyses of the fourth chapter 
in terms of voice services with regard to their technical service features:  

Section 5.1 summarizes the service features of the PSTN/ISDN. It is noted that the 
voice services in these networks show very high service features in terms of service 
access (grade of service), service quality (QoS), network reliability and its connections, 
prevention of telephone tapping and unauthorized network access and integrate a 
number of enhanced services. PSTN/ISDN also complies with the regulations for 
emergency calls and allows telephone tapping by judicial order that is not noticed by 
the user concerned. This means that traditional PSTN/ISDN networks have a high 
standard that is monitored by regular measurements and documentations.  

Section 5.2 looks at development scenarios for voice services in IP-based networks. It 
is demonstrated that these developments originate from voice data integration in local 
corporate networks (IP-PBX) and have expanded from there to corporate networks 
beyond local borders (frequently based on virtual private networks that are integrated in 
public IP networks by capacity reservation). It is shown that service features for voice 
services can be achieved in such networks with a correct traffic estimate and 
dimensioning comparable to that of circuit-switched networks. Restricted network 
security was identified as potential weakness that stems mainly from the fact that IP-
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based corporate networks are also connected to the public Internet. Recent 
examinations by various institutions, e.g. in Germany by the Federal Office for 
Information Security have shown that the implementation of additional measures is 
required for network security in IP-based corporate networks. These additional 
measures must be implemented both in the terminal equipment and at the network 
interconnections by so-called "firewalls". It should be noted in this connection that they 
require additional processor effort and can negatively affect the QoS parameters. The 
studies also indicate possible instability of the current VoIP standards. This results in 
restrictions for any future expansions of a corporate network.  

The core report shows that these aspects for corporate networks (security risk and 
possible instability of standards) cannot necessarily be transferred to public IP 
networks with voice integration. The general service features for voice services depend 
far more on the type of implementation considered in the expert report (NGN, NGI or 
integration into the existing public Internet) and can – at least during the transitional 
phase – not always be ensured as in PSTN/ISDN. A comparison of the service features 
between PSTN/ISDN and VoIP revealed: 

• The circuit-switched transport of the digitized voice signal is associated with high 
voice quality. This can only be realized with packet-switched or mixed 
transmission by additional traffic management measures. 

• A high standard is specified by CCSSnº7 for signaling on the subscriber line 
(DSS1) in PSTN/ISDN in connection with network signaling that allows worldwide 
and secure setup of voice connections. Compared to this, the "Session Initiation 
Protocol" (SIP) generally used in IP networks is a new and not yet fully developed 
protocol. It must also be borne in mind that SIP is not a service-specific signaling 
protocol for voice connections, but merely assists in realizing general multimedia 
services. It may therefore need to be complemented by a number of additional 
protocols in its application to a specific service.  

• Calls are billed call with a metering rate in PSTN/ISDN. This is implemented 
using fully developed devices. Billing systems in NGN/NGI, however, have not 
been standardized and lump sum charges are frequently used. The use of flat 
rates for calls within an IP network that can be observed currently can result in 
misuse in the form of automated SPAM calls. Added to this is the fact that, in the 
case of reduced security features, it would be possible for an SIP subscriber to 
initiate calls using another subscriber’s number. 

• PSTN/ISDN networks based on the circuit-switched principle ensure high 
availability of the connection that can be realized in IP-based networks simply by 
taking additional connection management measures.  

The appropriate subsections to section 5.2 of the core report deal with the technical 
realization and consequences for voice integration (1) for the NGN by a national 
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network provider, (2) in existing IP networks by an Internet Service Provider and (3) in 
the public Internet by a pure VoIP service provider.  

With reference to NGN, subsection 5.2.1 shows that corresponding networks in the IP 
core network are implemented as high-speed networks based on transmission 
capacities in the gigabit range and router capacities in the terabit range. Furthermore, 
all major equipment is protected against failures by doubling or double connection. As 
already shown in the summary of the fourth chapter, there will be no critical delay 
problems for voice integration, since the various voice packets have delays in the one-
digit microsecond range for each network element. It also turns out that in order to set 
up the NGN network, the main thing is to implement the control layer with the 
appropriate MGWC, while further use can be made of the former network elements of 
the IP network (and also of the access networks) that must not replaced until the 
capacity limits are reached by new technologies, e.g. from the optical transport 
network.  

In order to integrate voice services via xDSL broadband, the appropriate terminal 
equipment (such as SIP telephones or SIP adapters) are to be provided. In addition, it 
must be ensured that voice traffic can be maintained over the broadband access 
network by QoS management mechanisms without reducing its QoS parameter values; 
which can be achieved most easily by overdimensioning the BAN capacities. Other 
measures generally required an individual service recognition at the DSLAM, which is 
not supported by the former DSLAM equipment. The access network can therefore 
experience a QoS bottleneck if an ISP without its own access network wants to offer 
VoIP via his IP platform.  

The investment costs (CAPEX) required to set up NGN are thus mainly determined by 
the setup of the required control platform. In addition, it is assumed that the costs for 
network maintenance and the accounting system are drastically reduced compared to 
operating two parallel networks. We should, however, qualify this by saying that, from a 
current point of view, this network integration still raises substantial problems both in 
the provision of services, accounting etc. and in network and traffic planning under 
VoIP integration and interconnection with other networks. These problems are 
associated with uncertainties about the advantages of this investment plan. They may 
also be the source of reservation among several network providers in terms of 
implementing voice over IP. It should be added that PSTN/ISDN equipment that may 
have to be replaced is often not completely written off and is thus a reason for 
maintaining conventional technology. However, the integration of data and voice on IP 
also offers the possibility of introducing new mainly voice-integrated value-added and 
multimedia services, thus making the investment more favorable.  

With reference to the NGI concept, VoIP is dealt with in subsection 5.2.2 both in 
wholesale terms and as an end customer service. Both cases require an appropriate 
signaling platform to be established - usually based on SIP - that must be integrated 
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into the existing IP network of the ISP. This platform cannot be compared with the 
control platform of the NGN, however, since the signaling functions are implemented 
according to the IP concept in a distributed manner via peripheral network elements or 
at the network transitions in SBGWC (session border control gateway).  

Compared with the NGN concept, the integration of VoIP into the network of an ISP 
does not require any migration strategies for integrating a PSTN/ISDN. It can also be 
assumed that (if required) the major features for voice services can be realized by the 
ISP/ITP (Internet Service Provider/Internet Transport Provider) in their network without 
substantial hardware modifications, since most of the ISP/ITPs have already 
implemented a service differentiation system in their network according to QoS with 
adequate reliability. Simple QoS management measures are only sufficient, however, if 
the ISP reaches a sufficiently high traffic concentration in their network elements to 
justify the use of high-speed network equipment. This is unlikely to always be the case, 
in particular with regional ISPs. It is also the case that the broadband access network is 
a major bottleneck for VoIP offers of an ISP, since most of ISPs have only a very 
restricted or no infrastructure at all in this network range and are therefore dependent 
on wholesale services. As a result, an ISP can only offer high-grade services such as 
VoIP - possibly also differentiated according to QoS classes - if they can rely on 
differentiated wholesale supply services. Thus, alternative providers are clearly 
dependent on the wholesale products of the national network operator. The competitor 
can only compete with the national service provider in offering high-grade services 
differentiated according to QoS classes by offering the appropriate wholesale products 
with QoS specification.   

The cost elements for the integration of VoIP in IP networks by an ISP are determined 
by the structure of the control platform, e.g. SIP platform and the corresponding 
SBGWC with interfaces to other IP domains or MGWC for connection with the 
PSTN/ISDN. The costs of final customer provision via BSAN and BAN, which may 
have to be paid to another network provider, must be added to this. The result of the 
flexible NGI concept is that the integration of VoIP services into existing IP networks of 
an ISP can possibly be realized faster and at less cost than the staggered setup of an 
NGN.  

Subsection 5.2.3 of the core report describes the realization of voice services in the 
existing public Internet as mainly offered by pure VoIP providers. According to this 
subsection, VoIP service providers confine themselves to setting up a VoIP service 
platform that usually consists of one or several SIP and localization servers and also 
provides the appropriate interfaces where the connections can be leased by another 
operator. The fact that the VoIP provider does not operate their own transport platform 
indicates that the voice services of pure VoIP providers generally have a reduced 
quality compared to traditional realization in PSTN/ISDN. However, if the user accepts 
this reduced quality, the public Internet can integrate the capacities required by highly 
compressed voice services without additional investments or QoS management 
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measures when increasing the entire Internet traffic, in particular best effort traffic. It 
must be taken into consideration, however, that short-term traffic peaks in the form of 
IP burst resulting from ftp or web services with long application packages may cause 
delays in an existing connection and substantially affect the voice quality.   

Subsection 5.2.4 concludes with the cost factors of the three different types of 
realization for VoIP. When implementing the NGN control platform, irrespective of a 
VoIP offer with guaranteed QoS parameter values, the high service features of the 
PSTN/ISDN must be realized, since the NGN platform is used for transit traffic from 
and to PSTN/ISDN network elements. This entails high fixed costs for establishing the 
NGN platform right from the start regardless of VoIP traffic volume.   

On the other hand, an ISP network and service provider has more options when 
introducing VoIP both in selecting the areas (e.g. big cities) and in terms of voice 
quality, since they do not have to deal with the integration of PSTN/ISDN. It can thus 
be concluded that their fixed costs are lower than those for establishing the NGN. A 
disadvantage compared to NGN is the fact, however, that pure IP network providers 
generally do not have a full-coverage network and are thus dependent upon the 
wholesale services of a national network operator, which severely restricts the 
possibilities of the service offer (in particular real-time services). Alternative network 
operators also depend upon the wholesale services of the national network operator in 
this case. The range of offers of alternative operators are ultimately determined by the 
structure of wholesale products. The least fixed costs are accrued by pure VoIP service 
providers, since they can adjust the size of their control platform to the traffic volume 
thanks to the possibilities of a decentralized SIP platform. However, this (i.e. not having 
their own transport platform) entails the most restrictions for the offer of voice services 
with guaranteed QoS parameter values  

The results are summarized in the following table (excerpt from table 5.4 of the core 
report).   

 NGN NGI Internet 
Transmission  IP transport platform 
Control platform  MGWC; AGW, TGW SIP server, 

SBGWC 
SIP server,  
PTSN-GW 

Cost relation with increasing voice 
integration  

Drastically reduced 
at the beginning  

Slightly lower  Almost linear  

 

Finally, subsection 5.2.4 of the core report considers the question of providing QoS 
parameter values for VoIP in terms of the network capacities to be provided and 
assesses the integration effect of voice integration. The following can be concluded:  

• The additional capacities due to VoIP traffic are negligible compared to the 
capacities required by best effort traffic. Ultimately, VoIP traffic can benefit from 
the "economy of scale effect".  
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• The HLPs (high load periods) for best effort traffic and BH for voice traffic can be 
different. Accordingly, any unused best effort capacities can be taken by VoIP.   

• The bandwidths required by best effort traffic necessitate the use of high-speed 
processor and transmission systems that will mainly be of benefit to VoIP traffic. 
This applies to both overdimensioning and traffic prioritizing.  

It can be concluded from this that a lower VoIP proportion of total traffic (both during 
overdimensioning and during service prioritizing) benefits from the high activity levels 
that are generated by best effort traffic. This results in an integration gain and the 
question arises if and to what extent this can be assigned to VoIP traffic. The 
importance of this question becomes clear when a closer look is taken at the wholesale 
service "provision of traffic by the BAN of the national operator, . As already mentioned, 
alternative network operators are heavily dependent upon the wholesale products of 
the BAN. It can be assumed that an operator makes an integration gain mainly in the 
BAN area resulting from the capacities of the best effort service without QoS 
guarantee. If this operator has sufficient freedom in cost accounting for their wholesale 
service and end customer products, they would be able to offer even QoS services at a 
lower price than those of their competitors and thus depends on overdimensioning for 
the realization of QoS.  

4 Interconnection Aspects  

The sixth chapter of the core report deals with aspects of network interconnections 
between both NGN and NGI as well as between NGN and PTST/ISDN and between 
NGI and PSTN/ISDN. The delays in IP-based network elements of a connection must 
be added up over the continuous network elements in order to determine voice quality. 
It can be concluded that short delays over a connection link with high-quality and fast 
connections, particularly in NGN, make it interesting for a small ISP to tolerate 
increased delays in their own IP network. These incentives are particularly like to occur 
with regional ISPs using lower-quality und slower connections due to their low traffic 
concentration. The quality of the connection is constantly determined, however, by 
coding the voice signal with the lowest standard.  

Therefore, voice services in IP-based networks can be given varying quality. Ensuring 
a quality comparable with PSTN/ISDN would require compliance with adjusted QoS 
parameter values like those for termination in PSTN/ISDN when terminating a voice 
connection from a PSTN/ISDN operator to an IP network operator with E.164 call 
number. Otherwise the voice quality deteriorates, either over the entire duration (if 
coding with reduced voice quality as G.711 is used) or occasionally, if time delays in 
the IP network jitter exceeding the permitted limit values. In these cases, the 
termination cannot be compared to the former PSTN/ISDN termination capacity from a 
QoS point of view. The question arises if and to what extent this affects former 
termination charges for mixed-type IP-PSTN/ISDN connections.  
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For a detailed analysis of the interconnection of several networks, section 6.1 of the 
core report describes the existing interconnection system and its technical network 
foundations.  To summarize, it can be said that the PSTN/ISDN and the former IP 
broadband network have a similar hierarchy, however, with a highly differing number of 
locations at the various hierarchical levels and totally different interfaces between the 
levels. The following table (table 6.1 of the core report) shows an estimate of the 
number of locations in the various network levels made as part of the analysis and in 
the core report.  

Network 
section 

Level Equipment Locations 

  PSTN/ISDN IP-BBN PSTN/ISDN IP-BBN 
Core  Top WVSt (trunk 

exchange) 
LSR 23 15 

 Bottom  BVSt (local 
exchange) 

LER/LSR 475 74 

 Interface  BVSt (local 
exchange) 

BRAS-ATM TS 475 74 

Access  Top  TVSt (access 
exchange) 

ATM-Con 625 500 

 Bottom  APE (remote 
peripheral unit) 

DSLAM 6700 5000 

 

The following can be drawn from this: The local traffic in PSTN/ISDN is transferred 
early to limit transit traffic in the exchanges of the core network. Contrary to this, IP 
routers in the core network are more heavily loaded with transit traffic since there is no 
local transfer in the access network (not least because of the dominant client-server 
connection structure of traditional IP services. With regard to traffic structures in 
PSTN/ISDN and for broadband services, it can be concluded that the traffic in 
PSTN/ISDN is mainly determined by dialog traffic between the terminal equipment from 
which a heavily meshed traffic structure is derived. A star-shaped traffic structure 
results for IP broadband traffic from the dominant www traffic and other client/server 
applications, which is also the reason why traffic cannot be transferred locally, since 
the servers are typically installed at high-traffic locations in the core area of an IP 
network.  

Interconnection scenarios between national network operators and their NGN or 
PSTN/ISDN are analyzed in section 6.2. A top-down implementation of the NGN (i.e. 
implementation originating in the core network) is assumed in this case with the 
expansion (in terms of the geographical extension) of the PSTN/ISDN being 
maintained in a first step.  The following can be concluded: 

• Connections between users from the PSTN/ISDN of various networks are 
routed as before via the appropriate external interconnection point. 

• Voice connections from a broadband user of the NGN to a PSTN/ISDN user of 
another network operator are routed as long as possible within the network of 
the "originating operator" with a view to as short and low-cost a termination as 
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possible. The VoIP traffic originating in the NGN is routed by the network 
operator via their interconnection point (NGN to PSTN/ISDN) into their own 
PSTN/ISDN to then transfer the traffic as close to the B-subscriber as possible 
into the destination PSTN via the external PSTN interconnection point. 

• If these are voice connections from a PSTN/ISDN user to another NGN 
broadband user of another operator, both PSTN networks must be 
interconnected again. The terminating network operator transfers the PSTN 
traffic to their NGN destination network to terminate it there.  

It can also be drawn from the top-down approach for the implementation of the NGN 
that the voice traffic of major exchanges (trunk exchange, local exchange) is first 
integrated at the locations of the IP core network (NGN). PSTN/ISDN islands develop 
where traffic is routed among itself via internal PSTN-NGN interconnection points. It 
can therefore be described as an IP core network developing into an NGN. Since this 
development (due to the top down assumption) takes place at large locations first, the 
external interconnection point to another PSTN/ISDN installed there must be replaced 
by a Trunk Media Gateway (TMGW). The number of external interconnection points to 
other PSTN/ISDN, however, remains unchanged during this phase.  

For medium-term development, it is assumed that other exchanges, their traffic and 
their PSTN users are integrated into the NGN concept. Assuming that an external 
interconnection to another PSTN/ISDN is always realized at an IP core network node 
by means of TMGW, the number of external interconnection points to another 
PSTN/ISDN is reduced converging to the locations of the IP core network nodes of an 
NGN in the long run. Based on even development of the PSTN/ISDN integration into 
the NGN with all major national PSTN/ISDN, this reduction is realized more or less 
simultaneously and a long-term migration takes place with external interconnection of 
PSTN/ISDN networks with each other being replaced by external interconnection 
between NGN networks. However, it cannot yet be identified whether this external 
interconnection for the termination of VoIP traffic is limited to the locations of IP 
network nodes or if interconnection at a lower level between the locations of the BAN is 
possible. Thus, the question concerning the number of external interconnection points 
between NGNs of various operators remains open from a technical and economic point 
of view.  

In addition, it can be concluded that mainly regional or local PSTN/ISDN network 
operators are affected by the reduced number of interconnection points, in particular if 
the external interconnection points that they have been using so far together with their 
PSTN/ISDN networks, are discontinued by the national operators.  

Section 6.3 deals with the interconnection between a national PSTN/ISDN and its NGN 
with the NGI of an IP network operator. It is assumed that the ISP has no or only a 
poorly developed broadband network access and that this wholesale service must be 
purchased by the national network operator.  
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Under these conditions, the result is that traditional Internet  services from a broadband 
user of the ISP to a broadband user of the NGN are realized as before by traffic routing 
via the BAN of the national network operator to the external interconnection point (e.g. 
between the national and the ISP network operator). Traffic is routed from there in the 
IP core network of the ISP to the nearest external interconnection point between the 
NGI and the NGN of the national network operator and then terminated in the NGN of 
the target user. The same network elements and external interconnection points are 
used for the reverse connection and a TGW/SGWC is used for the external NGN/NGI 
interconnection in both cases.    

A connection from an ISP user to a PSTN user is also routed into the IP core network 
of the ISP via the BAN of the national operator and transferred to the PSTN via a 
special gateway, e.g. MGWC. To realize a local termination in the PSTN, the ISP would 
have to provide connections from their MGCWs to all EBC interconnection points. 
Since they are reduced in the medium term - as already demonstrated in the last 
section - and might be restricted to IP core network locations, it must be assumed that 
a local termination for the remaining PSTN users cannot be realized in all cases. If the 
ISP has already established an infrastructure of numerous interconnection points with 
the PSTN to provide the termination locally, this infrastructure would also be reduced 
with a reduced PSTN/ISDN during the integration into the NGN and thus the 
termination capacity (in the sense of added value) of the national operator would be 
increased for the remaining PSTN users. This means - as far as the geographic 
expansion is concerned - reduced added value by competitors for the transport 
capacity in the NGN compared to PSTN/ISDN, provided customers do not succeed in 
directly connecting end customers via own access networks. Due to the increased 
importance of economies of scale in NGNs/NGIs a development of this kind seems to 
be questionable from an economic point of view. 

For the reverse connection from a PSTN user to an ISP broadband user, the traffic 
from PSTN is routed via a trunk media gateway into the IP network of the ISP and 
terminated from there to the ISP user. This connection is thus not affected by a 
reduced number of former EBC locations.  

Finally, section 6.3 of the core report looks at the special case of a local or regional 
network operator (RNO) who has established both a regional PSTN/ISDN and a 
corresponding IP network in their catchment area and is connected to both networks of 
big ISPs operating nationwide and the PSTN/ISDN and NGN of a national operator. It 
is also assumed that the RNO (Regional Network Operator) has their own BAN in their 
catchment area. In conclusion, it can be drawn from these considerations that the 
terminating capacity of the national operator for connections from ISP or RNO users to 
the PSTN/ISDN will increase during the reduction of the PSTN/ISDN and their 
integration into an NGN. RNOs are worse affected by this increase than ISPs operating 
nationally, since the latter are mainly interconnected at all interconnection points of the 
national operator’s NGN and thus termination is only possible via the national 
operator’s BAN. On the other hand, it must be expected that the RNO interconnects 
only at one or a few points and termination to users of the national operator is also 
done via their IP core network. Conversely, the termination lines of the RNO for 
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connections from the PSTN/ISDN to its users are not affected by the development of 
the NGN.  

The analysis for interconnection revealed that the number of locations of the future 
NGN of an international network operator is of particular importance. Therefore, this 
topic is dealt with in detail in section 6.4 of the core expert report based on the example 
of a hypothetical national NGN for Germany. A list of all major towns in Germany and 
number of inhabitants is used as a starting point, scenarios are defined for the number 
of broadband users and their bandwidth requirements, and capacities of existing and 
future router facilities and digital or optical signal groups are ascertained or projected. 
Three user broadband scenarios are examined in detail (short-term, medium-term and 
long-term) assuming that the number of PSTN/ISDN users drops while the number of 
broadband users and their bandwidth requirements increases. The most important 
indicators in the three scenarios are summarized in the following table that reflects an 
excerpt of table 6.4. in the core report.  

 Short-term Medium-term Long-term 
Number of PSTN/ISDN users [m new 
orders]  

55 40 10 

Number of broadband users [m new 
orders] 

11 20 40 

Average bandwidth for narrowband 
services  [kbps]  

85.60 85.60 85.60 

Narrowband traffic [erlang/main 
exchange] 

0.03 0.02 0.01 

Average bandwidth for broadband 
services  [Mbps]  

0.50 1.00 2.00 

ON line probability in the main exchange 0.25 0.25 0.25 
Total bandwidth demand for narrowband 
services in the main exchange [Gbps] 

141.24 68.48 8.56 

Volume/user [GB/month]  11.25 22.5 45 
Total volume [mill. GB]  1485 5400 21600 
Volume increase  ---- 363.64% 400.00% 

 

To determine the optimum number of locations in the NGN core network, a 
corresponding calculation procedure based upon network planning parameters is 
designed varying the number of locations and calculating the corresponding network 
parameters such as router and signal group loading.  

Section 6.4 shows that a plausible division between the BAN and the IP core network is 
specified in the short-term scenario with the current 73 IP locations of the ZISP 
wholesale service. Compared to the short-term scenario, the bandwidth demands per 
IP core network node do not show any changes in quality in the divisions and 
dependencies of the number of network nodes in the medium-term scenario; however, 
bandwidth demand is roughly four times as high as in the short-term scenario. The 
current indicators on the capacities for router facilities and optical signal groups show 
that the network structure of the short-term scenario can fully compensate the medium-
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term traffic growth with the result that no increase in the number of network locations is 
required.   

Development of the router facilities into optical terabit routers is assumed for the long-
term scenario, which work with optical interfaces based on 2.5 or 10 Gbit/s, and 
transport devices based on optical multiplexers (DWDM) and transmission systems 
ranging from 40 to 100 Gbit/s. The number of core network locations must not be 
increased in this case either. It seems that the number of these locations could instead 
be reduced.  

In conclusion, it can be seen from the analyses in section 6.4 that the number of IP 
core networks should be below 100 locations even when allowing for high growth rates 
in the number of users and their bandwidth requirements. It is not currently obvious 
from a technical or demand perspective that the former number of 73 locations for the 
access to broadband traffic need to be expanded by competitors.  

Finally, section 6.4 includes rough estimates on the ranges and divisions in the 
broadband access network. IP-based DSLAM and transport systems based on gigabit, 
10 gigabit and metro ethernet are assumed. The first estimate reveals that, based on 
the user and bandwidth scenarios, a 1 Gbps interface of the IP-DSLAM and 10 Gbps 
metro ethernet rings provide adequate capacities for medium-term development. In the 
long run, system capacities of 100 Gbps should be provided in the metro ethernet 
range. It must be pointed out that this topic requires further detailed analysis both in 
connection with the core network at the top and the subscriber networks at the bottom.  

5 Summary of results and conclusions for an interconnection 
system with IP-based networks  

The most important results of the analysis are summarized and initial conclusions for 
an interconnection system with and between IP-based networks drawn in the seventh 
and last chapter of the core report.  

• Both national network operators and ISPs are striving towards an integrated 
voice and data offering with national operators generally establishing a 
centralized control platform - separate from the transport layer - into which the 
services from the PSDN/ISDN can be integrated. So-called soft switches are 
used for controlling the connections of the services. This new network concept 
is also called NGN. ISPs on the other hand improve their IP-infrastructures with 
peripheral intelligence in the form of SIP proxies and session border gateway 
controllers and media gateway controllers at network gateways and introduce 
additional protocols to ensure QoS parameter values; this method of network 
expansion is also called NGI. No major difference can be identified between the 
NGN and NGI concepts in terms of the transport layer.  
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• The central control layer of the NGN allows services offered by pure service 
providers to be integrated only in close technical and economic coordination 
with the NGN operator. On the other hand, the integration of separate services 
can be perceived more flexibly in the NGI.  

• The three main QoS parameters (average delay, jitter of delay and packet loss 
rate) mean different things for the various services. Overdimensioning, 
prioritizing and capacity reservation have been introduced and examined as 
strategies for QoS realization with overdimensioning requiring the least 
additional QoS management effort and capacity reservation the highest.  

• The service features of voice services (billing, connection availability, scaling, 
protocol stability, security and GoS/QoS) that are to be integrated into the NGN 
or NGI can be compared to those of the PSTN/ISDN (except for billing 
features). However, until these networks have been fully implemented and 
voice services having to be realized during this transitional period with hybrid 
infrastructures, restrictions in terms of scaling, protocol stability, security and 
GoS/QoS must be expected, particularly in the NGI concept.  

• The additional costs of QoS realization depend upon the traffic ratios between 
best-effort and real-time services. If real-time traffic accounts for only a low 
proportion of the entire traffic volume dominated by best effort traffic, there will 
be significantly lower dimensioning requirements than in the reverse case. Cost 
allocation aspects relevant to competition can be derived from this relationship, 
since high activity levels for best effort traffic result in an integration gain that 
reduces the dimensioning requirements for real time. This aspect is particularly 
important for originating services in the concentration network, since it entails 
considerable dependence of alternative network operators on the national 
operators dominating the market.  

• The cost factors for VoIP services should be analyzed according to network 
type (NGN, NGI or public network). It turns out that for both the NGN and NGI a 
control platform must be provided for the VoIP offering with the service features 
specified above, the fixed costs of which are assumed to be higher in the NGN 
than in the NGI concept, since the NGN has to provide the high service features 
right from the start for the voice services to be integrated from PSTN/ISDN. 
Since investment in this platform is also determined by traffic, part of it can be 
realized according to the increase in demand. There is a negative link between 
the scope of the service features provided and the flexibility of decisions on 
investment for the control platform. This results in higher fixed initial investment, 
particularly in the NGN, with low levels of demand. 

• This study revealed no new findings in terms of the cost of network operation in 
future IP-based networks. However, it is still assumed that the combined cost of 
network operation on account of the integration of voice and data are lower than 
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the total operating cost of two networks. As (total) integration is still unfinished, 
no findings are yet available on the cost of network operation.  

• In terms of evaluating the various types of QoS realization, it was revealed that 
overdimensioning is a reasonable strategy for voice integration in the NGI in the 
short-term. On the other hand, service prioritizing may have the edge over both 
overdimensioning and capacity reservation in the medium-term. This applies 
particularly if additional traffic management measures (incl. cross-network) have 
been implemented. Capacity reservation turns out to be too heavy on resources 
and does not keep up with traffic growth adequately. Overdimensioning, on the 
other hand, is unable to provide adequate protection against overloading 
(particularly in the case of time-critical services with "service level agreements" 
(SLA)) due to inadequate differentiation between best-effort and real-time). In 
addition to the problems with traffic management, the problem of cost allocation 
in realizing QoS and the associated implications for competitive behavior and 
market structure remain to be analyzed. 

• When analyzing the efficient number of interconnection points at the lowest 
level of the IP core network, a maximum of 100 IP core network locations are 
expected in the long-term for a national IP network in Germany based on 
network planning codes. These 100 locations ultimately represent the upper 
limit for the number of locations for an IP interconnection. The existing 73 
locations for access to ZISP are therefore a plausible and stable number in the 
long run.  

• The number of interconnection points during the migration phase to integrated 
IP-based networks (based the existing EBC interconnection point structure with 
474 locations) requires a successive adjustment to the (less than 100) IP 
interconnection points. To be able to give recommendations for a migration 
scenario for the interconnection structure, an economic analysis of alternative 
migration scenarios and their implications for market structure is required. It can 
be concluded that the current system, in which voice traffic can be transferred 
to competitors on almost any hierarchical level of the network, cannot 
realistically be expected to be continued for integrated IP networks. Finally, the 
framework conditions of the NGN/NGI discussed here will result in reduced 
added value by alternative network operators (in the sense of the geographical 
expansion of the transport network) compared to PSTN/ISDN. The extent of this 
reduction will largely depend on the way in which the national operator’s service 
and control platform is realized. 
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