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ABSTRACT 
 
In this article; an overview of the challenging problems in the Internet is presented. The focus is on the 
best-effort delivery, IP-addressing and last mile problems. All of these problems lead to unacceptable 
quality of service (QoS); especially critical applications are real-time video services. To this end, the 
Internet Engineering Task Force (IETF) has set up the Working Groups, with the goal of defining the next-
generation Internet protocol (IPv6), in which traditional best-effort datagram delivery and additional 
enhanced quality of service delivery classes coexist. IPv6 provides 128 bytes addressing field, which 
effectively covers IP-address for a huge number of Internet users. Fiber optic cable deployment by 
incumbent telephone and cable companies has a significant impact on the prospects for last-mile broadband 
competition. Definition of these actual network technical problems related to the Internet and perspective 
solutions are discussed in paper. 
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1. INTRODUCTION 
The growth of the Internet from simple 

computer network in the 70th of the previous 
century to a true heterogeneous and multiservice 
network today constitutes different challenging 
tasks. In today Internet, the multimedia 
application’s QoS is unacceptable mostly because 
of the following basic problems: Best-effort 
delivery, Last mile problem. These two problems 
lead to imperfect QoS; especially critical 
applications are real-time video and audio 
services. These applications are critical to time 
delay and Jitter delay parameters. The third 
problem is the IP-addressing space limitation. IP-
addressing is a problem that unknown to end 
home user but it is really difficult to Internet 
providers to provide an IP-address to each device 
connected to the Internet today using only IPv4 
addressing format. 

Best effort refers to a network service that 
attempts to deliver messages to their intended 
destinations but which does not provide any 
special features that retransmit corrupted or lost 
packets. Thus, there are no guarantees regarding 
delivery. 

An analogy can be made to the postal service. 
A sender usually cannot be certain that a letter 

was delivered to its intended destination. 
However, the sender can pay extra for a 
delivery confirmation receipt, which 
requires that the carrier get a signature from 
the recipient and return it to the sender [1]. 

Other challenging problem is the 
addressing in the Internet. An IP-address is 
a unique address that certain electronic 
devices use in order to identify and 
communicate with each other on a 
computer network utilizing the Internet 
Protocol standard (IP). Any participating 
network device, including routers, 
computers, time-servers, printers, Internet 
fax machines, and some telephones, can 
have their own unique IP-address. 

An IP address can also be thought of as 
the equivalent of a street address or a phone 
number. Just as each street address and 
phone number uniquely identifies a 
building or telephone, an IP address can 
uniquely identify a specific computer or 
other network device on the Internet [2]. 

The most expensive problem in the 
Internet today is the last mile, which is the 
final leg of delivering connectivity from an 
Internet Service Provider (ISP) to a 
customer [3]. 
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The last mile problem occur mainly because a 
significant portion of Internet users are connected 
via dialup lines whose capacity, under the most 
optimistic assumptions, is limited to at most 56 
Kbps. However it is our belief that the limitations 
on channel capacity imposed by the last mile are 
only temporary. New technologies (e.g., Digital 
Subscriber Line (DSL)) provide the delivery of 
substantially higher data rates. 

Thus, from a research perspective, it makes 
sense to consider design issues for future systems 
free from the very low bit rate constraint. 
Furthermore, video coding at very low bit rates is 
a problem that has already received significant 
attention, a number of good solutions do already 
exist (e.g., H.263 and H.264/AVC Video Coding 
Standard) [4], [5], [6]. We consider that video 
coding is not the best solution for the last mile 
problem: 

Compression techniques usually based on the 
reduction of the transmitted video frame number, 
which may lead to the deterioration in QoS; video 
coding may increase the complexity of 
hard/software implemented. 

Some of the recent developments of access 
technologies are important drivers for the 
development of next generation network (NGN) 
and will impact the development of broadband 
services and content [7]. 

An appealing solution for a networked end 
host to circumvent last mile congestion is to 
connect to multiple service providers 
simultaneously, which is known as multihoming 
[8]. Such solution is inefficient and expensive. 

Other network problems of the currently 
functioning Internet such as the large size of the 
routing tables, complexity of the protocol and lack 
of security, including authentication and privacy 
must be improved in the next generation of 
Internet protocol (IPv6) [7]. 

This paper is organized as follows: In section 
2 we provide a comparison between IPv4 and 
IPv6 header formats, and then, in section 3, we 
present the proposed solutions of the Best-effort 
problem in IPv6. IPv6 provides a suggested 
solution of addressing problem, this issue 
discussed in section 4. Section 5 is devoted to 
present a brief identification of new technologies 
that help overcome the last mile problem over the 
Internet. Finally, conclusions and future works are 
presented in section 6. 

 
 

2. COMPARISON BETWEEN IPv4 
AND IPv6 HEADER FORMATS 

One of the major improvements of IPv6 
is the simplification of the header. The IPv4 
header is shown in fig. 1. This reduction of 
fields' number in the header allows routers 
to process packets faster and thus improve 
throughput and time delay which are 
critical parameters for multimedia 
applications. The IPv6 header is shown in 
fig. 2. 
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Figure 1. The IPv4 header 

IPv6 makes better support for options 
because fields that previously were required 
as a part of IPv4 header now becomes 
optional and presented in different way. 
IPv6 has fixed size (40 bytes) and 6 types 
of extension headers, shown in tab. 1. Each 
one is optional, but if more than one is 
present, they must appear directly after the 
fixed header. This change simplifies header 
and makes it simple for routers to skip over 
options not intended for them. Therefore, 
processing time in the network is speed up. 

Most important improvement features, 
included in the IPv6 are: 
• The IPv6 header has a new format, 

which is designed to keep header overhead 
to a minimum. This format is achieved by 
moving both nonessential fields and option 
fields to extension headers that are placed 
after the IPv6 header. The streamlined IPv6 
header provides more efficient processing 
at intermediate routers. 
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Figure 2. The IPv6 header 

• Support for IPSec is an IPv6 protocol suite 
requirement. This requirement provides a 
standards-based solution for network security and 
promotes interoperability between different IPv6 
implementations. 

Table 1. IPv6 extension headers 
Extension 

header Description 

Hop-by-hop 
options 

Miscellaneous information 
for routers 

Destination 
options 

Additional information for 
the destination 

Routing Loose list of routers to visit 

Fragmentation Management of datagram 
fragments 

Authentication Verification of the sender’s 
identity 

Encrypted 
security payload 

Information about the 
encrypted contents 

• Authentication and encrypted security 
payload extension headers are key features of the 
new IP protocol. The authentication header 
provides a mechanism by which the receiver of a 
packet can be sure of who sent it. The encrypted 
security payload makes it possible to encrypt the 
contents of a packet so that only the intended 
recipient can read it. 
• IP fragmentation can be avoided by using 

transport-layer fragmentation. For IPv4, the 
sender sets the DF (Do not fragment) bit in the 
IPv4 header. IPv6 does not perform router-level 
fragmentation to begin with. If a router receives a 
message that exceeds the interface MTU, it 

discards the packet and returns an ICMP 
error message to the sender. The sender 
then reduces its TCP segment size to 
conform to this MTU size. 
• IPv6 offers an expanded IP address 

space. (See section 4). 
• New fields in the IPv6 header define 

how traffic is handled and identified. 
Traffic identification using a flow label 
field in the IPv6 header allows routers to 
identify and provide special handling for 
packets belonging to a flow, which is a 
series of packets between a source and 
destination.  
• IPv6 header, support for QoS can be 

achieved even when the packet payload is 
encrypted through IPSec. IPv6 offers a 
packet prioritization feature that provides 
the real-time and near real-time 
applications an improved response time. 
Consequently, IPv6 will become the 
protocol of choice for video and audio 
applications [9]. 
• The Flow Label Field enables a 

sequence of packets sent from a particular 
source to a particular (unicast or multicast) 
destination for which the source desires 
special handling by the intervening routers. 
The nature of that special handling might 
be conveyed to the routers by a control 
protocol, such as a resource reservation 
protocol, or by information within the 
flow's packets themselves, e.g., in a hop-
by-hop option. 
• The maximum lifetime of any flow-

handling state established along a flow's 
path must be specified as part of the 
description of the state-establishment 
mechanism, e.g., the resource reservation 
protocol or the flow-setup hop-by-hop 
option. A source must not reuse a flow 
label for a new flow within the maximum 
lifetime of any flow-handling state that 
might have been established for the prior 
use of that flow label. 

3. THE BEST EFFORT PROBLEM 

Today, Internet is the spectrum of 
communication modes: data, voice and 
video, both with real-time and non-real-
time constraints. The most challenging 
problem in the Internet is the delivery of 
real-time video applications. 

Firstly, video traffic has large volume 
comparably with data and voice, which 
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means that higher bandwidth, is required for the 
transmission of video services. The second 
requirement is the time delay and jitter sensitivity 
of time reality [10]. 

Multimedia applications with real-time 
constraints need a guarantee delivery of packets in 
term of packet delay and jitter that is not assured 
by best effort service model supported by the 
Internet IPv4 [11]. 

IP protocol uses the datagram approach to 
packet switching technology, makes no 
assumptions about the underlying protocol stacks 
and offers an unreliable, connectionless network-
layer service that is subject to packet loss and 
reordering. IP provides no error or flow control, 
all of which, together with queuing delay in router 
buffers, and big number of hubs will increase with 
network load. Because of the lack of any firm 
guarantees, the traditional IP delivery model is 
often referred to as “best-effort” with an 
additional higher layer end-to-end protocol such 
as TCP required to provide end-to-end reliability 
by error control and flow control. TCP does this 
through the use of such mechanisms as packet 
retransmission, acknowledgments, sliding window 
and order numbering which actually add a delay 
to the overall information transfer time. 

For traditional non-real-time Internet traffic 
such as File Transfer Protocol (FTP) data, the 
best-effort delivery model of IP has not been a 
problem. Non-real-time Internet traffic is packet 
loss sensitive; in this case the transport protocol 
TCP is effective. 

UDP (user datagram protocol) also operates at 
the transport layer in the seven-layer OSI (open 
system interconnection) reference model. UDP is 
basically a stripped-down version of TCP that 
provides applications with access to IP's best 
effort services. Applications go through UDP 
when they do not require TCP's more robust 
services. The low overhead, low amount of traffic 
and small additions to packet headers that results 
from this connectionless and minimal error 
checking makes UDP faster and more efficient 
than TCP for many lightweight or time-sensitive 
purposes, such as for servers that answer small 
queries for huge numbers of clients, but not for 
video applications. 

However, as we move further into the age of 
multimedia communications, many real-time 
applications are being developed that are delay-
sensitive to the point where the best-effort 
delivery model of IP can be inadequate even 
under modest network loads. 

Although the problem has been 
alleviated somewhat through making 
certain applications adaptive to network 
load where possible, there is still a firm 
need to provide many applications with 
additional service classes offering enhanced 
QoS with regard to bandwidth, packet 
queuing delay, and loss. These additional 
enhanced QoS delivery classes would 
supplement the best-effort delivery service 
in what could be described as an IPv6. 

To improve the best effort model, two 
approaches for achieving QoS are being 
developed by the IETF: 

The Integrated Service (IntServ) 
approach is motivated by the ability for 
applications to choose among multiple, 
controlled levels of delivery service for 
their data packet. In the IntServ framework, 
many functions are used to provide QoS: 
the first function is control services such as 
Controlled-Load and Guaranteed. The 
second function may be provided in a 
number of ways, but is frequently 
implemented by a resource reservation 
setup protocol such as RSVP [11]. 

The Differentiated Services (DiffServ) 
approach, to providing quality of service in 
networks, employs a small, well defined set 
of building blocks from which a variety of 
aggregate behaviours may be built. Packets 
marked with a particular manner will 
receive a particular forwarding treatment at 
each network node called PHB (Per-Hop 
Behaviour). The PHB is invoked by the 
DS-filed in the IP packet’s header. A small 
number of specific PHBs have been 
standardized by the DiffServ working 
group to provide differential treatment of 
traffic which is EF (Expedited Forwarding) 
PHB, AF (Assured Forwarding) PHB group 
and BE (Best Effort) PHB. 

The key difference between IntServ and 
DiffServ is that while IntServ provides end-
to-end QoS service on a per-flow basis, 
DiffServ is intended to provide service 
differentiation among the traffic aggregates 
to different users over a long timescale. In 
this case, the router is capable for 
distinguish a small number of aggregated 
classes of packets, where a class represents 
all packets with the same marking. 

The DiffServ service class is specified 
in the DiffServ field of each IP packet. In 
particular, the eight-bit type of service 
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(ToS) field in the IPv4 header is replaced by the 
DiffServ field. Six bits of the DiffServ field 
constitute the differentiated services code point 
(DSCP) [12], which identifies a processing action, 
called per hop behavior (PHB), and performed by 
routers on all incoming packets. DiffServ classes 
are also specified in the IPv6 packet header. 

The DiffServ technique requires that a service 
level agreement is established between network 
subscribers and service providers. The packet 
classification and conditioning functions are ruled 
by the traffic conditioning agreement, which is 
part of the service-level agreement. 

The packet classification function is based on 
the information in the packet header, such as 
source and destination addresses, port numbers, 
and protocol types [13]. 

4. ADDRESSING 

With the growth of the Internet and its 
possible extension to additional devices, such as 
TVs, toasters, and coffee makers, all IPv4 
solutions proposed for scaling the Internet address 
space will only delay the inevitable. There are just 
not enough IPv4 addresses. 

IPv4 only uses 32-bit (4-byte) addresses, 
which limits the address space to 4,294,967,296 
(232) possible unique addresses. However, many 
are reserved for special purposes, such as private 
networks (18 million addresses approximately) or 
multicast addresses (270 million addresses 
approximately). This reduces the number of 
addresses that can be allocated as public Internet 
addresses, and as the number of addresses 
available is consumed, an IPv4 address shortage 
appears to be inevitable in the long run. This 
limitation has helped stimulate the push towards 
IPv6, which is currently in the early stages of 
deployment and is currently the only contender to 
replace IPv4. 

IPv4 addresses are usually represented in 
dotted-decimal notation (four numbers, each 
ranging from 0 to 255, separated by dots, (e.g. 
147.132.42.18). Each range from 0 to 255 can be 
represented by 8 bits, and is therefore called an 
octet. It is possible, although less common, to 
write IPv4 addresses in binary or hexadecimal. 
When converting, each octet is treated as a 
separate number. (So 255.255.0.0 in dot-decimal 
would be FF.FF.00.00 in hexadecimal.) 

Addresses in Ipv6 are 128 bits (16 bytes) wide, 
which, even with a generous assignment of 
netblocks, will more than suffice for the 
foreseeable future. In theory, there would be 
exactly 2128, or about 3.403×1038 unique host 

interface addresses. Further, this large 
address space will be sparsely populated, 
which makes it possible to again encode 
more routing information into the addresses 
themselves. 

Simson Garfinkel wrote notes that there 
will exist "roughly 5,000 addresses for 
every square micrometer of the Earth's 
surface" [14]. This enormous magnitude of 
available IP addresses will be sufficiently 
large for the indefinite future, even though 
mobile phones, cars and all types of 
personal devices are coming to rely on the 
Internet for everyday purposes. 

With a large address space, there is not 
the need to have complex address 
conservation methods as used in classless 
inter-domain routing (CIDR). 

Just as there are addresses for private, 
or internal networks in IPv4 (one example 
being the 192.168.0.0-192.168.255.255 
range), there are blocks of addresses set 
aside in IPv6 for private addresses. 
Addresses starting with FE80: are called 
link-local addresses and are routable only 
on local link area. This means that if 
several hosts connect to each other through 
a hub or switch then they would 
communicate through their link-local IPv6 
address. 

IPv6 text representation is very different 
from IPv4. The address form can be written 
three ways (preferred, compressed, and 
mixed) and it offers three different types of 
addresses (unicast, anycast, and multicast). 

The preferred form is the full IPv6 
address in hexadecimal values which is 
X:X:X:X:X:X:X:X, where each X refers to 
a four-digit hexadecimal integer (16 bits). 
Each digit consists of four bits, each integer 
consists of four digits, and each address 
consists of eight integers which totals 128 
bits (4x4x8=128). A colon must be 
included to separate each integer. 

IPv6 routing is almost exactly like IPv4 
routing except for the length of the address 
and the subnet mask. Although IPv4 uses a 
dotted-decimal representation of the 
network prefix known as the subnet mask, a 
subnet mask is not used for IPv6. Only the 
prefix length notation is supported. 

As in the CIDR notation, the prefix 
length consists of the bits that have the 
fixed values or are the bits of the network 
identifier. For example, 
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FE80::2AA:FF:FE9A:4CA2/64 indicates that the 
first 64 bits of the address are the network prefix. 
Prefix notation is also used to express network or 
subnet identifiers. For example, 21DA:D3::/48 is 
a subnet. 

The routing in IPv6 mirrors the classless 
concept, but IPv6 has a well defined set of 
boundaries from which to define sets of address 
space to delegate downstream to other people who 
get Internet connectivity. 

At the level of the Internet backbone where 
major enterprises and ISP networks come 
together, it is necessary to maintain a hierarchical 
addressing system similar to the national and 
internal telephone system.  

According to numerous industry analyses, the 
migration to IPv6 is a major network issue that 
requires considerable planning. Errors could result 
in costly network outages, security gaps, and 
application performance problems. It is generally 
agreed that IPv4 and IPv6 will coexist for a long 
time and that three main classes of IPv4/IPv6 
transition mechanisms, dual stacking, tunneling, 
and address translation (fig. 3), are used [15] 

Figure 3. IPv4/IPv6 Transition strategies 

A few questions that need to be addressed 
when developing a strategy are: 

A. Do existing network devices support IPv6? 
If not, can they be upgraded?  

B. How will existing legacy applications 
perform over IPv6?  

C. Will network capacity be adequate to 
support migration to IPv6?  

D. How will operational integrity be 
maintained during the incremental migration?  

E. How can network security and resiliency 
be ensured?  

Careful planning is critical to ensuring a 
successful transition. Employing an incremental 
approach, the existing IPv4 network is sub-
divided into smaller, more manageable portions. 
Each is transitioned separately to minimize risk to 
the overall network. This migration involves two 
phases: 

Network Readiness Assessment: The 
existing network is analyzed to assess IPv6 
readiness. This involves verifying 
equipment compatibility. 

IPv6 Network Design: Various 
mechanisms exist to facilitate network 
migration, such as tunneling IPv6 traffic 
through an IPv4 backbone and dual-stack 
devices. The migration plan should 
leverage these types of capabilities. 

Network design software can accelerate 
network migration and mitigate associated 
risks. Automated workflows provide 
important value to the users whose practical 
experience with IPv6 is necessarily limited 
[9]. 

5. LAST MILE 

The last mile is the final leg of 
delivering connectivity from an Internet 
provider to a customer. Usually referred to 
by the telecommunications and cable 
television industries, it is typically seen as 
an expensive challenge because changing 
wires and cables is a considerable physical 
undertaking [3]. 

The increasing worldwide demand for 
rapid, low latency and high volume 
communication of information to homes 
and businesses has made economical 
information distribution and delivery 
increasingly important. As demand has 
escalated, particularly fuelled by the 
widespread adoption of the Internet, the 
need for economical high speed access by 
end-users located at millions of locations 
has ballooned as well. As requirements 
have changed, existing systems and 
networks which were initially pressed into 
service for this purpose have proved to be 
inadequate. To date, although a number of 
approaches have been tried and used, no 
single clear solution to this problem has 
emerged. 

In recent years, improvements have 
been made to existing copper telephone 
lines which have increased their capabilities 
if maximum line length is controlled. With 
support for higher transmission bandwidth 
and improved modulation, these digital 
schemes have increased capability 20-50 
times as compared to the previous analog 
systems. These systems provide the bulk of 
end-user broadband Internet connections in 
most countries today. 

Transition 
strategies 

Dual 
stack 

Tunneling Header 
translation 
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Various solutions are being developed which 
are applicable in part for breaking the monopoly 
over the "last mile" of standard incumbent Internet 
providers: these include wireless and wired 
solutions.  

To solve the problem of providing enhanced 
services over the last mile: 

Some firms are beginning to mix networks. 
One example is Fixed Wireless Access, where a 
wireless network is used instead of wires to 
connect a stationary terminal to the wire line 
network. 

ADSL provides high-speed data transmission 
over standard telephone wiring, enabling 
telephone companies to realize more profits from 
their existing copper infrastructure. The term 
asymmetric refers to the fact that the upstream and 
downstream transmission rates are different. 
ADSL offers up to 9 Mbps downloading 
capability and up to 640 Kbps uploading 
capability. Note the usage of “up to.” ADSL 
speeds vary based on the quality of the copper 
wire and distance to service provider’s network. 
ADSL’s asymmetric speed system matches the 
usage of users who tend to consume Internet 
media, downloading HTML Web pages along 
with multimedia components, and who tend to 
upload much smaller data amounts in the form of 
e-mail and small file transfers. ADSL is not as 
appropriate for businesses that transmit equal 
amounts of data to and from the Internet. Nor is it 
appropriate for an Internet Web server since a 
Web server tends to upload data to users through 
the Internet rather than download from them. 
ADSL does not digitize the voice line. Instead, 
ADSL transmits standard analog voice service. 

DSL technology utilizes the same twisted-pair 
copper wires that telephones use for high-
bandwidth data transmissions. xDSL describes 
different types of DSL technology, such as Very-
high-datarate Digital Subscriber Line (VDSL) and 
Asymmetric Digital Subscriber Line (ADSL). 
Because xDSL services provide dedicated point-
to-point connections over the last mile (the twisted 
pair copper wiring on the telephone company’s 
local loop) with minimal changes to the service 
provider’s network, it draws significant attention 
as a new technology. Many corporations will be 
looking into DSL for their telecommuters. DSL 
will provide a high-speed connection for them, 
making telecommuters more productive with 
network applications. When users install DSL in 
their homes, they will need filters for their 
telephone jacks to work appropriately. These 
filters enable the voice traffic to flow through to 

the telephone without data interrupting it. 
[www.syngress.com] 

VDSL technology depends on the 
upcoming technology of Fiber To The 
Neighborhood (FTTN) in which fiber optic 
media is installed to reach optical network 
units that feed large buildings and 
neighborhoods. From the optical network 
units, short drops of copper wiring service 
the building and the neighborhood. This is 
where VDSL comes in. Because fiber optic 
media provides services for the majority of 
the distance, vastly increased speeds are 
available on the copper media. The speeds 
are dependent upon the length of the 
wiring. Over short distances of 1,000 feet, 
downloads may be as fast as 50 to 55 
Mbps, while a 4,000 feet distance would 
enable about 13 Mbps download speed. 
VDSL is currently being defined and 
discussed and is not ready for 
implementation except with a small number 
of preliminary products. It is likely that 
VDSL will incorporate slower upload 
speeds using echo cancellation except in 
the shortest distances where it may be only 
slightly slower or equivalent to the 
download speed. VDSL is clearly an 
appropriate technology for an enterprise 
network to use in connecting to the 
Internet. 

Local multipoint distribution service 
(LMDS) is a broadband wireless access 
technology currently being developed for 
operation in millimeter wave bands usually 
above 25 GHz. It provides an effective “last 
mile” solution for service providers to 
deliver broadband services to residential 
and business customers in a fixed point-to-
point or point-to-multipoint configuration 
using cellular-like network architecture 
[16]. 

LMDS being a fixed network, the 
channel conditions can be expected to be 
more favorable than in cellular mobile 
communications. However, adverse 
propagation characteristics at millimeter 
wave bands such as fast signal attenuation 
and high rain fading limit the area of 
coverage. The frequency selective fading 
also becomes significant at higher data 
rates. Hence, a physical understanding and 
accurate modeling of the channel becomes 
very important for optimum system design. 
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Digital TV Broadcast standards (e.g., ATSC, 
DVB) offer a good solution to last mile Internet 
delivery. Satellites, terrestrial broadcast, and cable 
systems are well suited to the delivery of high 
bandwidth data to the end user. Low transport 
overhead and ready availability of MPEG-2 TS 
equipment make it very appealing as a bearer for 
connecting IP networks. The Multi-Protocol 
Encapsulation (MPE) is a standard for the 
transport of IP over DVB. However, MPE has a 
number of shortcomings and inefficiencies when 
supporting next generation Internetworking 
systems. 

Free-Space Optical Technology (FSOT), 
shown in fig. 4, is very strong pertinent solution to 
last mile problem as a means of broadband access; 
the first is the growing and seemingly insatiable 
bandwidth demand to customers, secondly, FSOT 
technology provides fiber-optic like speeds 
without significant initial capital expenditures for 
scarce resources such as spectrum. Other concerns 
are compatibility with existing LEC networks and 
premise networks, cost, carrier-class hardware, 
ease of installation, and network management 
[17]. 

Since FSOT is a wireless communication 
system, it will be advantageous over the wired 
communication systems. In most application, the 
FSOT comprises several limitations: 

The communication between office buildings 
needs clear line of sight between optical 
transceivers, the maximum range of the free-space 
communication is relatively slowly increased as 
increasing input power. Hence, the range of the 
system will not easily extend beyond 1kilometer 
[18]. 

 
Figure 4. Free-Space Optical Technology 

6. CONCLUSIONS, FUTURE WORKS 

The paper deals with the problems in the 
Internet. To this end, we conclude the following: 

A. IPV6 provides some of the solutions 
to the current Internet’s problems but the 
transition from IPV4 is a long process and 
will continue till 2030-2040 from today. 
During this transition period both the 
versions of the IP protocol have to coexist 
[19]. 

B. It should be noted that the IPV6 
contains a 128 bit header and solves the 
addressing space problem but has its own 
limitations when deployment is considered 
in the current scenario. 

C. Wireless last mile technology is 
becoming a challenging competitor to 
conventional wired last mile access systems 
like DSL and cable modems or even fiber 
optic cables. 

D. Fiber optic cable deployment by 
incumbent telephone and cable companies 
will have a significant impact on the 
prospects for last-mile broadband 
competition. Once a customer is served by 
fiber cable, all non-mobile communications 
services could be provided over the single 
fiber pathway: voice, super-high-speed 
data, and HDTV quality video. This fact is 
readily discernable by efforts of incumbents 
to block fiber-to-the-home projects that 
have been pursued by some municipalities. 
At the present time, fiber optic cable still 
expensive and complex in manufacturing 
and instillation. 

E. Plastic Optical Fiber (POF) is being 
actively considered for a number of 
applications such as networks in the home 
and small office. In addition new research 
is opening up a number of other significant 
possibilities, which makes POF, the best 
solution for the last mile problem. 

The most important characteristic of 
POF is its thickness, that makes it easy to 
fit connectors and from this comes low 
installation cost. POF has most of the 
advantages of glass fiber - albeit that it is 
limited by attenuation to very short 
distances. As a communications medium 
glass is always significantly better but POF 
is very much lower in cost to install and to 
use. 

Fiber optic cable, either connected 
directly to the household, or terminated 
near the home (and using existing metallic 
cable distribution to bridge the last supply 
of bandwidth to any end-user. 
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F. Fixed wireless services, such as WiMax 
service, may be deployed with lower levels of 
investment and sunk costs than fiber, but suffer 
from other limitations, including the requirement 
that high-frequency radio waves be utilized to 
provide the service. Higher frequency radio waves 
are more likely to require a direct line of sight 
between points of transmission. Constructing line-
of-sight wireless networks may be useful for 
network transport, but it is much more costly to 
install as a last-mile facility. The very high 
frequencies in which WiMax operates, ranging 
between 2GHz and 11GHz for the non-line-of-
sight service, and up to 66GHz for the highest 
speed line-of-sight transmission, indicates that the 
spectrum is not optimal for last-mile facilities. 

Finally, we believe that, almost all the above 
mentioned technologies and improvements will be 
useful in the next generation of the Internet and 
for the solution for the Internet problems. 
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