Telecom Convergence - A Historical Perspective

By: Kevin DeMartino

Independent Consultant

kevindemar@verizon.net
Abstract

The term telecom convergence refers to providing a wide range of communication services over a common, integrated network. This involves converged transport and convergence of telecom services. The roots of convergence go back to 1928 and the concept of Nyquist sampling. Information Theory, which was formulated in 1948, establishes the unity of communications and provides the theoretical basis for convergence. Over the years, there have been several attempts at convergence and missed opportunities. With the success of the Internet, most data is now IP data and there has been a push promoting convergence based on IP. However, IP-based transport cannot provide a guaranteed quality of service. Multi-Protocol Label Switching (MPLS) can be used in conjunction with IP to provide guaranteed quality of service. Thus, a consensus is forming that IP/MPLS should be the basis for convergence. Given the state of current communication technologies, convergence based on IP/MPLS is feasible. However, IP/MPLS does not represent the end of the road to convergence. There is another convergence approach on the horizon that has long term advantages compared the IP/MPLS approach. 
Introduction


Telecommunications (telecom) means communications over a distance. Telecom usually implies communications provided by a common carrier. Communications within a single facility does not usually fall under the telecom umbrella.

Different communication services have been provided by separate networks. Generally, networks were designed to support a particular communication function, or application. The telephone networks were designed to handle voice; the cable TV networks were designed for video; and the Internet was designed to accommodate computer communications, which is usually referred to as data communications (datacom).

Telecom convergence refers to providing a wide range of communication services, including voice, video, and data communications, over a common, integrated network. For more than 30 years, telecom convergence has been feasible, at least to some degree. However, until recently, attempts to provide an integrated network that would accommodate a wide range of services have achieved only limited success.

There are two aspects of telecom convergence, transport convergence and convergence of telecom services. Transport convergence means that various types of data are transported in a common manner through a common network. With the convergence of services, different applications would be handled in the same way from a user perspective. Providing voice, video, and data communications over a common network with a common user interface is referred to as "the triple play." 

The main benefits of telecom convergence are: reduced costs, such as the costs of separate equipment and facilities; greater coverage for the full set of services, which could be provided over the entire network; and easier interoperability among carriers. Also, common user interfaces and access methods could be provided, which would facilitate "one-stop shopping."

This paper traces the history of telecom convergence from its roots in 1928 until the present day, and beyond. More specifically, it focuses events within the U.S. It addresses missed opportunities for convergence and the current approach for convergence, which appears to be succeeding. Also, projections are made as where telecom convergence may be moving in the future.

The basic question is not: Why is the industry moving toward an integrated communication network with integrated services? The question is: Why has it taken so long? Is telecom convergence inherently problematic? Or, did the industry and government decision makers lack a fundamental understanding of communications so that they failed to appreciate the inherent value of telecom convergence and were unable to properly assess its feasibility.  
Nyquist Sampling Theorem - The Roots of Convergence

In 1928, Harry Nyquist, a researcher at AT&T, published a paper [1] that described a method for characterizing continuous, band-limited signals. This method, which involved representing a signal by its Fourier components, was the basis for what later would become the Nyquist Sampling Theorem. This theorem states that a signal could be completely reproduced if the signal is sampled at rate that is greater than twice the signal bandwidth.

The implication of the Nyquist Sampling Theorem is that a band-limited signal can be represented and transmitted as a stream of bits. In other words, all communications can be viewed as digital data communications. If a continuous signal is quantized (digitized) to L discrete levels and sampled at the Nyquist rate (twice the signal bandwidth, W), then the data rate (R) of the sampled signal would be given by: 



                          R  =  2 W log2 L                                                                 (1)


For example if a voice signal with a bandwidth of 4 KHz (width at the band edges) is sampled at the Nyquist rate and quantized with 8 bits per sample (256 levels), then the data rate (in bits per second) for digitized voice would be:



                          R = 2 x 4000 log2 256                                                          (2)

                                                      = 64000 bits per second (64 Kb/s)


Telegraph, with its sequence of dots and dashes representing characters, was the first use of what later would be called “digital communications.” The Nyquist Sampling Theorem implies that all communications can be viewed as digital communications. It raised the possibility that telegraph and voice could be transmitted in the same manner, in other words, the possibility of the convergence of voice and data communications. 

However, digital communications was very limited at the time when the Nyquist Sampling Theorem was originally conceived. Telegraph transmission rates were far less than the 64 Kb/s rate required for digitized voice, and these rates are very low compared to the rates associated with digital representations of signals with wider bandwidths, such as video signals. Also, by the time Nyquist Sampling was widely understood, a more fundamental, and a more efficient, approach for digital communications had been proposed.
Information Theory


In 1948, Claude Shannon, another AT&T researcher, published the definitive theory of communications, which is referred to as “Information Theory.”[2] Shannon’s theory was (and still is) coherent and comprehensive. It implies the unity of communications, i.e., all types of communications are fundamentally similar. Unlike other disciplines, such as physics and cosmology, there have been no fundamental surprises in communications since 1948. The idea of convergence lies at the heart of Information Theory, which provides the basis for both transport convergence and convergence of telecom services.

Ironically, it was Shannon who provided the best formulation of the Nyquist Sampling Theorem.[3] However, Shannon went far beyond using the Nyquist Sampling Theorem as the basis for digitizing continuous sources.


Information Theory, specifically the Source Coding Theorem [4], provides the basis for the efficient digitizing of continuous sources. It also provides the basis for data compression, i.e., reducing the rate of data that is already in digital form. The Source Coding Theorem suggests that the rates determined by equation 1 can be significantly reduced and implies a tradeoff between the required data rate and the fidelity of representation. This relationship was formalized and quantified by Shannon under what is now called “rate distortion theory.”

Any practical communication source can be characterized by an average information rate over some interval. With this characterization, all sources or applications are fundamentally the same, although quantitatively different. Figure 1 shows three different communication sources, telephone (voice), television (video), and computer, with three different information rates, R1, R2, and R3, respectively. In each case, the source data goes through a coder/decoder (codec), which converts the data into a stream of bits. Conversely, the codec converts a bit stream from the network into a form that can be used by the application and presented to the user. The voice and video codecs convert continuous signals into bit streams, and vice versa, while data codec compresses computer data and decompresses data from the network.

Although the codecs are application-specific, the network interfaces could be similar. In all cases the interface between the codec and the network would be digital, and the codec/network interface could have similar physical and functional characteristics. The information rates and the variations in these rates would be different for different applications. To maximize the information content per bit, the codecs remove statistical dependencies in the data and randomize the data streams. Also, the codecs produce variations in rate that are data-dependent. At the output of the codecs, the rates would vary even for fixed rate sources, such as directly encoded voice or video sources. A bit pattern at the output of the codecs, would appear to be random with a variable rate. Thus, information streams at the network interface, as opposed to the raw data streams from the sources, would be qualitatively similar.

Even though all applications can be made to look similar, they can still be handled differently by the network. For example, voice has been transported via circuit switching, while computer data has been transported via packet switching. Information theory suggests that this does not need to be the case.
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Figure 1 - Different Applications with a Common Network Interface

The most famous result of information theory is the Noisy Channel Coding Theorem [5], which states that if the information rate is less than the capacity of a communications channel, then information can be transmitted over the channel with an arbitrarily low error rate. This result provides the basis for error correction coding.

Information theory provides a simple formula for determining the capacity of a channel, which is the maximum information rate that can be support by a communication channel. The capacity, C, in units of bits per second is given by:

                                C  =  B log2 (1 + S/N)                                                               (3)

where B is the bandwidth of the channel in Hz, and S/N is the effective signal-to-noise ratio. (Note that the symbol "W" is used for the signal bandwidth in equation 1 to distinguish it from the channel bandwidth in equation 3.)


Although the term "bandwidth" is often used in place of the term "capacity," bandwidth and capacity are not the same. Equation 1 indicates that the formula for the channel capacity contains two factors, B (bandwidth) and log2 (1 + S/N). The bandwidth factor corresponds to the maximum symbol rate, specifically the maximum rate of orthogonal (non-interfering) symbols with in-phase and quadrature (cosine and sine) components. The other factor corresponds to the maximum number of bits per symbols, which is related to the number of distinguishable signals level. Alternatively, baseband symbols can be employed instead of signals with two quadrature components. In this case, the number of non-interfering symbols per second can be increased to 2B. However, the maximum number of bits per symbol, is reduced by a factor of 2, and the capacity of the channel remains the same.

Thus, information theory implies that any practical application can be characterized by its information rate (R), and any communication channel can be characterized by its capacity (C). If R < C, then the application can be support by the channel. If R > C, then the application would need to be designed to reduce R (and reduce quality), or the capacity of the channel would need to be increased. If reducing the communication performance is tolerable, then any type of application could be matched up with any type of the channel. For example, video can be transmitted over any type of channel if the number of pixels and the amount of motion are sufficiently reduced.


If a set of applications and a channel through the network can be designed so that the information rates are less than the channel capacity, then transport convergence (for the set of applications) is feasible. The applications could be handled by a common network, and possibly by common network elements. However, the required quality of service would depend on the application.

Digital communications, which is implicit in Shannon's theory, is the only practical method for implementing convergence. Data compression algorithms, data coding for transmission, and data recovery at the receiving end are greatly facilitated by digital processing techniques. Consequently, convergence is highly dependent on digital technology.  


The capacity formula (equation 3) can be used to determine the feasibility of transporting digitized voice over an analog voice channel. A voice channel has bandwidth of 4 KHz at the band edges and a usable bandwidth of approximately 3 KHz. If we assume an effective signal-to-noise ratio of 30 dB (factor of 1000), then from equation 3, the capacity of a voice channel would be approximately 30 Kb/s. Since from equation 2, the data rate for directly encoded voice is 64 Kb/s, the voice data would need to be compressed by about a factor of 2 in order to be transported over a voice channel. Voice compression algorithms have achieved compression ratios of 8 or more with tolerable reductions in voice quality. Also, the fact that the channel supports analog voice of an acceptable quality indicates that the equivalent amount of information in the analog signal must be considerably less than the data rate (64 Kb/s) obtained by Nyquist sampling. Thus, even in 1948 it should have been possible to envision the convergence of voice and data using digital communications.

In 1949, The Mathematical Theory of Communication by Claude Shannon and Warren Weaver was published. The book contains, with only minor changes, Shannon paper on Information Theory, and an introduction and explanation of Shannon's theory written by Weaver. Although it was published more than half a century ago, Shannon and Weaver's book is not at all dated. On the contrary, it has been validated. The Mathematical Theory of Communication provides a firm theoretical basis for communications in general, and convergence in particular. Although the word "convergence" does not appear in the book, the book contains the first clear statement of the principle of convergence to reach a wide audience. Below is a convergence statement written by Weaver about Shannon's theory:

   "This is a theory so general that one does not need to say what kinds of symbols are being

    considered - whether written letters or words, or musical notes, or spoken words, or 

    symphonic music, or pictures. The theory is deep enough so that the relationships it reveals

    indiscriminately apply to all these and to other forms of communication. This means, of

    course, that the theory is sufficiently imaginatively motivated so that it is dealing with the real

    inner core of the communication problem - with those basic relationships which hold in

    general, no matter what special form the actual case may take."
Missed Opportunities for Convergence

In the late 1940's, digital processing was very rudimentary and was not ready to support convergence. Also, since computer communications was in it infancy, there was no pressing need for the convergence of voice and data communications. However, at the same time that Shannon was developing his theory, other AT&T researchers were experimenting with the transistor, the device that would provide the foundation for the computer/processing industry and for digital communications.


By the 1950's, the handwriting was on the wall. The theoretical basis for convergence had been established and basic technologies required for convergence were being developed. AT&T had the key ingredients for convergence within its grasp. Unfortunately, it was not able to pull together all the ingredients needed for convergence, which included the theory and the technologies, but other ingredients as well.

By the 1960's, technologies capable of supporting convergence were available. Processing and storage technologies sufficient to support digital communications were advancing rapidly. These advances were summed up by Moore's Law [6], which implies that digital processing capabilities double every 18 months. Also, broadband transmission capabilities were being developed. In particular, coaxial (coax) cable, which can support bandwidths and data rates required for convergence was being widely deployed throughout the U.S.

Over the intervening years, digital and transmission technologies have continued to develop.
Technological advances associated various types of transmission media, such as twisted pairs, coaxial (coax) cable, and wireless, have been impressive, but advances in fiber optics have been spectacular. A capacity of up to 1 Tb/s (1000 Gb/s) can be provided by a single fiber. A fiber optic cable, which can contain several hundred fibers, can provide a capacity of hundreds of Tb/s. However, it should be noted that telecom convergence and broadband services do not require fiber optics. Other transmission media can also support convergence, although not nearly as well as fiber optics.

Since twisted pair access lines are ubiquitous, it is very desirable to be able to support convergence over twisted pairs. The bandwidth on twisted pairs had been limited to 4 KHz (at the band edges), which meant that the capacity of a twisted pair access line was limited to approximately 30 Kb/s (the capacity of a voice channel). However, with the development of digital subscriber line (DSL) techniques, the bandwidth and capacity of twisted pair lines has been greatly expanded. DSL technology enables voice, data, and limited video to be provided over existing telephone lines. Although DSL by itself is not sufficient for a robust video capability similar to that provided by the cable TV companies, DSL supplemented by other technologies can support robust convergence over twisted pair access lines.

In spite of the technological advances described above, telecom convergence has floundered. The following subsections describe some attempts at convergence that fell short of the mark.
Convergence via the Telephone Networks

Digital communications was introduced into AT&T's network in the early 1960's. T-1 trunks were employed to transport digitized voice between central offices. A T-1 trunk operates at data rate of approximately 1.5 Mb/s and can support 24 DS0 (64 Kb/s) channels. In the 1970's, AT&T introduced its DATAPHONE Digital Service (DDS) [7], which provided subscribers with a 56 Kb/s digital interface. At this point, a T-1 trunk could be employed to carry 24 channels of digitized voice or data, which represented a significant milestone toward achieving transport convergence.


AT&T had been experimenting with video since the 1950's. They built an experimental video phone in 1964 and ran trials for several years. In 1970, AT&T introduced their Picturephone service [8], which provided analog video over three twisted pairs. Picturephone coupled with AT&T's voice and data services could have provided the first "triple play" offering. However, for a number of reasons, Picturephone was not successful. Also, digital video was not yet practical, and this initial triple play opportunity did not materialize.

AT&T began offering T-1 services for customers in the late 1970's. The T-1 service was provided over two twisted pair access lines. When it was introduced, the T-1 service was expensive and was appropriate only for high end customers, but it did present the first practical opportunity for convergence via the telephone networks. We now know that that T-1 rates are adequate to support full motion video of fairly good quality. However, the digital video and video compressions capabilities required for full motion video had not yet been developed when T-1 service was introduced, and video over telephone lines was limited to video teleconferencing.

For those familiar with information theory and communication technologies, it should have been clear by 1980 that telecom convergence via the telephone networks would soon be feasible. There were some important issues that needed to be addressed before convergence could become a reality, the most important of which was the need for relatively low cost broadband access
Convergence Based on Cable Access

In the 1950's cable TV, which was originally called Community Antenna TV (CATV), was developed. By the late 1960's, a large portion of the U.S. was covered by cable TV systems.[9]

Coaxial cable (coax) can support a bandwidth of approximately 1 GHz. If the effective signal-to-noise ration over this bandwidth is greater than 20 dB (factor of 100), then from equation 3, the capacity of a coax cable would be greater than 10 Gb/s. Realizing this capacity would entail broadband transmitter and receivers and  amplifiers spaced at appropriate distances along the cable.
The capacity of coax cables is more than adequate to support convergence, even if a large number of customers (more than a thousand) are supported by the same feeder cable.


By the 1970's, the widely deployed cable networks and the digital communication technology could have been combined to provide the basis for telecom convergence. The cable networks could have been employed for broadband access to an integrated network. The backbone network being developed for the telephone networks, which was based on digital technology, could have been employed to the interconnect network nodes. 

Voice and relatively low rate video, such as teleconferencing video, could have been digitized and transported digitally along with computer data. Until efficient video compression algorithms and fiber optics were developed, it would have more cost effective to transport analog video. If 90% of the cable bandwidth had been allocated for broadcast video, then a capacity of 
1 Gb/s would be available for digital data. This works out to a capacity of 1 Mb/s per customer if 1000 customer shared the cable. Thus, the cable capacity would be more than enough to support video, digitized voice (even without compression), and computer data.


The functions of the telephone central office and the cable TV headend could have been combined to form an integrated network node. Voice and data could have been transported digitally through the telephone network backbone, which interconnected the central offices. Initially, analog video (and audio) could have transported separately via communications satellite, terrestrial microwave, or some other some other medium. Of course, this would mean that initially transport convergence would be incomplete.


During the 1980's, the rapid development of other transmission technologies and switching technologies continued, which would have enabled the advances toward to convergence to be expanded and consolidated. Of particular importance was the development of fiber optics, which enabled the capacity of the backbone network to be greatly increased. With this increased capacity, voice, data, and video (and audio) could be transported over a common medium, and transport convergence through the backbone would have been feasible. 

The development of MPEG video compression algorithms in the 1990's would have enabled efficient transport of video thorough the entire network from the video source to the customer. At this point both transport convergence and convergence of services would have been feasible.


With hybrid fiber-coax (HFC) networks, fiber is run form the headend (or integrated network node) to the customers' neighborhood. The coax feeder cables are replaced by fiber, but existing distribution and drop cables are still be used. The deployment of HFC in the 1990's further expanded the capacity and reach of the cable access network and greatly enhanced the flexibility of the network, particularly for handling upstream traffic. An HFC access network can provide capabilities comparable to the capabilities a fiber access network, which makes running fiber all the way to the customer premise unnecessary for over 90% of the customers in the U.S. who are passed by coax cable.[10]

Based solely on technology considerations, the following scenario would have been feasible:

· Make significant strides toward telecom convergence in the 1970's based on digital

     communication technology and deployed coax cable access networks;

· Consolidate and expand those advances in the 1980's based on the development of fiber optics;

· Complete the transition to a converged network in the 1990's by exploiting video compression

     techniques and HFC access networks. 
   
So what stood in the way of convergence? Government regulations and restrictions on both telephone companies and cable companies were the main culprit. Both types of companies were restricted in the types of services that they could provide, which made it difficult to offer new services and move toward convergence. But beyond any specific regulation, the anti-trust action against AT&T had a chilling effect on convergence. Because of its infrastructure and the expertise, AT&T was the organization that was best positioned to bring about convergence. If AT&T had been able to collaborate with the cable companies to acquire a broadband access capability, it would have been able to develop an integrated network. However, AT&T was under intense pressure from the U.S. Government, to avoid practices that might be construed as an attempt to expand its dominant position in the telecommunications market.
Moving Away from Convergence

Packet switching is a technique for dynamically allocating network resources based on demand. For bursty traffic, such as file transfers, packet switching utilizes capacity more efficiently than circuit switching. However, unlike circuit switching, packet switching has not provided a guaranteed quality of service, which can be problematic for continuous data streams, such as voice.


The first packet switching network, the ARPANET, was launched by the U.S. Government in 1969.[9] Although the ARPANET was a research network that was limited in scope, it was the forerunner of the Internet. Experience with APRANET let to the development of the Transmission Control Protocol (TCP) [11], the Internet Protocol (IP) [12], and associated protocols in the TCP/IP suite.


The development of packet switching moved the telecom industry away from the transport paradigm (circuit switching) that it had been using for many years to a new transport paradigm. Thus, packet switching represented a move away from telecom convergence. 


In 1984, the International Standards Organization published the Open Systems Interconnection (OSI) Reference Model [13], which describes seven layers of communication protocols associated with the transfer of data between sources and destinations. The OSI Reference Model is based on packet-based transport rather than on circuit switching, the dominant mode of transport at the time when the model was being developed. Thus, the OSI Reference Model represented a move away from circuiting switching and away from telecom convergence.


The OSI Reference Model has been widely accepted in concept, but not in practice. The TCP/IP suite of protocols, which don't quite fit into the OSI Model, have been much more widely accepted in practice. With the development of the Worldwide Web in the 1990's, the Internet took off and established TCP/IP as the basis for data communications.


Also in 1984, which was a really bad year for telecom convergence, AT&T was broken up into several entities, including the Regional Bell Operating Companies (RBOCs, or "Baby Bells") and the AT&T long distance carrier. The organization that had contributed so much to both the telecommunications industry and to the computer/processor industry was transformed into several semi-functional organizations. Later AT&T would be further fragmented when a large part of Bell Labs and Western Electric were spun off. The breakup of AT&T was euphemistically referred to as "divestiture," which was appropriate in the Orwellian sense for a process that culminated in 1984. Euphemisms aside, the effect of divesture was to decapitate the telecommunications industry.

Without leadership provided by AT&T, the movement toward telecom convergence was halted and the industry began moving in the opposite direction. Separate data networks based on packet switching, such as the Internet, were developed. Although these data networks depended heavily on existing telephone (circuit switching) networks for access lines and for trunks that interconnected packet switches, they were deployed and operated apart from existing networks. 


The breakup of AT&T and the movement away from telecom convergence was not all bad.
 It opened the door for a separate data communications industry based on packet switching. This spurred a rapid growth in the telecom industry, which became know as the telecom "bubble." Telecom users benefited from the availability of new services and lower prices for previously existing services. Unfortunately, the bubble eventually burst.
Convergence Based on N-ISDN

Integrated Services Digital Network (ISDN) refers to an industry-wide effort to bring about telecom convergence. In 1984 (there's that year again), CCITT, which is now the International Telecommunications Union (ITU), published the initial recommendations for ISDN.[14] These recommendations defined two user interfaces, the basic rate interface (BRI) and the primary rate interface (PRI). The BRI supports two DS0 (64 Kb/s) digital data (bearer) channels and a control/signaling channel at 16 Kb/s. The PRI, which is basically a channelized T-1 interface with a switching capability, supports 23 DS0 digital data channels and one DS0 control channel. This original ISDN concept was later referred to a Narrowband ISDN (N-ISDN) to distinguish it from Broadband ISDN (B-ISDN) which is addressed in the next section.

A key feature of N-ISDN is common channel signaling (CCS) whereby a separate signaling channel is used to control multiple data channels. The alternative to CCS is associative-channel signaling whereby signaling is tied a specific channel and signaling information may be sent within the channel. For N-ISDN, the signaling information on user-to-network interface (UNI) is carried in a control channel that is separate from the data channels. The control/signaling channel, which is inappropriately named the D (for "data") channel is used to set up physical connections through the network and assign DS0 channels to these connections. Signaling between ISDN network elements employs Signaling System Number 7 (SS7) [15], which had been previously developed to provide signaling for the voice network.

Although there are significant limitations, N-ISDN supports the convergence of voice, data, and video. Voice is supported in the same way as conventional (analog) voice, except that voice signals are digitized at their source (the customer premises) rather than at the central offices. Common network elements and common signaling (SS7) are used for conventional voice and ISDN voice services.

When N-ISDN was introduced, it provided higher rates for data communications than what was widely available at the time. N-ISDN supports rates of 128 Kb/s for most users via the BRI and rates close to the T-1 rate (1.5 Mb/s) for high-end user. N-ISDN supports the capability to set up data connections and vary the capacity of these connections by varying the number of DS0 channels assigned to a particular connection through the network. However, the switching of channels is relatively slow (seconds) compared to the dynamic allocation of resources provided by packet switching. Datacom applications, such as e-mail and web browsing, could have been supported by N-ISDN, if these applications were designed to accommodate the relatively long switching times.


The 128 Kb/s BRI rate is adequate to support video teleconference. Thus, some video capability could have been provided for most users. The ability to switch channels enables video teleconferences to be set up between any sites with ISDN services. Previous to N-ISDN, the use of video conferencing had been much more restricted.

With the development of the Moving Pictures Expert Group (MPEG) video compression techniques (beginning in the late 1980's), it became possible to support full motion video of acceptable quality at approximately the T-1 data rate. Thus, full motion video could be supported over an ISDN PRI. However, full motion video could not be supported over a BRI, and N-ISDN cannot support a broadcast video capability comparable to that provided by the cable TV network.   

Although, N-ISDN has had moderate success in Europe, it has been a disappointment in the U.S. Part of the reason has been the limited capabilities of N-ISDN. However, a more important reason has been the lack of leadership in the telecom industry following the breakup of AT&T.

A previous paper [16] describes how N-ISDN could have been enhanced to provide more comprehensive support for telecom convergence. As implied above, higher rate interfaces (more DS0 channels) needed to be provided and the switching times need to be reduced. Also, asymmetric interfaces, with higher rates in the downstream direction (network to user), would have been very desirable.


With the development of digital subscriber line (DSL) techniques in the 1990's, it became possible to provide higher rate interfaces for most users and to support asymmetric interfaces. Electronic technology could have supported higher switching so that the number of DS0 channels allocated to a connection could be quickly varied. Reducing the time required to establish a connection would also have been desirable, but is of lesser importance (than quickly varying the capacity of the connection) in achieving greater transport efficiency. 

If N-ISDN had been introduced several years early, it may have been more successful. As it turned out, N-ISDN was largely overtaken by events. In the 1980's, it was becoming widely accepted that packet switching was the wave of the future. In 1989, the ITU adopted a form of packet switching as the transport mode for B-ISDN, which made N-ISDN appear to be just an interim approach.
Convergence Based on Packet Switching


Compared to circuit switching, packet switching utilizes bandwidth more efficiently, especially for bursty data sources. Circuit switching, on the other hand, provides guaranteed bandwidth (more precisely, guaranteed network capacity), which is important for continuous data sources. With the rise in computer usage and the growing demand for computer communications, many saw packet switching as the wave of the future. 

It took a while for packet switching to catch on. During the 1980's the U.S. Government, particularly the Department of Defense, pushed the development of packet switching based on their TCP/IP suite of protocols. Initially, there was considerable resistance to adopting packet switching.

There were dramatic advances in fiber optic technology during the 1980. In particular, advances associated with single mode fiber, laser transmitters, and optical amplifiers greatly increased the practical bandwidth and the practical distances that could be achieved with fiber optic systems. These developments made efficient utilization of bandwidth less of a concern for the backbone network. Consequently, the development of fiber optics has lessened the need for packet switching. However, utilization efficiency is still a concern for the access network, where fiber optics hasn't been widely deployed until recently.

The battle between circuit switching and packet switching was not based entirely (or even primarily) on technical merits, i.e., quality of service versus utilization efficiency. With the integration of computers and communications, conflicting views emerged. One group, who were called the "Bellheads," advocated a communications-centric view, while the other group, who were called the "Netheads" advocated a computer-centric view.[17] The Bellheads were more traditional and had a better understanding of the fundamentals of communications. The Netheads were more aggressive and more willing to change the way things were done in the past. As the Netheads gained the upper hand, the industry moved more towards packet switching, which represented a move away from convergence, at least initially.

During the 1990's the Internet really took off. For a while, Internet usage was growing by about 50% per year. The spectacular success of the Internet put packet switching in a dominant position vis-à-vis circuit switching. Thus, most of the community eventually embraced packet switching as basis for convergence, and convergence based on IP, in particular.
Convergence Based on B-ISDN


The development of fiber optics spurred the move toward broadband networks. In the mid- 1980's standards for transmission at high rates over fiber optic lines were developed. Transmission based on the Synchronous Optical Network (SONET) standards is widely used in North America. The corresponding international standards are referred to as the Synchronous Digital Hierarchy (SDH).[18]

At the about same time, standards for Broadband ISDN (B-ISDN) were being developed. Initially, B-ISDN considered two transport options, one based on circuit switching (synchronous transport) and one based on packet switching (asynchronous transport). Both options employed SONET/SDH at the physical layer.


In 1989, Asynchronous Transfer Mode (ATM) was adopted as transport mechanism for B-ISDN. [19] With ATM, data blocks are broken up into small (53 byte) packets (ATM cells), which are switched through the networks and recombined at the receiving end. The small cell size minimizes delays, which made ATM more suitable than other packet switching methods for transporting voice.

ATM was greeted with much fanfare. B-ISDN with ATM was seen as an approach for convergence that could provide the utilization efficiency of packet switching while maintaining a quality of service comparable to that of circuit switching.


SONET has been very successful in North America, and it provides the basis for convergence at the physical layer. Similarly, SDH has been successful in Europe and other parts of the world. However, B-ISDN has been a disappointment. Although, ATM has achieved a certain degree of success in integrating voice and data, it has fallen far short of its advance billing. B-ISDN with ATM is no longer viewed as a viable approach for telecom convergence.

So what went wrong with B-ISDN?  The choice of ATM as the transport mechanism was a critical mistake. ATM has some basic problems. The ATM approach fragments data into many tiny packets that needed to be processed on the fly. Also, the small size of the ATM cell header (5 bytes) severely limits the address space. In spite of these problems, convergence based on ATM could have worked. However, the relative complexity of ATM transport and scalability issues associated with the limited address space make convergence based on ATM less attractive than other options.


As described in the previous section, B-ISDN could have built on N-ISDN. SS7 signaling could have been extended to control payloads within SONET frames instead of controlling just DS0 channels, which can be viewed as the elementary building blocks of SONET payloads. This would have enabled dynamic switching of broadband channels, which is the feature required by ISDN to support full convergence. Instead of extending circuit switching, the approach that had served the telecom industry so well for many years, the Bellheads came up with a new paradigm. However, the Netheads were not appeased. Instead, they continued to push for transport based on IP and separate data networks.
Convergence Based on the Internet and IP


The Internet consists of a large number of subnets interconnected via the Internet Protocol (IP). For the most part, the Internet supports data flows between clients (users) and servers, such as e-mail servers and Worldwide Web (WWW) servers. The Internet also supports data flows directly between clients or between servers. 


As illustrated by Figure 2, the Internet is overlaid on the telephone networks. Generally, access to the Internet for clients and servers had been provided via the telephone networks. More recently, access has also been provided via the cable TV networks or the wireless networks, which can be viewed as extensions of the telephone networks. Trunks interconnecting subnets have also been provided by the telephone networks.
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Figure 2 - Internet Overlaid on Telephone Networks

The advantage of the overlay approach was that it was possible to construct the Internet with minimum impact existing telephone networks. This was especially true for the case of dial-up access, where data is transported over existing voice channels. The disadvantages of the overlay approach are that telephone networks are not used efficiently and that additional costs associated with separate resources for the data networks are incurred. The overlay approach, which favors expediency over efficiency, makes it easier to support a new capability in the short run. For example, dial-up access was much easier to support than DSL.  


Typically, client-to-server data would flow from the client equipment though the telephone network to an IP router in a subnet of the Internet.  Within a subnet, IP routers and/or packet switches, such as ATM switches, may be employed. Data may flow through multiple subnets before reaching the subnet connected to the server, which may be on the other side of the world. Data would then flow from the server's subnet though another telephone network to the server. Server-to-client data would flow in the opposite direction.
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Figure 3 - Protocol Diagram for IP-Based Transport

Figure 3 shows the protocols involved with transferring data through the Internet between a client and a server. The client is connected through a multiplexer (MUX), such as a DSL access multiplexer (DSLAM), in the telephone network to an Internet service provider's router. Similarly, the server is connected through one or more multiplexers in the telephone network to the Internet. For example, these could be SONET/SDH multiplexers operating at the physical layer.


Although only two routers are shown, multiple routers and packet switches may be traversed. For the case shown, the application (APP) rides on top TCP, which are both implemented at the client and server sites. The application and TCP are not used, or seen, by the network. IP is the operative protocol for routing (forwarding) the data through the network. IP rides on top of a layer 2 protocol (L2P), such as ATM or Frame Relay, and a physical layer protocol, such as SONET or a protocol associated with DSL transmission. The layer 2 protocol and the physical layer protocols terminate at the network router, or at some intermediate device. Thus, different layer 2 and physical layer protocols can be used at for different links. IP, on the other hand, is used end-to-end.

IP is connectionless protocol, which means that successive packet can be treated independently by the network. IP has limited functionality. It contains global addresses that identify the source and destination. TCP, which is a connection-oriented protocol implemented by the end users, but not by the network, was designed to compensate for the lack of functionality of IP.

The TCP/IP approach simplifies network operation and facilitates interoperability among subnets operated by different organizations. It has been much more successful than other packet switching approaches, such X.25 and ATM, which are more difficult for the networks to implement, and which complicate interoperability among network segments.

The Netheads were very aggressive in pushing the TCP/IP/overlay approach. The telephone companies (telcos) were slow to respond. Part of the problem was government regulations, which restricted (but did not prohibit) data service by the RBOCs. However, the lack of initiative and imagination on the part of telcos (and the Bellheads) was largely blame for themselves for allowing a new group of players, the Internet service providers (ISPs), to take over services that could have been provided by the telcos.


The success of the Internet established IP as the protocol most likely to play a central role in telecom convergence. By the turn of the millennium, IP data was the dominant form of data. The volume of IP traffic had surpassed the volume of voice traffic (in terms of totals number of bits transferred), and was it projected that voice traffic would soon become a small percentage of the overall traffic. Thus, it seemed reasonable to change the way voice was transported and to base convergence on the Internet and IP.  

There are some issues associated with transporting voice in IP packets. There is a significant overhead associated with transporting IP packets (20 bytes in the IP version 4 header plus additional overhead associated with the higher layer protocols). Also, IP transport can involve significant delays, which degrade voice quality, especially in the presence of echoes.


These voice over IP issues are manageable. Voice compression algorithms enable the data rate of digitized voice to be reduced far below the 64 Kb/s associated with directly encoded voice. Employing voice compression and transmitting only when the speaker is talking (typically, about 40% of the time) can compensate for the overhead associated voice over IP.

 Voice over IP is becoming widely accepted as the issues described above are being addressed. Users are willing to accept the quality of IP voice if they can save money and take advantage of multi-media applications. With the acceptance of voice over IP, convergence based on IP is getting a big boost. Now, digital video over IP is gaining acceptance. We seem to be approaching a situation where almost all data is IP data.

The simplicity of IP-based transport, which derives from connectionless nature of IP has been its greatest strength, but is also its greatest limitation. Connectionless transport in not well-suited for continuous data streams, particularly data streams that required guaranteed quality of service. By definition, connectionless protocols do not have connection-oriented features, which can be exploited to provide guaranteed quality of services and other desirable characteristics, such as certain security features. To support full convergence, it became clear to many that a connection-oriented transport mechanism was needed.   
Convergence Based on IP/MPLS

Multi-Protocol Label Switching (MPLS) [20] is a connection-oriented technique that can be used to provide guaranteed quality of service for IP traffic (and other types of traffic). With the IP/MPLS approach, virtual connections called label switched paths (LSPs) are established, and labels are attached to IP packets to identify particular LSPs.[21] Forwarding of a packet is based on the 20 bit label in the MPLS header rather than on the 32 bit IP address (for IP version 4) in the IP header, which makes forwarding easier to implement. With MPLS, network capacity can be reserved along the LSP so that the quality of service for a traffic flow can be guaranteed.

A consensus is forming around IP data and MPLS transport as the basis for convergence. Data associated with various applications, including voice and video, would be encapsulated in IP packets. LSPs would be established, and MPLS headers would be attached to IP packets and used to transport data along LSPs.

Transmission and switching technologies are ready to support convergence. Fiber optics and associated technologies provide capacities that are more than adequate for convergence. Backbone networks have been converted to fiber optics, and fiber is being extended into the access network. Broadband capabilities are being extended to the customer premise. In addition to fiber, DSL, coax cable, and wireless methods are current available to support broadband access. Fiber and coax can support full convergence, while DSL and wireless can currently support limited convergence.  Processing capabilities have continued to advance, as predicted by Moore's Law. This enables the switching capabilities required for MPLS transport.   
The Label Distribution Protocol (LDP) [22] and /or the Resource Reservation Protocol (RSVP) [23] are employed in conjunction with MPLS to establish LSPs and reserve network capacity along these LSPs. The Internet Engineering Task Force (IETF) in developing a new extensible IP signaling protocol suite (NSIS) [24], which will provide additional capabilities and more flexibility in establishing and controlling virtual connections.

MPLS labels can be stacked, and multiple LSPs can be nested in a higher level LSP. The signaling protocols can be used to control the network capacity assigned to an LSP containing multiple virtual connections. This gets us back to common channel signaling, with the control signaling separate from the data transport and with a signaling connection able to control multiple data connections, in this case virtual connections.
Figure 4 shows the communication protocols involved in transferring data between a client and a server. Figure 4 is similar to Figure 3 with the addition of MPLS.
The client premises would typically be connected to the telephone network by a twisted pair access line with a DSL physical layer interface. A layer 2 protocol (L2P), such as Ethernet, would be employed between the customer premise and a multiplexer (MUX), in this case a DSLAM, in the telephone central office (CO). Similarly, the server is connected in a multiplexer, in a CO. The multiplexers are connected to IP/MPLS routers. In the case of Figure 4, only two routers are shown. However, the traffic may traverse multiple routers.
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Figure 4 - Protocol Diagram for IP/MPLS Transport
With convergence, telephone and Internet services come together, and the routers could be located in telephone COs, rather than in separate ISP facilities. In Figure 4, the multiplexers may be in different COs than the routers. Typically, the smaller COs would contain multiplexers, and while the routers would be located in hub COs.  

The multiplexer would statistically multiplex and demultiplex IP data from and to multiple users. The multiplexers would operate at layer 2, using Ethernet or some other layer 2 protocol. The routers would operate at the MPLS layer, which can be viewed as lying between layers 2 and 3. Labeled packets could be forwarded without reading the IP header. To accommodate legacy equipment and networks, the router would need to be able to accommodate unlabeled packets. If the MPLS label is missing, the router would process the packet using current IP transport procedures.

For labeled packets, IP runs on top of MPLS and is not used by the network. Similarly, TCP and the application protocol run on top of IP. For streaming applications, the User Datagram Protocol (UDP) would normally be used instead of TCP.

If transport is based on MPLS labels, then IP becomes superfluous, at least for transport purposes. This suggests that it would be desirable to suppress the IP headers as the data enters the network and re-insert the headers at the destination.  Suppressing the IP headers reduces overhead and enhances security. Since MPLS headers have only local significance, an intruder cannot determine the sources and destination of the traffic from the MPLS header if the control channel is secure. Thus, suppressing the IP header would prevent an intruder from performing a traffic analysis and would complicate a denial-of-service attack. IP headers would need to be re-inserted (by the egress router) if the packets traverse an IP network without MPLS capabilities.
Moving Beyond IP/MPLS


So is IP/MPLS the end of the road to convergence? Or, is there another convergence protocol on the horizon?


If IP can be suppressed for transport, is it really necessary in the first place?  Is label switching based on MPLS fundamentally different from Frame Relay switching based virtual connection identifiers, or ATM switching based on virtual channel/path identifiers, or Ethernet switching based on VLAN tags? 

In a sense, MPLS with resource reservation is a throwback to ISDN with common channel signaling. The similarity becomes even more striking with the advent of Generalized MPLS (GMPLS). GMPLS [25] is an extension of MPLS, which includes a feature that enables label switching to be used in a circuit switching mode. With GMPLS implicit labeling, the label switched path is identified by the physical channel (such as a time slot) containing the data, rather than by an explicit label in the MPLS header. This is similar to a DS0 channel being identified by the position of the data within a DS1 frame, or to a SONET channel being associated with a group of time slots within a SONET frame. As described in another previous paper [26], GMPLS with implicit labels can enable convergence based on fast circuit switching, which was referred to in the paper as “dynamic channel switching.” Signaling protocols used in conjunction with GMPLS to establish and control label switched paths are fundamentally similar to common channel signaling with SS7.
     
It has been shown that fast circuit switching and that connection-oriented packet switching, as exemplified by the IP/MPLS approach are, basically equivalent.[27] This means that fast circuit switching can achieve a resource utilization efficiency comparable to that provided by the IP/MPLS approach. It also means that the IP/MPLS approach (with some signaling extensions) can provide a quality of service comparable to that provided by circuit switching, at least for high priority traffic.
Fast circuit switching and the IP/MPLS approach can be implemented by a common set of network elements. Figure 5 shows a label switch that can operate in both circuit switching and packet switching modes. The label switch contains an input buffer, an output buffer, a space switch, and a controller. The input buffer receives data on each of the N input lines (space cells) and stores this data, in some case for only a very short period of time. Data on these lines are contained in time slots associated with particular LSPs. The output buffer stores data for each of the output lines and transmits data over each of these lines at the appropriate time. The space switch connects the input buffer to the output buffer. It switches data received from each of the input lines to storage elements in the output buffer connected to each of the output lines. In the most straightforward implementation, the space switch is an N by N crossbar matrix, so that each of its N input lines can be connected to each of its N output lines. Data are switched every time slot so that for every time slot, data from a particular input line could be transmitted over a different output line. The primary function of the controller is to generate the switching matrix relating the switch input to the switch output for every time slot. As described below, the controller uses signaling information and labels to generate the switching matrix.
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Figure 5 - Common Switching Element


In the circuit switching mode of operation, the switching pattern is pre-determined. The controller uses information from the signaling channel to determine the mapping from time-space cells at the input to time-space cells at the output before the data to be switched arrives at the switch. Since for each input line, data is switched based on the time slots containing the data, time slots can be viewed as implicit labels. Implicit labels avoid the overhead associated with MPLS headers. With conventional circuit switching, the mapping of time-space cells may be fixed for the duration of a connection, which could last for long period of time. However, with fast circuit switching can be much more dynamic.


In the packet switching (IP/MPLS) mode of operation, labels and packet framing information, which is provided by the layer 2 protocol, are transferred from the input buffer to the controller. The controller would then use the label and framing information to determine the switching pattern on the fly. For unlabeled packets the controller would use the IP destination address rather than for the MPLS label. The delays through the label switch can be considerably longer for the packet switching mode than they are for the circuit switching mode. However, these delays can be minimized for label packets by using reservations. To ensure a guaranteed quality of service for time-sensitive traffic, circuit emulation can be employed, which involves a special type of reservations.
As presented above, the fast circuit switching and MPLS modes of operation are not fundamentally different. In both cases, the switching of data is based on labels, either implicit labels or labels attached to the packets. In both cases, network capacity is reserved, either specific time slots or a number of time slots per second. By scheduling time slots before the data arrives, the fast circuit switching mode avoids some delays associated with MPLS mode. Also, fast circuit switching can potentially use bandwidth more efficiently since it has lower overhead and can operate with a higher utilization. On the other hand, the IP/MPLS mode of operation is more compatible with the operation of existing network and equipment. Also, quality of service can be guaranteed for high priority traffic.   
Because of its general acceptance and relative compatibility, transport based on IP and MPLS is the most practical approach for transport convergence in the near term. As routers with MPLS capability become widely deployed, IP-based transport could be gradually phased out, and transport can be based mostly on MPLS. At this point, IP headers could be suppressed for transport. Circuit emulation would need to be supported for applications that required a firm QoS guarantee. 
Over the longer term, fast circuit switching could replace packet switching for most applications. At some point, IP, and certain other protocols, can be phased out.
Summary


Telecommunications (telecom) convergence refers to providing a wide range of communication services, including voice, video, and data communications, over a common, integrated network. There are two aspects of telecom convergence, transport convergence and convergence of telecom services. Transport convergence means that various types of data are transported in a common manner through a common network. With the convergence of services, different applications would be handled in the same way from a user perspective. The main benefits of telecom convergence are: reduced cost, greater coverage for the full set of services, easier interoperability among carriers, and common user interfaces and access methods.

Telecom convergence is not some radical new idea. The roots of convergence go back to idea of sampling a communication signal, which was conceived in 1928. In 1948, Claude Shannon formulated a comprehensive theory of communication, upon which telecom convergence is based. All communications can be viewed as data communications. Shannon pointed the way for efficiently representing communication sources as stream of bits and reliably sending these bits over a communications channel.


Initially, communication technologies, specifically transmission and switching technologies, could not support telecom convergence, but this is no longer the case. For nearly 40 years, telecom convergence has been feasible, at least to some degree. However, until recently, attempts to provide an integrated network that would accommodate a wide range of services have achieved only limited success. The basic question is not: Why is the industry moving toward an integrated communication network with integrated services? The question is: Why has it taken so long?

Convergence depends on digital communication technologies. During the 1950's and 1960's processing and storage technologies sufficient to support digital communications were developed. The continuing advance of digital technologies, exemplified by Moore's Law, means that digital technologies have been more than adequate to support convergence.


Convergence can be supported over various transmission media, including twisted pairs, coaxial (coax) cable, wireless, and fiber optics. For all these media, but particularly for fiber optics, technological advances have been impressive. All these media can support convergence to some degree. Fiber optics and coax can support full convergence.

Digital communications was introduced into AT&T's network in the early 1960's. In 1970, AT&T introduced their Picturephone service. Picturephone coupled with AT&T's voice and data services could have provided the first "triple play" offering. However, initial triple play opportunity did not materialize. AT&T began offering T-1 services for customers, which would have supported limited convergence, in the late 1970's. This opportunity for convergence was overtaken by events.

By the late 1960's, a large portion of the U.S. was covered by cable TV systems. Coaxial cable (coax) can support a bandwidth of approximately 1 GHz and provides more than enough capacity for convergence. However, government regulations and restrictions were largely to blame for preventing convergence based via the coaxial cable access.

ISDN refers to an industry-wide effort in the 1980's to bring about telecom convergence. Narrowband ISDN (N-ISDN) supported the convergence of voice and data, but its support for video was limited mostly to video teleconferencing. The N-ISDN approach could have been enhanced to provide more complete support for convergence. However, the industry moved off in a different direction.

In 1989, ATM was adopted as transport mechanism for Broadband (B-ISDN). This took ISDN off in a different direction from the N-ISDN approach. Although, ATM has achieved a certain degree of success in integrating voice and data, it has fallen far short of its advance billing.

The success of the Internet in the 1990's established IP as the protocol most likely to play a central role in telecom convergence. By the turn of the millennium, IP data was the dominant form of data. With the acceptance of voice over IP, convergence based on IP and the Internet got a big boost. However, connectionless protocols, like IP, are not well-suited for transporting continuous data streams, particularly data streams that required guaranteed quality of service.

(MPLS) is a technique that can be used to provide guaranteed quality of service for IP. A consensus is forming around IP data and MPLS transport as the basis for convergence. Data associated with various applications, including voice and video, would be encapsulated in IP packets and MPLS headers attached to IP packets would used to transport the packets through the network.

It can be shown that a fast circuit switching can provide a transport efficiency that is comparable to the efficiency associated with packet switching in general, and with the IP/MPLS approach in particular. Fast circuit switching and the IP/MPLS approach can be implemented by a common set of network elements. Although the IP/MPLS approach is more compatible with existing networks and equipment, fast circuit switching has some advantages that make it more suitable as the basis for convergence over the long term.
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Figure 3 - Protocol Diagram for IP-Based Transport
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