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Лекция № 1

General information
План лекции
1. Communication system functions
2. The development of communication before the use of electricity
3. The period of development of telecommunications
1. Communication system functions
Many terms and phrases are used in oral speech and in literature of various kinds without any explanation. This practice is adopted in cases where the term or phrase refers to the form of self-defining, i.e. is considered self-determining. The terms "communication" and "telecommunications" are often used without comment, considering them understandable. Nevertheless, it is advisable to give a number of explanations if not to the terms "communication" and "telecommunications", then at least to the corresponding functions.

The functions performed by the communication system can be considered as one of the types of work represented by simple "take-and-take" operations. This approach is often used to describe the functioning of various technical systems.

The functions of the communication system, when viewed as a process of the "take-over" type, will be compared here and thereafter with the simple task of moving a glass of juice. Suppose that a glass of juice should be taken from the bar counter and moved to the dining table. What are the requirements for moving a glass of juice? Apparently, they can be formulated in the form of three main statements:

- perform the task for a time not exceeding a certain threshold T0;

- juice does not spill out of the glass, more than V0;

- do not allow foreign substances with a concentration above P0 to enter the glass.

We introduce a series of correspondences. The term "time" will remain unchanged. Instead of the splashed juice, we will operate with the loss of some piece of information (by information we mean a meaningful description of the object or phenomenon, although this interpretation does not fully reflect the meaning of the term). Foreign substances can be associated with distortion of information. Then the functions of the communication system when transferring information between the points X1 and X2 can be represented using three statements:

- transmit information for a time not exceeding a certain threshold T0;

- Do not lose the bulk of information, allowing losses not exceeding V0;

- Do not allow the distortion of information above the level of P0.

In this and the following lectures the chosen analogue will be used for reasoning concerning various ways of implementing the functions of the communication system. In addition, it should be borne in mind that the functions of the communication system are constantly changing. For this reason, further analogies, useful from the point of view of interdisciplinary study of telecommunications, will be introduced.
2. The development of communication before the use of electricity
Communication is often seen as a way of implementing communication needs. Communicative needs arose even before the advent of mankind. Animals transmit information through sound, smell and body postures. This information helped to protect themselves from enemies, protect the territory of residence, and obtain food. The exchange of information in the animal world is mainly regulated by instincts. In the plant world, you can also find examples of processes that can be considered as an exchange of information.

Our distant ancestors at first, perhaps, copying the behavior of animals, expanded the scope of the communication system. True, the use of olfactory organs was reduced to a minimum. The main role was assigned to the organs of hearing and sight.

Probably, at this stage the principles of information transformation into a message have been formed. Information about a specific object 
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. On the other hand, primitive methods of communication allow you to convey important information with very short messages. For example, whistling for three seconds (for pre-established guidelines for interpreting received messages) could mean that a herd of about thirty animals is approaching the hunters.

Whistling and other forms of sound messages were widely used by our distant ancestors to exchange information. The laws of sound propagation are such that the transmission of messages over long distances takes considerable time. In particular, in 1797, three thousand soldiers with gunfire sent a message about the beginning of the coronation of Emperor Paul I from Moscow to St. Petersburg. The distance between the soldiers was a little over 200 meters. In 1838 in the US, a message about the opening of a new shipping channel was transferred to cannon volleys. The distance of 700 kilometers was overcome in about 80 minutes. This means that the information transfer rate was 145.8 m / s. Recall that the speed of sound under normal conditions of its propagation in the air is 330 m / s.

One way to deliver messages was to use visible characters. The simplest bearers of information were fire and smoke. Then the idea of an optical telegraph was born. He is often called Telegraph Chappa - by the name of the author, a French priest. The line between Paris and Lille, 210 km long, was opened in July 1794. There were 20 intermediate stations in it, each of which was serviced by one or two specialists. Their task was to observe the telescope behind a neighboring station and reproduce the signals received. The idea of an optical telegraph is similar to the principles that have been used since the XVII century in the navy. Principles of communication, similar to an optical telegraph, was described by Flavius Vegetius Renat, who was engaged in military research in ancient Rome, that is, before our era. In April 1809, an optical telegraph helped Napoleon get timely information about the siege of Munich by Austrian troops and come to the aid of the Bavarians. The certificate of the work of Telegraph Chappa is contained in the novel by Alexander Dumas "The Count of Monte Cristo." The novel was published in 1845, when the era of the optical telegraph was over.

In Russia, an optical telegraph connected St. Petersburg and Warsaw. The length of the communication line, which was operated for about twenty years, since 1833, was one thousand kilometers. The message was transmitted on average in one hour.

Another example of the transmission of information without the use of telecommunications is the "street telegraph". In the XIX century in the United States, such an experiment was conducted. Grape snails formed twenty-six married couples. Each pair corresponded to the letter of the English alphabet. Then one snail from each pair was taken to France. When a stimulus (electric current or acid) was acting on the cochlea, the matrimonial partner located on the other side of the Atlantic Ocean also contracted. According to some scientists, information was transmitted through a biofield.

The considered methods of communication are characterized by advantages and disadvantages, which are expedient to be considered taking into account the requirements that developed by the middle of the XIX century. Most often, users were not satisfied with the time of message transfer. In many cases, the reliability of the information received was below the required level. Some communication systems did not work at night or in bad weather. Finally, there is a need to organize long-distance communications; including - between the continents. We needed a qualitative leap that was made by means of electrical communication.

3. The period of development of telecommunications

The first type of telecommunications was the electromagnetic telegraph. His appearance was promoted by the development of physics. Already in the 18th century, discoveries in the field of electricity allowed the first experiments on the implementation of the basic elements of the telegraph system. The creation of electric power sources, made possible by the discovery of Alexandro Volta, made it possible to translate experiments into the practical plane in the 1930s.

In July 1820, Hans Christian Oersted published the results of his research on the effect of electric current on a magnetic needle. These results stimulated further research. In particular, Andre Marie Ampere formulated scientifically sound proposals for the creation of an electromagnetic telegraph. The idea of ​​Ampere was based on laying a large number of wires (equal to the number of letters in the alphabet). Such a project had no practical significance, but the main theoretical positions played an important role in the development of telegraph communication. It should be mentioned that prior to the publication of Oersted's works, work was done to create an electrostatic and electrochemical telegraph, but these directions were not promising.

The first electromagnetic telegraph apparatus was created by the Russian diplomat, orientalist and cryptographer Pavel Lvovich Shilling. Demonstration of the work of this device took place on October 21, 1832 in the house of P.L. Shilling. The transfer was carried out between the premises, separated by a distance of 100 meters. Each letter of the alphabet was matched by a combination of symbols, which was displayed by black and white circles on the telegraph apparatus. In Germany, the electromagnetic telegraph apparatus was designed in 1833. The authors of the project were Karl Gauss and Wilhelm Weber. In 1837 in the UK, William Cook and Charles Wheatstone developed their version of the telegraph apparatus. In the same year, Samuel Morse patented his terminal in the United States. The S. Morse telegraph apparatus was an electromechanical device. His colleagues from Russia, Germany and Great Britain developed an electromagnetic terminal. The undoubted merit of Morse was the invention of code, in which the letters were represented by a combination of dots and dashes.

In 1837 commercial use of telegraph communication began. The first city where the telegraph network was introduced was London. Soon this - the first - the form of telecommunications began to develop actively. The following fact is interesting: the first systems of telegraph communication were built in such a way as to provide the needs for information exchange of the railway transport network. For example, in Moscow the first telegraph station was opened in the building of the railway station connecting the capital city with the capital. In 1852, only two telegraph apparatus operated. One was used for the needs of the railway, and the second - for the transfer of government and private communications. In June 1866, a cable was laid across the Atlantic Ocean. Europe and North America connected the line of telegraph communication. The next lecture is devoted to building a telegraph network.

Soon after the establishment of telegraph communication, experiments began on the transmission of facsimile messages. The Scottish physicist Alexander Bain in 1843 demonstrated the original design of the terminal, which transmitted images. The apparatus of A. Bain is considered the first (albeit very primitive) facsimile machine. In 1855, the Italian Giovanni Caselli developed the "Panthelegraph", which transmitted images over telegraph networks. "Panthelegraph" was used in France and in Russia. In the future, facsimile communication began to focus on the use of telephone networks.

It is generally accepted that the development of telephone communications in the world began on February 14, 1876. On this day at 11 o'clock the application of Alexander Graham Bell on the invention of an electromagnetic telephone was registered. From the history of technology, it is known that similar inventions were made long before 1876. At least, in 1837 there were recorded attempts to transmit the speech with the help of electricity. The phone quickly found practical application. Already in 1878, the world's first telephone exchange was opened in New Haven (USA).

Interest in the invention of A.G. Bella was shown by scientists and engineers of many countries and, in particular, by Russian specialists. In 1883 the Russian engineer P.M. Golubitsky developed an advanced microphone with coal powder. In 1885, he proposed a method for supplying microphones of telephone sets from a central battery. In 1887 the engineer K.M. Mostsitsky has developed an automatic telephone exchange (ATS) of small capacity. In the workshop of the University of Odessa in 1893 a model of automatic telephone exchange with step-by-step searchers SM was assembled. Berdichevsky-Apostolov and MF Freidenberg. They obtained a patent for ATS with step-by-step searchers in the United Kingdom and the United States.

The first telephone exchanges in Russia were built at a number of factories in Ufa province in 1880 for private use. City telephone exchanges appeared in 1882 in St. Petersburg, Moscow and Odessa, and in 1885 - in Kiev. Built on single-wire switches, the Moscow telephone exchange reached the capacity of 60,000 numbers by 1916. The state control over the telephone communication began in 1881. The government approved the "Basic conditions for the construction and operation of city telephone messages."

The newspaper "St. Petersburg Vedomosti", issue July 12, 1997, on the eve of the 115 anniversary of the establishment of the first connection between the subscribers of the capital of the Russian Empire published curious information. In 1908, there were 16,990 subscribers in St. Petersburg. Another 417 people were waiting for their turn to install the phone, making 25 rubles as an advance. Each tenth of them was waiting for the second year. In 1906, the payment for the phone was as follows: 49.5 rubles a month for an individual (the wages of a highly skilled worker), 65 rubles for a collective (for example, in a house entrance) and 71.5 rubles for a so-called "public" (in a store or office).

The development of cable technology began a little earlier, as the organization of communication lines was required when creating a telegraph network. The experience of organizing telegraph communication was also used in the creation of telephone networks. In 1882, the first intercity communication line was built between St. Petersburg and Gatchina (its length was 45 kilometers) for "negotiating the highest figures" and listening to operas from the Mariinsky Theater. The equipment of the Russian inventor E.I. Gvozdev found application in the organization of telephone communications between the cities of Odessa - Nikolaev (1893) and Rostov - Taganrog (1895).

May 7, 1895 Russian scientist Alexander Stepanovic Popov demonstrated a device, which he called a "thunderstorm". This device made it possible to record electromagnetic waves. Many experts consider the thunderstorm writer A.S. Popov is the first wireless telegraph apparatus in the world. In 1897, with the help of his devices, A.S. Popov demonstrated the exchange of messages between the coast service and the warship. Two years later A.S. Popov developed a receiver of electromagnetic waves, where headphones were used to receive signals that were transmitted by Morse code. A year later the invention of A.S. Popova helped to carry out rescue work by removing the ship "General-Admiral Apraksin" from the coast of Hogland.

At the same time, the Italian inventor Gulielmo Marconi was working on the use of radio communications. In 1896, he filed a patent "on improvements made in the apparatus of wireless telegraphy." The device, created by G. Marconi, in many respects repeated the ideas of A.S. Popov, already published in the scientific literature. Undoubtedly, the merit in the development of a wireless telegraph system across the Atlantic Ocean. The first works in this direction gave the result already in 1901.

In the middle of the XIX century, it became obvious the need to establish a number of rules for ensuring the interaction of national telecommunication networks. In 1865, delegations from several countries gathered in Paris, which established the International Telegraph Union. After lengthy and difficult negotiations on May 17, the first international agreement on telegraph communication was signed. In 1969, it was decided to celebrate May 17 as the "Telecommunications Day".

The first telecommunication systems laid the foundation for a new era in the implementation of communication needs. Then came sound and television broadcasting, data transmission, mobile communications, which were largely based on the theoretical and practical achievements of the XIX century.

Control questions

1. Draw a generalized structural diagram of the transmission system, indicate its main elements and the requirements for them.

2. Transmission channel and communication system.

3. Information, message, signal and the relationship between them.

4. Noise immunity and the place of its evaluation in the generalized scheme of the transmission system.

5. The main types of services provided to consumers of telecommunications.

Лекция № 2

Telecommunication network as a large and complex system

План лекции
1. Requirements for the communication system

2. Development of interdisciplinary methods of studying the telecommunication system
1. Requirements for the communication system

For the access network among the many processes that are characteristic of the development of the infocommunication system, the following trends are of particular interest:

- growth (sometimes very significant) of the bandwidth of information exchange paths;

- toughening of requirements of some users to indicators of quality of service;

- support of the terminal mobility functions for a number of applications;

reducing the costs necessary to create and further develop all elements of the infocommunication system.

The increase in the capacity of information exchange paths is confirmed by a number of prognostic assessments, which are shown in figure 2.1. The forecast was developed by Technology Future Inc. for users of the housing sector in the United States.
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Fig. 2.1. Changing the bandwidth requirements of the access network

Such a significant increase in capacity is due, basically, to two trends:

1) the development of a high-definition television system, for which broadband channels are required;

2) increase the speed of data exchange on the Internet to provide information services and new types of gaming applications.

It should be noted that the speed of 100 Mbit / s (the upper limit for the last curve) coincides with the maximum throughput for prospective mobile networks. Although this speed seems more than sufficient, some experts believe that a certain group of users will require access resources of about 200 Mbit / s.

Growing demands for quality of service is a natural phenomenon. In recent years, aspects of increasing the reliability of the infocommunication system have been discussed more often than others. In the technical literature a new phrase appeared: "Five Nines". This is the value of the availability factor between two user terminals through which information is exchanged.

Fig. 2.2 shows the distribution of reasons why PSTN subscribers can not exchange information. These estimates were obtained by ISO (International Organization for Standardization) as a result of the processing of statistical information provided by several Operators from different countries.
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Fig. 2.2. Reasons for denial of PSTN subscribers' service

Almost a quarter of service failures are due to a break in AL - the basis of the access network. For the availability factor of 0.99999, the idle time during the year should not exceed 5.3 minutes. Without improving the reliability of the access network, this requirement is not possible.

Mobility is one of the most important directions in the development of the infocommunication system. Several complex tasks related to supporting the mobility of the terminal have to be solved at the access level. Moreover, if the infocommunication system, before the formation of mass demand for mobile communication services, met a number of requirements (in particular, 100 percent digitalization and a full-scale implementation of a common channel signaling system), almost all tasks of the Operator would be limited to upgrading the access network and switching stations.

Mobile networks were originally created to service voice traffic. Their further evolution is related to the functionality of "triple-play services". From this point of view, fixed and mobile networks can be viewed as convergent. Moreover, some mobility functions are available in modern fixed-line networks.

2. Development of interdisciplinary methods of studying the telecommunication system

To modernize access networks, many new technologies have been developed, but for obvious economic reasons. Operators of PSTN are not in a hurry to replace two-wire physical circuits. New access technologies can be classified in various ways. One of these methods is the division of technologies into two groups. The first group includes technologies that use (in whole or in part) two-wire physical circuits. Technologies of the second group do not envisage such an opportunity. The proposed classification of new access technologies is shown in Fig. 2.3. The technologies forming the first group are interesting, at least from two points of view. First, they provide support for a number of new infocommunication services. Secondly, these technologies can reduce the cost of upgrading the access network, even if there is no effective demand for new services.

The practical use of technologies that are part of the xDSL family is actively discussed in Russian and foreign technical literature, as well as on Internet sites. At present, asymmetric digital paths created by ADSL equipment are more popular, which is explained by the main area of application of the considered technology family: access to the Internet. It is expected that in the future symmetrical paths created, in particular, by SHDSL equipment, will be more actively used. A typical example of their application is the unification of the offices of one company in a single network.
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Fig. 2.3. Classification of technologies

FTTx technology means bringing the cable with an optical fiber to some point "x", after which the information is transmitted using a different signal propagation environment. For the first group of technologies, those FTTx solutions are interesting, for which a physical two-wire circuit is used after point "x". This way of building an access network can be cost-effective if a remote concentrator of the digital switching station is installed at the point "x". If some users need broadband access, then this possibility can be provided by a combination of FTTx and xDSL technologies.

In some cases (most often in rural areas), the technologies of wireless subscriber lines (WLL) are used in combination with physical circuits. There are several varieties of WLL technologies that differ in the way of channel separation (frequency, time and code), as well as other characteristics.

Technologies that are part of the second group, in turn, are divided into two types: wired (wireline) and wireless (wireless). For the first type of technology, the eighth figure shows four examples:

- a subset of FTTx, which is intended to bring the optical fiber to a network located in the user's premises;

- a combined fiber-coaxial environment, known by the abbreviation HFC (a method that has been developed and tested by Cable TV Operators);

- Passive optical network PON, providing broadband services for several groups of potential customers;

- a PLC technology that uses power lines as a signal transmission medium through an access network.

Technologies of the second kind are also represented by four examples. The last three examples form a common subset of BWA technologies, which is geared towards supporting broadband services.

Equipment using the "Point to Point" communication configuration is used to organize a path between two transceivers. The first generation of "Point to Point" equipment was intended for switching the telephone into the subscriber set of the switching station. Among the experts such equipment has received the name "radio extender".

The "Point to Multipoint" configuration enables the connection of terminals or remote modules located in the service area of the corresponding base station. The first "Point to Multipoint" systems were designed exclusively for telephone communication. Broadband services were not supported by them. Currently, most systems that use the "Point to Multipoint" configuration support broadband services. A typical example of such a solution is equipment that meets the IEEE802.16 family of standards. It is better known by the abbreviation WiMAX.

The following example of wireless broadband access technologies is a laser communication system, better known by the abbreviation FSO. Successfully reflects the meaning of this technology the title of one article: "Fiber Optics Without Fiber" - optical fiber without fiber. To transmit signals, a laser is used, the beam of which propagates in the open space.

Ends the list of examples of wireless access technology LMDS (LMCS). This technology was originally intended for the filing of television programs. Of the supported services should be allocated "Video on order", which in recent years is becoming more popular. The functionality of LMDS technology allows to provide all types of communication, among which an important role is assigned to high-speed Internet access.

The emergence of new technologies does not mean that the connection of telephones over two-wire physical circuits will not be applied by PSTN operators. For those subscribers who need only telephone services, such an option for organizing an access network is entirely acceptable if it is economically justified.

The term "technology" was used in this section for information exchange functions. No less interesting are the technological aspects, directly or indirectly related to the transmission and switching systems. The implementation of the NGN concept implies the replacement of switching technologies. This circumstance, in turn, significantly affects the choice of transmission technology.

Most experts prefer Ethernet technology. In some cases, Ethernet equipment will use the digital paths of the synchronous hierarchy (SDH) transmission systems. The resulting bundle of technologies is called EoSDH (Ethernet over SDH). The new generation of SDH equipment provides an Ethernet port. Interest in using the SDH network is explained by long-established solutions related to the management of transport resources and the restoration of communications in the event of failures. The choice of Ethernet technology is due to a number of reasons, among which the decisive importance is given to the expected transition to packet switching.

Aspects of access technologies competition

Analysis of the areas of effective use of wired and wireless access technologies seems relevant, at least to take into account the impact of geographic factors. This can be illustrated by using the two curves shown in Fig. 2.4. These curves allow estimating the area of effective application of various access systems depending on the surface density of subscriber location (
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). The results were obtained by specialists from the University of Kentucky in the process of carrying out research on the program for the development of rural communications.
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Fig. 2.4. - Influence of the surface density of distribution of potential subscribers on the cost of the access network

The average population density in Russia is, on average, 8.6 people per square kilometer. Moreover, in no Federal District this value does not exceed a value of 
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, over which wireline facilities become more efficient in terms of unit costs for subscriber connection.

The course of both curves in the region of very low values of the surface density of the location of potential subscribers indicates that for remote sites in rural areas the cost of the access network reaches enormous values. The ITU Rural Communications report explored various aspects of the organization of communications in remote locations. Effective solutions have been named wireless IP technologies. A noticeable role is assigned to satellite communication systems.

Aspects of the structure of the access network

The access networks created by PSTN operators in cities are based on standard solutions that provide for the allocation of a direct feed zone and several cabinet areas. The structures of access networks in cities are very similar. For rural areas, a greater number of typical solutions for building access networks due to geographical and demographic differences are typical.

Integration has always been a feature of access networks. It generated a change in a number of basic principles that determined the construction of access networks. The transition to NGN has become a catalyst for this process. This statement illustrates Figure 2.5, which shows the model of a prospective access network. The main element of the model is a multi-service subscriber concentrator (MAK), which supports the connection of all types of terminal equipment. It also provides access to the core network. The abbreviation FTTR (R-remote) is used to refer to those methods of applying FTTx technology when an optical fiber cable is routed from a core network backbone to a remote unit. In this case, the functions of such a module are performed by the IAC.

The upper part of the model shows the inclusion of a conventional telephone set (TA) over a two-wire physical circuit. Such a solution would be quite acceptable for those users who need only a telephone connection.

Option (b) illustrates one of the typical situations. The new company creates a network in the user's premises on the basis of a local area network (LAN), and there are no line-cable facilities for connection to the MAK. Then you can use the services of another Operator. The chosen model shows the possibility of using a wireless broadband access network for which the WiMAX standard is selected.

Some companies began to use integrated access devices (IAD), providing connection of various types of terminal equipment. For option (c) shows the inclusion of one telephone and a local network, which provides communication for personal computers (PCs). IAD communication with the concentrator is carried out at the expense of xDSL equipment, which operates on a physical circuit. A number of standards allow improving the quality characteristics of the transmitted information by using several physical circuits.
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Fig. 2.5. Model of the perspective access network

Option (d) is based on the use of an office automatic telephone exchange, which is based on IP technology (IP-PBX). Telephone sets can be connected to this station in two ways:

1) by an ordinary two-wire physical circuit;

2) through adapters (A), which allow information to be transmitted via the wiring lines (PLC technology).

The local network shows the device for exchanging television signals (TV). A cable with an optical fiber is provided to the concentrator. The letter "O" (Office) at the last position in the abbreviation FTTO indicates the fact that the optical fiber cable is laid to the office, that is, to the boundary with the network in the user's premises.

At the bottom of the model, a solution is shown, which can be considered a combination of variants (b) and (c). All users are provided with two independent ways of exchanging information with the core network:

1) on the digital path formed by the xDSL equipment, and then through the MAC;

2) on the digital path created by the system of wireless broadband access, and further through the base station WiMAX.

Such a solution was proposed to provide high reliability of communication to those users who are ready to conclude a Service Level Agreement (SLA) with the Operator. These agreements provide for an increase in tariffs, but they guarantee users better quality of service, which the operator assesses in violation of agreed monetary compensation in advance.

The symbiosis of wireline and wireless technologies, which for short can be called "W + W", allows to increase the reliability of communication. This decision emphasizes the effectiveness of complementing the two types of access. Usually, wired and wireless technologies are considered as competing solutions.

The access network model, shown in Figure 2.5, allows you to consider the various options for connecting terminal equipment to the MAC. To illustrate the various structures that allow the implementation of access networks, it is better to use other models. They usually consist of two planes. In the lower plane, the principles of organizing transport resources are usually depicted. The upper plane contains a communication scheme between the access network center, whose functions in the PSTN is performed by the PBX, and remote concentrators.

The seventh figure shows a two-plane model of the access network, in which transport resources are formed by organizing four rings, numbered with Roman numerals. Each ring combines several channel allocation multiplexers (MVCs). The seventeenth MVK does not enter into any of the rings; such a situation can be due to a number of reasons for the economic and organizational order. Each MVK is located on the same site with a remote concentrator (K). Their numbers in both planes coincide. The network node (CS) is in the same building as the PBX.
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Fig. 2.6. A four-ring access network model for creating transport resources

Due to semipermanent connections in the switching matrices of the MVK, various structures can be formed for communication between the automatic telephone exchange and the concentrators. Typically, the topology "star" is implemented, which is shown in the upper plane of the eighth figure. Between each concentrator (except the seventeenth) and ATS, there are two ways of exchanging information, which are independent from the point of view of reliability theory. In Fig. 2.7 these paths are indicated by the letters "a" and "b".
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Fig. 2.7. - Communication of automatic telephone exchange with the concentrator

For the first hub, located on the same site as MVK1, the path "a" does not contain transit sections in the transport network (semi-permanent connections in switching matrices of other MVKs). The path "b" passes through two transit MVCs. For the second hub, both paths to the exchange have transit MVCs, one and two, respectively. The lowest reliability of communication with the automatic telephone exchange is peculiar to the concentrator under the seventeenth number (the corresponding direction is indicated by a dash-dot line in both planes).

Figure 2.8 shows another two-plane model of the access network, in which transport resources are formed by organizing two rings - internal and external. It is assumed that the seventeenth MVK, as in the previous model, does not belong to any of the rings. It is assumed that the seventeenth MVK, as in the previous model, does not belong to any of the rings. The relationship of the SS to each of the rings is shown in dashed lines. Such connections can be two (as shown in the lower plane of the proposed model) or more, which is determined by the required reliability of the connection between the concentrators and the backbone exchange.

The graph with two vertices and two edges, shown in the eighth drawing, can be considered a universal model for assessing the reliability of the connection between the concentrator and the automatic telephone exchange. Selection of independent paths "a" and "b" for the access network model with inner and outer rings is similar. The difference lies in the number of transit MVKs. In a model with internal and external rings, the number of transit MVCs can be very significant, which in some cases requires additional connections to ensure a given access network reliability.
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Fig. 2.8. - Access network model with internal and external rings for creating transport resources

Both models of the access network, which are presented in Figures 2.6 and 2.8, are invariant to transmission and switching technologies. True, the optimal structure of the access network for various transmission and switching technologies may contain a different number of remote concentrators.

Control questions

1. Requirements for the communication system.

2. Basic concepts from the theory of large and complex systems.

3. Nyquist's criterion for assessing stability, the physical essence of the conditions of the criterion.

4. The causes of distortions from feedback, their manifestation. The causes of the appearance of the electric echo and its manifestation.

Лекция № 3

The development of telecommunications as a technology change

План лекции
1. The driving forces that shape evolutionary processes in telecommunications

2. Basic technological trends (directions) in telecommunications

1. The driving forces that shape evolutionary processes in telecommunications

If we are talking about the three basic components of any telecommunications process, then we mean: networks, services and terminal equipment. But the driving forces that determine the evolution of these components are achievements in the following key areas:

- microelectronics;

- Photon technologies;

- software.

Moore's Law

Today, it is generally accepted that the change in the performance and cost of systems and devices on integrated circuits over the past few decades is consistent with Moore's well-known law.

Gordon Moor - one of the founders of Intel in 1964 formed the following technological principle:

The performance of integrated circuits (measured in the number of operations per second) will be doubled every 18 months, and their cost will be reduced by 50%, and this pattern will persist for several decades.

The growth in processor performance, in accordance with Moore's law, can be illustrated in the following way.
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Fig. 3.1. Increased processor performance

Essentially in the field of microelectronics, two processes are considered to be key:

- increase the productivity of computers and increase the amount of available memory (on the one hand);

- and a reduction in the price of devices.

The widespread use of computers is becoming one of the main factors affecting the characteristics of communication systems, including documentary ones. In this connection we are talking about the increase in the performance of transmission and switching systems and the possibility of providing more services while reducing their cost.

Among other important consequences of Moore's law we note:

- reduction of power consumption;

- increase in miniaturization of semiconductor devices.

However, the progress in network technologies in the future is connected not only with the development of microcircuitry, but also with advances in fiber-optic technologies and progress in the development of software.

Fiber Optic Technology

The introduction of fiber-optic systems in communications networks began in the 1970s. The main trends in the development of fiber-optic transmission systems over the past 30 years can be summarized as follows:

- transition from multimode to singlemode fiber;

- change in wavelength of the used spectral window with l = 1.33 / 1.55 μm;

- Decrease in attenuation in the fiber from several tens of dB / km to values of the order of 0.2 dB / km;

- an increase in transmission rates, accompanied by about 0.2 dB / km.

The relatively rapid advancement of fiber-optic communication systems in the telecommunications market was associated with a significant increase in capacity compared to systems on traditional metal cables. However, the development in recent years of new applications and services associated with the generation, transportation and processing of huge volumes of traffic, led to a situation where the problem of bandwidth shortage again rose with great severity. The most impressive results in the growth of throughput were achieved in the backbone networks, where the use of fiber-optic cables and SDH (synchronous digital hierarchy - SDH) transmission systems allowed already in the early 90s to obtain information transfer rates of about 10 Gbit / s.

However, the transition to higher transmission speeds based on CDH technology is limited to certain physical phenomena in the fiber.

Further growth in the capacity of transport networks became possible with the use of DWDM technology (dense wavelength division multiplexing) based on the principle of wave multiplexing or wavelength division of channels, which makes it possible to obtain a transmission rate of several hundred Gbit / s and even several thousand Tbit / s (1000 times more than Giga).

Software

The development of hardware and software tools and services based on the application of open standards, provides wide opportunities for interaction of networks and systems and a high level of competition, which leads to the appearance of less expensive and higher-quality products and communication services.

2. Basic technological trends (directions) in telecommunications

The number of major (global) trends that can now be considered as key factors determining the forms and content of telecommunications in the future include:

- all-pervasive digitalization;

- growth of mobile communication networks;

- the growth of the Internet and the associated transition from circuit-switched networks to packet-switched networks that are not connection-oriented;

- convergence of networks, processes and services.

Digitalization

What do we mean by digitalization?

Digitalization of information, means of its processing and delivery.

The transition from the analog form of the provision of information of all types to the digital format that began in the 1960s makes the processes of processing, storing and transporting information easily realized. Information networks can be considered as general purpose networks, providing transportation of any type of traffic (speech, video, data, text).

Mobile connection

Mobile communication is one of the most powerful driving forces in the telecommunications industry. Mobile communication is more than a mobile phone.

The widespread use of mobile systems and mobile services, primarily for data transmission, leads to the development of new forms of activity, such as telecomputing or working with remote applications using communication tools in the office, at home, while traveling, etc.

Development of Internet networks

The growth in the scale of Internet networks is an example of the most rapid application of technology to mass consumers in comparison with other information technologies.

For example, the number of radio users reached 50 million consumers 38 years after its opening.

Television - 50 million consumers - in 13 years.

Personal computers - 50 million consumers - in 13 years.

Internet - 50 million consumers in 4 years

The increase in the scale of the Internet raises a significant increase in the requirements for the throughput of transport networks and access networks.

The development of Internet networks leads to the fact that communication networks are shifting from transport technologies based on QC to technologies based on KP. This process is influenced not only by the development of the Internet, but also by the growing use of high-speed local area networks and geographically distributed data processing networks that also use the KP technology.

The KP proposed in the late 1960s for data transfer in the form of blocks of variable length now begins to be applied to other types of traffic.

The most striking example is Internet telephony, the first systems for which were demonstrated in 1995.

Technological shifts in the evolution of telecommunications:

- from telephones, TV-receivers and personal computers - to multimedia terminals;

- from specialized networks to open and interoperable networks;

- from specialized services to universal applications;

- from voice traffic - to traffic data and multimedia traffic.

Shifts in the structure of services and applications will affect the development of network technologies. The speech will mainly be transported through narrowband networks, such as the traditional OTN network and narrowband ISDN (Integrated Services Digital Network). However, for a certain portion of the voice traffic, IP and ATM technologies will be used. Facsimile messages will mainly be transmitted in networks with CP, including IP networks. Partially the facsimile service will be superseded by e-mail. It will be fast, as today, to develop data transmission in mobile networks (WAP - wireless applications protocol, GPRS - common packet radio service). Broadcasting services (TV, radio) will be based on broadband networks. Digital broadcasting is already being deployed, but in the next 5 years analogue audio and video systems will still be preserved.

In the new century, telecommunications will be completely digital, mobile and personal.
Control questions

1. Requirements for the communication system.

2. Basic concepts from the theory of large and complex systems.

3. Nyquist's criterion for assessing stability, the physical essence of the conditions of the criterion.

4. The causes of distortions from feedback, their manifestation. The causes of the appearance of the electric echo and its manifestation.

Лекция № 4

Principles of multichannel transmission
План лекции
1. Formation of channel and group signals

2. Organization of linear paths
1. Formation of channel and group signals

The main requirement applicable to frequency separation systems is the minimum spectrum width. For economical use of the frequency resource, modulation with one sideband is used, see Fig. 4.1.
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Fig. 4.1. Single sideband signal generation

The steepness of the slopes of the bandpass filter is 2Fmin.
The amount of suppression of the side components of the spectrum is σ = 65 ÷ 70 dB.

The efficiency of filtering is characterized by a strip of relative filtering band [image: image31.png]


, which requires filter parameters:

- LC filters: [image: image32.png]


 = 0.025 ÷ 0.03;

- Quartz filters: [image: image33.png]


 ≤ 0.005.

Consider a quartz filter.

At given values for a quartz filter, if

[image: image34.png]


 = 0.005, [image: image35.png]


 = 0.6 kHz, Δf = 4 kHz, then [image: image36.png]


 = 120 kHz.

In the 0 ( 120 kHz band, 30 channels could be organized, but taking into account the condition of the "octave" [image: image38.png]fmax

fmin



 = 2, the number of channels is equal to 12, and the frequency range is 60 to 108 kHz. This aggregate of PM channels constitutes the primary group.

Methods of forming the primary group:

1. Method of forming the primary group - using quartz filters (with a single frequency conversion).
Let's briefly consider the principle of the batching device (Figure 4.2). The input signal and the carrier frequency are fed to the input of the local oscillator. Then the signal, with the spectrum shifted to the carrier frequency, is fed from the local oscillator output to the bandpass filter. A 12-channel primary, standard group is formed. It requires 12 different quartz bandpass filters, which is not economically feasible.
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Fig. 4.2. - Scheme of formation of the primary group on quartz filters.

Legend:
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The spectrum of the signal at the output is shown in Fig. 4.3.
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Fig. 4.3. Output signal spectrum

2. Method of formation of primary group - using LC filters (with double frequency conversion).

Here, four subgroups of three channels are formed, and a second frequency conversion is applied. The forming device shown in Fig. 4.4, has a working principle similar to that described above.
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Fig. 4.4. Scheme of forming the primary group with LC filters
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 - the first frequency conversion;
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 - second frequency conversion.

The conditions for applying LC filters at stage 2 are even better. This is the main advantage of this scheme. The disadvantage is the presence of additional nonlinear distortions. In Fig. 4.5 shows the spectrum of the signal at the output.
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Fig. 4.5. Output signal spectrum

3. The method of forming the primary group - with the conversion of the frequency up.

Let us briefly consider the principle of the work of the grouping device (Figure 4.6). The input signals and the carrier frequency, the same for all, are fed to the inputs of the mixers. Then the signals, with the spectra shifted to the carrier frequency, are fed to the same bandpass filters. A 12-channel primary standard group is formed. In the second frequency conversion, the signals are shifted down in frequency to the desired frequency range by means of different heterodynes.
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Fig. 4.6. Primary group formation scheme

Formation of the secondary group:

Let us briefly consider the principle of the work of the grouping device (Figure 4.7, where DD is the decoupling device). The input of the local oscillator is fed with the original group signal and the carrier frequency. Then the signal, with the spectrum shifted to the carrier frequency, is fed from the local oscillator output to the band-pass LC filter. A 5-channel secondary standard group is formed.
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Fig. 4.7.Formation of secondary group

Formation of the tertiary group:

A tertiary group is formed by converting 5 secondary groups. LC filters and heterodynes are used (1364, 1512, 1860, 2108, 2356 kHz).

Formation of the quaternary group:

The quadruple group (8516 - 12388 kHz) is created from 3 tertiary groups using LC filters and heterodynes (10560, 11880, 13200 kHz).

2. Organization of linear paths

Selecting the number of channels

The choice of the number of channels is determined by the nature of the service, as well as the upper [image: image48.png]


 and lower [image: image49.png]


 frequencies of the bandwidth. In the organization of linear paths, cables are used: symmetrical and coaxial, electrical and fiber-optic.

- in symmetrical cables, the frequency [image: image50.png]


 is limited by the mutual influence of pairs in a multi-pair cable, and this effect increases with frequency due to interference, [image: image51.png]


 ≤ 500 kHz.

The frequency [image: image52.png]


 is determined by the drop in the frequency response of the cable at the lower frequencies. [image: image53.png]


 ≥ 6 kHz;

- in coaxial cables [image: image54.png]


 is limited by insufficient shielding of the outer braid, and as a result of this additional attenuation and the influence of external interference, [image: image55.png]


 ≥ 60 kHz.

The frequency [image: image56.png]


 is determined by the attenuation in the cable due to ohmic losses and losses in the dielectric. [image: image57.png]


 ≤ 60 MHz.
Methods of organization of bilateral paths

There are three main methods for organizing two-way paths:

1). A four-wire single-band communication system (Figure 4.8). For transmission in each direction use an independent two-wire circuit with the necessary number of one-way intermediate amplifiers. In this case, the signals of opposing directions can occupy the same frequency range in each of the circuits, and therefore a smaller frequency band is required. We can say that in each case the signals of opposite directions are transmitted (localized) in different areas of space, that is, the spatial separation of the transmission directions is used here. This two-way communication system is called a four-wire single-band system and is used primarily in cable lines and is the most common.
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Fig. 4.8. Four-wire single-band communication system

The input and output channels must be symmetrical; nominal value of input and output resistances 600 Ohm; the rated (nominal) value of the absolute measuring level at the channel input  [image: image59.png]


 =-13 dBm, and at the output [image: image60.png]


= +4 dBm.

In this system, the method of frequency division of channels is used. As carriers, harmonic carrier waves with different frequencies are selected: [image: image61.png]fi1



, [image: image62.png]fiz



, ..., [image: image63.png]fun



. As a result, each primary signal after conversion to a channel signal, that is, after modulation and filtering in a bandpass filter (BF), will be located in its frequency band. Then the signals are mixed into one group signal (with the total spectrum [image: image64.png]fi = f



), which is amplified in the amplifier (A) and transmitted to the transmission line (cable). At reception, the group signal is amplified. Further, a channel signal is extracted from the group signal using the BF tuned to the corresponding frequency bands. The primary signals are reconstructed by demodulators from the channel ones. Similar processes occur on the reverse channel.

2). Two-wire single-band communication system.
The transmission of counter signals on different physical circuits is not always possible and economically justified. Thus, when using radio links such spatial separation of transmission directions is associated with serious technical difficulties and requires large capital investments. Therefore, in many cases, a two-wire circuit is used in a two-way communication system.

An example of such a circuit is a two-wire single-band communication system (Figure 4.9). Signals in both directions are transmitted in the same frequency range. The problem of two-way amplification is solved with the help of so-called duplex amplifiers (DA) with decoupling devices (DD), such as a balanced bridge. Usually, DDs are used with differential transformers. Since it is practically impossible to achieve exact matching of the input resistances of the circuit portion and the balanced loop, in duplex amplifiers, it is not possible to obtain a good isolation of the reinforcing elements of the counter-transmission directions. Therefore, we have to limit their amplification. Balancing DD to perform the harder, the broader the frequency band of transmitted signals. When multiple duplex amplifiers are included in the path, a large number of paths are created for the feedback currents, as a result of which self-excitation may occur. Therefore, the number of duplex amplifiers included in the path does not exceed six. These shortcomings of the two-wire single-band system limit the field of its application; in analog transmission systems, it is usually used for communication at short distances, and is used in single-channel systems.
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Fig. 4.9. Two-wire single-band communication system

3) Two-wire two-way communication system.

In many cases, a two-wire circuit is used in a two-way communication system, and signal transmission in opposite directions is performed in non-overlapping frequency bands. In this system, the method of frequency division of channels is used. The transmission of the group signal to one side occurs in the low-frequency region, and in the other in the high-frequency region. The decoupling of these signals during reception and transmission, as well as amplifiers of opposite directions of transmission is provided by filters of low and high frequency, respectively (FLF and FHF) (Fig. 4.10).

Such a communication system is called a two-wire two-way communication system. It is used on air, sometimes on cable (for example, on underwater ones), as well as on radio relay communication lines.
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Figure 4.10. Two-wire two-way communication system

Control questions

1. What is multi-channel electrical communication - multi-channel telecommunications systems? Give your justification for the feasibility of using multi-channel transmission systems (MTSs).

2. Draw a block diagram of the MTSs and, with the help of the relevant operators, explain the principles of the formation of channel signals, the multichannel group signal and the separation of channel signals.

3. Bring the classification of MTSs by methods for dividing channels or signals.

4. Indicate the reasons for the occurrence of cross-channel transitions in MTSs. The condition of linear independence of signals and the condition of their orthogonality.

5. What is amplitude modulation, its implementation, spectral composition, advantages, disadvantages and scope?

6. What is frequency modulation, its implementation, spectral composition, advantages, disadvantages and scope?

7. What is phase modulation, its implementation, spectral composition, advantages, disadvantages and scope?

8. Why did amplitude modulation find wide application for the construction of a frequency-division multiplexed transmission system?

Лекция № 5

Documentary telecommunication systems

План лекции
1. The Basics of Telegraphy

2. Telegraph signals and their characteristics

3. Telegraph communication networks

4. Prospects of telegraph communication
1. The Basics of Telegraphy

The processes of transmission and reception of signals used in telegraph communication can be classified in various ways. Nevertheless, the general idea of messaging, which was used in the very first telegraph communication systems, is universal. It is shown in Fig. 5.1, which contains a minimum set of telegraph communication elements.
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Fig. 5.1. Exchange of messages with writing to the writing device

The operation of the circuit is very simple. When the signal is received from the line, the relay circuit closes. The contact of this relay, in turn, forms a circuit for triggering the writing device. As a result, the received (but not always - transmitted) symbol will be played on the media used. Symbols will differ based on the reporting rules used.

Of course, telegraph communication terminals contain a significantly larger number of elements. They are necessary for the realization of all the functions peculiar to telegraph communication. In Fig. 5.2 shows the terminal developed by Siemens.

The keyboard serves to form messages. The right side of the photo shows a dialer, through which the necessary connection is established. A roll of paper is visible in the upper left part of the illustration. It serves to output the information received (telegrams).
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Fig.5.2. Equipment "Telex T100" by the German company Siemens

In the transmission of rectangular pulses along the communication line, distortions in the shape of the received signal are unavoidable. This process is illustrated by three graphs (Figure 5.3), which shows the signal S(t) at different points in the network.
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Fig. 5.3. The signal S(t) at different points of the telegraph network

The upper graph shows three rectangular pulses, by means of which the sequence "1 - 0 - 1" is transmitted. The presence of inductance and capacitance in the communication line leads to the fact that the signal shape at the input of the receiving part of the telegraph communication equipment is distorted. Its appearance is shown on the second chart. Dotted lines depict the thresholds that are used to decide which impulse (1 or 0) was transmitted. The result of the decision is shown in the lower graph. Obviously, the "length" of the impulses and their arrangement varies. It should be noted that the displacement of all pulses is not shown because of the finite value of the signal propagation time. This value is constant, that is, it does not affect the mutual arrangement of the pulses.

In addition to the line parameters, interference is influenced by the information exchange process. An example of this effect is shown on the following two graphs (Figure 5.4).

[image: image70.png]Sy

Buixod nepedamqura

1

1 Hosexa
0

v

Bxoo npuesinixa

* Bpeus

Bpewst




Fig. 5.4. The effect of interference on the transmission of telegraphic messages

Let's assume that when transmitting the first unit, such a significant interference occurred in the line that at the entrance of the receiving part of the telegraph communication equipment a sequence of "1 - 0 - 1" was fixed instead of one unit. When using electromechanical processing units of received signals with such distortions, it is very difficult to fight. The use of electronic signal processing in some cases allows achieving a high degree of noise immunity.

Noise immunity of a technical device (system) - the ability of a device (system) to perform its functions in the presence of interference. Noise immunity is assessed by the intensity of the interference, in which the violation of the device functions does not exceed the permissible limits. Immunity is one of the most important areas in scientific research conducted by specialists in telecommunication systems.

It should be noted that interference can be caused by various causes. One of the exotic causes is the influence of the Northern Lights. For the first time, similar facts were recorded back in 1870.

One way to increase the efficiency of telegraphy systems is tonal wiring. In most general terms, this idea is shown on the following two graphs (Figure 5.5).
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Fig. 5.5. Telegraphy

The upper graph illustrates the sequence to be transmitted by means of tonal telegraphy. The sign "+" is similar to the symbol "1", and "-" to the symbol "0". To transmit the "+" sign, the frequency f is used. The frequency f2 is allocated for the transmission of the sign "-". The use of frequencies instead of rectangular pulses allows us to solve a number of urgent problems. One of them is the compaction of telecommunication channels.

2. Telegraph signals and their characteristics

Messages for transmission through the telecommunication network must be converted into signals. The sequence of message conversion and signal transmission is shown in Fig. 5.6.
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Fig. 5.6. Transmission of messages via the telecommunication network

The output of the message source is the message a(t). Depending on the nature of the messages, the function a(t) can be analog or discrete. The converter transforms the message a (t) into an electrical signal s(t). The signal, regardless of the form of the message, can be either analog or discrete. The type of signal is determined by the properties of the converter.

During transmission through the telecommunication network, the signal is affected by noise and interference, and its distortion also occurs due to other reasons. Their influence is called "Total effects on the signal" - z(t). As a result, the signal s(t) is input to the input of the converter that forms the message. The functions s(t) and S(T) do not coincide. This means that the messages A(T) and A(T) will also be different. The degree of correspondence between the functions A(T) and A(T) is called the fidelity of information transfer.

Devices converting messages transmitted in telegraph communication networks to an electrical signal represent each sign (mainly letters and numbers) with a unique combination of pulses and pauses of the same duration. The pulse corresponds to the presence of the voltage at the converter output, and the pause to its absence. A table that associates combinations of pulses and pauses with letters, numbers and service symbols determines the telegraph code. The international telegraph code MTK-2 allows you to represent the letter "A" in the form: 11000. In this case, the symbol "1" indicates the transfer of the pulse, and "0" indicates a pause. Later, a seven-element telegraph code, MTK-5, was developed. He allowed to expand the functionality of telegraph communication.

The signal conversion device in the message allows you to get a collection of letters and numbers that is played on the printer or on the monitor screen.

The transmission rate in telegraphy is usually measured in Bod. This title is a recognition of the merits of the French inventor Jean Bodot, who made a significant contribution to the development of telecommunications. The standard speed for a telegraph device is 50 baud. This means that the pulse length is 20 ms.

The first systems of telegraph communication transmitted in the line impulses of direct current, which - ideally - had a rectangular shape. The spectrum of such signals consists of an infinite number of harmonics. This means that to avoid distortion of transmitted signals, an infinitely wide frequency band is required. From a practical point of view, in order to correctly receive a signal, it is necessary to determine: the sign of the transmitted signal in its bipolar representation or the presence (absence) of the signal in unipolar translation. Then the requirements for the necessary frequency band vary greatly. In particular, for a baud rate of 50 baud, a transmission bandwidth of 50 Hz is sufficient. In either case, the original signal received two states - "1" or "0".

Subsequently, for telegraph communication systems, tone frequency channels (TF) with a bandwidth of 300-3400 Hz began to be used. As digital transmission systems (DTSs) were introduced, the resources of the main digital channel (MDC), whose speed is 64000 bps, were used to organize telegraph communication. When using the TF channel, the pulses were modulated. Most often, frequency modulation was used. For example, the pulse "1" is represented by the frequency f1, and the pulse "0" is the frequency f2. For the variant of the use of bcc, various ways of "stacking" the pulses "0" and "1" into the channel intervals of the MDC have been developed.

In telegraph communication systems, uniform binary codes are used as primary signals, for example. The International Telegraph Code № 2, recommended by CCITT, is a five-element code. In our country, 7-bit and 8-bit codes are used, which are a modification of standard international codes.

The transmission of binary codes through the channels of telegraph communication can be carried out in sequential or parallel ways.

In the sequential method, each code combination is transmitted bit by bit over a communication channel (CC).

In the parallel method, all bits of the code combination are simultaneously transmitted over the communication channel.

Both of these methods do not impose any restrictions on the timing of the transmission of the elements of the code combination and their duration, so these transmission methods are called asynchronous.

In practice, most often in terminal devices of telegraph messaging systems, the formation of code combinations in the message source and their reproduction in the receiver is carried out in parallel code, and their transmission through the communication channels is carried out sequentially, as shown in Fig. 5.7.
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Fig. 5.7. Telegraph messages transmission system

For this purpose, there is a distributor (D) in the message source (MS) and the receiver (R), by means of which the elements of the code combination a1, ..., a5 are alternately connected to the communication channel (CC), and at the reception - CC to the elements of the recording device b1, ..., bs. Obviously, for the correct reception of codewords with this method of transmission, it is necessary to ensure the same speed of operation of the MS and R distributors, synchronism and in-phase (in the same phase). Therefore, this method is called synchronous.

Code combinations corresponding to different symbols of telegraphic messages are transmitted along the communication channel continuously one after another, i.e. the receiver receives a continuous sequence of single elements of code combinations. For correct reception and identification, it is necessary to determine the beginning and end of each unit element, as well as the beginning and end of the code combinations. The first task is realized by synchronization by elements, and the second by phase phasing.

Before proceeding to the description of the synchronization and phasing methods, let us consider the question of what the violations of synchronism and in-phase lead to.

Violations in the apparatus for transmitting telegraphic messages lead to a distortion of binary signals, which are of two types: edge distortion and fragmentation.

By marginal distortions we mean the displacement of the significant moments (edges) of the received elements relative to their ideal position. The ideal moment is the significant moment (SM), which lags behind the reference SM by an integer number of unit intervals τ0. In Fig. 5.8, a and b shows the transmitted (a) and received (b) sequences with ideal SM, with the received sequence being received with the delay of the communication channel tp.
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Fig. 5.8. Transmitted (a) and accepted (b) sequences with ideal SM, (c) a sequence with edge distortions

In Fig. 5.8, c shows the sequence adopted with edge distortion.

By fragmentation is meant a change in the SM of the received signal both within the unit interval and beyond it, as shown in Fig. 5.9.
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Fig. 5.9. Split the received signal

With edge distortions, one can fight by the method of gating signals with short sync pulses by the following, at intervals τ0. The gating moment is usually selected in the middle of the signal element as shown in Fig. 5.10.
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Fig. 5.10. The method of gating signals with short sync pulses

The permissible limits of the shift of the SM signal during gating are approximately 0.5 τ0.

The maximum allowable amount of edge distortion, at which correct reception of single signals is ensured, is called the receiver's correcting capability.

Synchronization is the process of establishing and maintaining the required phase relations between SM transmitted and received single elements.

By phasing on a cycle is meant the process of automatically establishing a phase relationship between the distributors of the receiver and the transmitter, in which the reception and transmission cycles of the code combinations coincide.

Most simply, these procedures are implemented in start-stop systems of telegraph communication.

In such systems, to designate the moments of the beginning and end of the code combination, special phasing elements are introduced: starting and stop elements as shown in Fig. 5.11.
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Fig. 5.11. Phasing elements: starting and stop

The principle of operation of such systems is that in the initial state, in the absence of message transmission, the distributors of the receiver and the transmitter do not work (stand on the "stop"). With the arrival of the starting element (usually "0"), the distributors are started, ensuring the receipt of the code combination, and stop with the arrival of the stop element (usually "1"). In such systems, you can not use synchronization by elements at all, because the accumulation of the phase of the synchronization pulse accumulated during the cycle is usually very slight and completely eliminated when stopping (stop) the valves.

3. Telegraph communication networks

Telegraph communication networks can be classified in various ways. From the point of view of the Communications Operator, this classification is most often used:

• Telegraph network of general use (TNGU);

• Subscriber telegraphy.

TNGU is intended for the transmission of telegrams received from individuals and legal entities in the offices of communication or by telephone. In the latter case, it is one of the additional telegraph services. In this case, the word "transfer" should be treated more widely than the process of translating the message. It is understood that telegrams must be delivered to the addressee. It should be emphasized that the telegram has the status of a document (in contrast, for example, from a telephone conversation). Wiring, for this reason, is usually considered as one of the types of documentary telecommunications.

Subscriber telegraphy (ST) is based on the installation of a telegraph terminal from a legal entity. The speed of delivery (efficiency) is one of the important properties of subscriber telegraphy. In addition, there is the possibility of dialogue - telegraph negotiations. The international network of subscriber telegraphy was called TELEX.

The structure of the TNGU, implemented in Kazakhstan (more precisely - in the former USSR) is shown in Fig. 5.12. It is a complex graph in which different connection configurations between adjacent vertices are used at different levels of the hierarchy.
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Fig. 5.12. Structure of the public telegraph network

The main nodes (MN) are located in large administrative centers, for which a large transit telegraph exchange is characteristic. All MN are related to each other according to the "everyone with each" principle. One MN serves the numbering zone. The remaining nodes of the TNGU are shown only for the first zone. Its number is reflected as the first sign of each node.

The regional node (RN) is established in each constituent entity of the Republic. It necessarily connects with the nearest MN. In addition, with large traffic, other connections can be organized. In Fig. 5.12. The dotted line shows the possible link between RN 11 and RN 12.

The lower level of the TNGU hierarchy form the regional nodes (RN). They usually connect to only one op amp. End points (EPs) can be included in all types of nodes, as shown in Fig. 5.12. This means that all kinds of nodes of the TNGU perform the functions of terminal-transit communication. Usually switching equipment TNGU and ST is combined in a single hardware-software complex. Moreover, at the initial stage of the development of data transmission (DT), these complexes supported the possibility of exchanging all kinds of discrete information (but with low speeds).

For ST systems, the terminal equipment for telegraph communication was supplied with devices that provided the establishment of connections, a response (in the absence of a telegraph operator), and a number of additional functions. The network structure shown in Fig. 5.12, practically does not depend on the kind of commutation that is used in the TNGU. A closed six-digit numbering system is used in the ST network. The number is written in this form: ABCabc. The first three characters determine the node number. The next three characters identify the terminal in the ST network.

In general, the structure of a typical subscriber station has the form shown in Fig. 5.13.
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Fig. 5.13. Structure of a typical subscriber station

In the transmission mode, the data terminal equipment (DTE) converts the signals coming from the signal source (SS) to the primary code, which is then converted in the data ending equipment (DEE) in such a way as to ensure their efficient transmission over the communication channel. When receiving information, the DTE and the DEE perform reverse transformations. The most important unit of the DTE for telegraph communication systems is a telegraph unit (TU). At present, electronic-mechanical and electronic telegraph apparatuses are used. In electronic-mechanical TU, the main functions are performed by mechanical assemblies requiring high accuracy of manufacturing. Such devices have a number of drawbacks: high level of acoustic noise and edge distortion, introduced by the apparatus, low correcting power, limited speed of telegraphy. In more modern TU, most functions are performed electronically using the means of microprocessor technology. These devices, although they have some functions (moving paper medium) are implemented mechanically, have been called electronic. The electronic TU has significantly better technical characteristics and wider functionality.

To provide greater convenience in the process of preparing and editing text, as well as to enable the display of text received from the communication channel without printing on paper, modern TUs are provided with video terminal devices (displays).

4. Prospects of telegraph communication

The main reason for the telegraph crisis is the lag in its capabilities from the level of modern requirements for documental telecommunication services. This circumstance is aggravated by the presence on the telegraph networks of obsolete and exhausted equipment, as well as serious competition from intensively developing modern and more attractive for consumers such types of documentary communication: data transmission, e-mail, facsimile.

The decline in demand for telegraph services and the growing demand for modern documentary telecommunications services is a worldwide trend. In many countries, the problem of supporting the services of TNGU and ST is solved in various ways. For example, in the Netherlands, telegraph communication stopped working in 2004. In January 2006, the oldest American national operator, Western Union, announced the complete cessation of public services for the sending and delivery of telegraph messages. At the same time in Canada, Belgium, Germany, Sweden, Japan, some companies still support the service of sending and delivering traditional telegraph messages.

The development of telegraph communication is inextricably linked with the general trends in the evolution of the infocommunication system. At present, in telegraph communication networks - despite the gradual "withering away" of this type of communications - the most modern terminal equipment, as well as commutation and transmission systems are used. It is not excluded that telegraph services will be in demand in IP networks built in accordance with the concept of NGN (Next Generation Network) - the next-generation network. In Fig. 5.15 shows a number of current (and current) options for organizing telegraph communication, both public and corporate.
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Fig. 5.13. Variants of telegraph communication organization

Control questions

1. List methods for increasing fidelity in the transmission of discrete messages (TDM) through channels with various interference.

2. Describe the operation of the duplex TDM system with decision feedback, continuous transmission and receiver locking.

3. List the main and additional functions of the modern modem for data transmission via telephone communication channels, as well as international standards for modems.

4. Build a detailed functional diagram of the modem for work on the TF channel, describe the functions and methods of constructing the main nodes of the circuit.

5. Construct a block diagram of the channel-forming equipment with the TDC, describe the purpose of the nodes and the operation of the circuit.

Лекция № 6

Fixed telephony networks
План лекции
1. Telephone system

2. Basic terms used to describe PSTN

3. Hierarchical levels in PSTN

4. City telephone networks

5. Rural telephone networks

6. Telecommunication networks
1. Telephone system

The phone was invented in 1876. True, long before the invention of the phone, the firm belief in the possibility of people's communication, despite great distances, was expressed by Leonardo da Vinci: "People will talk to each other from the most remote countries and answer each other." The prophecy of genius was fully realized in the twentieth century.

The term "telephone system" usually refers to the basic principles of the creation, operation and development of a telephone network. These principles usually include the following provisions:

- the purpose of the system;

- supported services;

- network structure;

- quality of service indicators;

- numbering plan;

- organization of technical operation;

- equipment requirements;

- the main directions of the development of the system.

The development of the above system principles allows us to move on to the practical tasks of building a telephone network. Telephone networks are classified in various ways. First of all, it is necessary to allocate the public telephone network (PSTN), intended for servicing the main part of potential subscribers. Unlike special purpose and corporate networks, any subscribers who are obliged to comply with a set of pre-defined rules of technical, legal and economic nature are entitled to connect to PSTN.

2. Basic terms used to describe PSTN

Most explanations of the terms discussed below are borrowed from two sources:

- recommendations of the International Telecommunication Union (ITU) and the standards of the European Telecommunications Standards Institute (ETSI) (European Telecommunications Standards Institute);

- scientific and technical literature, directly or indirectly related to terminological issues.

To introduce the basic terms, it is advisable to consider the hypothetical PSTN model presented in Fig. 6.1. It includes a city telephone network (CTN), the structure of which is typical for large cities, and rural telephone network (RTN). The proposed model does not include a number of components that are not very significant in terms of terminology. The CTN model consists of two key areas. The nodal area number is indicated as the first digit of all serviced switching stations and connected telephones (CT). The structure of each node area includes nodes of outgoing (NOM) and incoming (NIM) messages. If the switching equipment is used as NOM and NIM, then it is called an outgoing and incoming message node (OIMN).
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Fig. 6.1. Model of hypothetical PSTN

The left part of the model shows only one regional automatic telephone exchange (RATE). It is assigned a two-digit number "15". The first digit identifies the node number of the node, and the second - the serial number of the switching station. The subscriber terminals are connected to the fifth RATE of the first node area in three ways. The first of the terminals (ST1501) is connected to the RATE by an individual subscriber line (SL). The digit "0" in the third position means that there are no intermediate switching devices between this terminal and the RATE. The second terminal (ST1542) is included in the fourth concentrator (C). It is connected to the RATE 15 by a bundle of trunks (BT). In the case when the connection on the BT is established only in one direction, the corresponding line in all figures is supplied with an arrow. The third terminal (ST1573) is included in the corporate ATE, which is assigned the seventh number among similar switching devices located in the service area of the RATE 15. For RATE 15, there are also two options for accessing the special services node (SSN). It provides access to emergency and information services, which are organized in the city. The SSN analyzes the number dialed by the subscriber and establishes a connection with the corresponding call service center (CSC). For the second nodal area, the principles of communication of RATE26 with an automatic long-distance telephone exchange (ALDTE) are shown. The outgoing long-distance connection is established by a bundle of custom-connecting lines (CCL). For an incoming call from the ALDTE, an incoming long-distance message node (ILDMN) is created. It is connected to ALDTE and RATE by a bundle of long-distance communication lines (LDCL).

The right lower fragment illustrates the general principles of the construction of the STS. In each rural administrative region, a central station (CA) or a suburban communication unit (USP) is installed. Their difference lies in the fact that the CA is also responsible for the city automatic telephone exchange of the regional center. The ninth CA depicts the principles for including end stations (OS). There are radial and radial-nodal schemes for constructing the STS. In particular, the third OS is included in the radial scheme. The digit "0" in the second position of its number indicates the absence of a node station (CS) between the CA and OS. The first and second OS are included in the radial-node scheme. They are connected with the US, which provides the establishment of connections between subscribers of different OS, as well as access to the CA.

In foreign scientific and technical literature, the general term for RATS in the GTS and OS in STS is used. The most common term is "Central Office" (CO), less often "Local Exchange" (LE). An acceptable translation is the phrase "Local station". Removal of subscriber capacity by domestic specialists is called a substation (PS), a hub. There is also the term "take-away". In addition, for substations, attention is often focused on the possibility of closing internal traffic without attracting the resources of a higher-level PBX. In the technical literature in English, one term is predominantly used - "Concentrator".

Nodes of MIS, UHF, UIVS in the GTS and the US station in the STS in most publications in English are more often united under the common name "Transit Exchange" (TE). Less commonly used is the term "Tandem Exchange".

Separate names for bundles of channels (SL, ZSL, SLM and others) are not introduced in the English technical literature, and the specifics of their application are explained, if necessary, in the text.

Digitalization of PSTN required the revision of a number of principles for the construction of the GTS and STS. They began to be widely used in the domestic technical literature, devoted, first of all, to the issues of constructing digital GTS. Instead of the abbreviation of the RATS, the reduction in OPS, the reference station, was more common. By the way, the reference station is one of the possible translations of the term "Local Exchange". The term "Transit station" (TC), already established in the English-language technical literature, was proposed. Digital switching equipment allows the construction of combined stations, i.e. TS and OPS. They received the definition of "Support-transit stations" (OPTS).

3. Hierarchical levels in PSTN

In any large network, it is customary to allocate hierarchical levels. Such a selection can be regarded as a classification according to a certain feature (taxon). On the front face of the cube, shown in Fig. 6.2, the main levels of the hierarchy that are characteristic of PSTN are listed. On the side face of the cube, two components are distinguished (switched and transport networks), which can be distinguished for all hierarchical PSTN levels from the point of view of the solved functional tasks. The upper edge, if necessary, can be used to introduce additional classification by some other criteria.

The lower level of the hierarchy is the network in the user's premises. Strictly speaking, its creation and support are not within the competence of the PSTN Operator. This approach can be considered justified in those cases where what is called a "user's network" is a telephone set or terminal of any complexity combined with subscriber wiring. Many modern enterprises use PBX, local area network (LAN) and telecommunication systems to support business processes. In such cases, the "network in user premises" component should be included in the levels of the PSTN hierarchy.
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Fig. 6.2. Hierarchical levels in PSTN

The next hierarchical level is the access network. Her analysis is not included in the list of issues discussed in this lecture. Therefore, it suffices to mention that the access network serves as a "link" between the two hierarchical levels. Its task is to establish a connection between the user equipment and the core network.

The basic network in Fig. 6.2 is divided into four hierarchical levels. The lower of these levels corresponds to the local (urban or rural) telephone network. GTS is created within the boundaries of the city, and STS - in the territory of the rural administrative district. In a number of GTS and STS, in turn, two levels of the hierarchy can be distinguished. In Fig. 6.2 they are designated as interstation and inter-node communication networks. The zonal telephone network is usually created within the boundaries of a large administrative district. A distinctive feature of the zonal telephone network is the assignment to it of a unique code for long-distance communication, denoted by the letters ABC. A typical zonal network consists of several local networks - GTS and STS. Local networks are interconnected by intra-zone communication channels. These channels are switched in the AMTS or in the zone telephone node (ZTU).

The next level of the PSTN hierarchy is the long-distance telephone network. It provides communication between the zone telephone networks. In addition, the tasks of the long-distance telephone network include providing access to international switching centers (MSCs). These centers are elements of the upper level of the PSTN hierarchy - the international telephone network.

4. City telephone networks

In the late XIX and early XX century, all GTS were created by installing only one telephone exchange. The growth of a number of networks led to the need for installing second, third and subsequent telephone exchanges. However, in small towns often operates one automatic telephone exchange - Fig. 6.3. Such networks are called non-harmonic. Using ten-step and co-ordinated automatic telephone exchanges, this method of constructing the GTS was considered rational if the maximum number of subscribers served did not exceed 8000. The use of digital switching stations makes it possible economically to build unregulated GTS with a capacity of several tens of thousands of numbers. In this case, remote modules - concentrators are used in the ATC.
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Fig. 6.3. The existing unreleased city telephone network

The non-districtized GTS consists of a switching station and an access network. In Fig. 6.3 shows four distribution cabinets (WR). Between each cabinet and automatic telephone exchanges main cables are laid. Typically, multi-pair subscriber cables are used. This fragment of the access network is called the main section. Usually, a star topology is formed on the main section of the access network. In some cases, lines of interchamber communication are used. In Fig. 6.3 This line is shown between the third and fourth cabinets. The presence of interchair communication lines allows in the future to move to the ring structure of the access network. Such a topology provides high reliability of communication of concentrators with ATS.

In Fig. 6.4 depicts two structures of a prospective un-charged GTS, in which a digital automatic telephone exchange is installed. Here and further, the circles corresponding to the digital automatic telephone exchanges are colored in a dark color. Fragment (a) illustrates the principles of building a transport network, which is represented as a set of three rings. Zero SS is located in the ATS building. The numbers of all other SSs coincide with the numbers of those concentrators for which they form transport resources in the form of standard digital paths. The choice of the number of SSs and their locations is one of the classic tasks of designing telecommunications networks.
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a) Structure of the transport network b) Structure of the switched network

Fig. 6.4. Perspective unregistered city telephone network

The structure of the switched network is shown on the right-hand side of Fig. 6.4 - fragment (b). It is a topology of the "star" type. It is obvious that there are two independent (from the point of view of reliability) ways of exchanging information between the automatic telephone exchange and each concentrator due to the ring structure of the transport network. The construction of a GTS using remote concentrators has several advantages, including the reduction in the average length of AL (which reduces the cost of building an access network and simplifies the introduction of a number of new services) and reducing the cost of updating software versions of digital ATS.

Obviously, for large cities, the territory of which is measured in hundreds of square kilometers, the length of AL becomes such that by damping and resistance of the loop its use becomes fundamentally impossible. Reasonable way out of this situation is the installation of several automatic telephone exchanges. The division of the territory into fragments, in each of which the automatic telephone exchange is established, is called zoning. These automatic telephone exchanges began to be called regional ones. Hence the reduction - RATS. In Fig. 6.5 shows an example of a regional network in which five RATS are installed. All five switching stations are connected by the principle "each with each". During the period of development of the GTS on the basis of ten-step and co-ordinated automatic telephone exchanges, this method of network construction was used if the maximum number of served subscribers did not exceed 80,000. With the digitalization of the GTS, this inter-station communication structure can be used to create a significant part of local telephone networks. An exception may be the GTS in megacities. Naturally, each ATE uses remote concentrators.
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Fig. 6.5. Regional public telephone network

The GTS of the same capacity can be built by setting a different number of RATS. At the same time, the average capacity of the RATS varies.

The number of SL beams in networks constructed on the principle of communication of switching stations "each with each" is determined by the number of established RATS.

With a significant number of RATS, the number of SL beams becomes excessively large. Their capacity is low, which leads to low use of each SL. A transport network with a large number of SL beams is more difficult to control. When constructing the GTS on the basis of ten-step and coordinate stations with a network capacity of more than 80,000 numbers, the most cost-effective structure was the connection of the RATS through the UVS. An example of a network with a SHC is shown in Fig. 6.6. It is assumed that the GTS has two nodal areas. In the first nodal region, there are three RATS. For the station under the fifteenth number, three typical options for switching on telephones are shown. In the second nodal region, two RATS are established. All the RATS of one nodal district are interconnected by the principle of "each with each".
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Fig. 6.6. City telephone network with nodes of the incoming message

With a large mutual gravity and technical capability, direct (non-passing through SLS) beams of SL can be used between some RATSs of different nodal regions. Such an option is shown with a dot-dash line for the RATS 17 and the PATC29.

To ensure high reliability of the network, the equipment is installed at least two sites. These sites are located in the buildings where the equipment of the RATS is located.

In large cities, the use of UVS did not ensure the economical construction of telephone networks. As a result of the conducted studies, it was found that with a capacity of more than 800,000 rooms, it is expedient to use two types of nodes: MIS and UVS. The equipment of MIS and UVS in each nodal region was used to increase the reliability of communications, at least two sites. A typical network structure with MIS and UTS is shown in Fig. 6.7. Two nodal areas are shown. In the first nodal region, only one RATS is depicted. For her, as in the previous figure, three main options for switching on terminals are illustrated. In the second nodal region, there are three RATS. They are connected by the principle of "each with each". The SL trunk between the MIS2 and the UCS also provides another route for establishing a connection between the RATS of the second node area. This route passes through UIS2 and UC2.
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Fig. 6.7. City telephone network with outgoing and incoming message nodes

The choice of the optimal number of nodal areas and the determination of their boundaries for the city's territory is a complex task, for the solution of which modern economic and mathematical methods are used.

5. Rural telephone networks

The purpose of each ITS is to provide services to subscribers who are located within the boundaries of a single rural administrative district. At the initial stage of STS development, one of the main tasks was the organization of in-house telephone communication, which predetermined the use of switching stations of small capacity. Approximately 88% of the capacity of the Kazakh PSTN is installed in cities. The number of operated ATC statistics is different. Over 60% of all switching stations are installed in rural areas.

Another important feature of the STS is that its resources (mainly the transport network) have been actively used for telegraph communication, the supply of sound broadcasting programs and data exchange. A typical structure of the STS is shown in Fig. 6.8. It illustrates two methods used in the STS for the connection between the OS and the CS: radial and radially nodal. OS902 and OS903 are connected to the CA directly. This method of communication is called radial. OS911 and OS912 are included in the CD, which corresponds to a radially nodal scheme.

The dash-dot line in Fig. 6.8 shows a direct beam of SL between two OCs. This possibility is envisaged by the principles of building a rural communication system, but in practice it is used very rarely.
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Fig. 6.8. The structure of a typical rural telephone network

In a number of guiding documents, the term "combined network" was encountered. It was used to mark the possibility of establishing a regional center for the GTS. Then, on the territory of the rural administrative district, both the STS and the GTS coexist. In official documents published in recent years, the term "combined network" is not used.

6. Telecommunication networks

The term "zone telephone network" appeared as a consequence of the development of the PSTN numbering system and plan. The term "zonal network" is not found in foreign technical literature. Nevertheless, its use in the governing documents of the Communications Administration of Kazakhstan can be considered logical. In Fig. 6.9 shows the main components of the zonal telephone network, confirming the desirability of separating the hierarchy of the same name in PSTN. The most important component of the zonal telephone network is the GTS, located in the center of a large administrative district. By bundles of ZSL and SLM, this network is connected to the GTS of all major cities, which - administratively - are usually subordinate to the center of the administrative district. In Fig. 6.9 it is assumed that K such GTS has been created in the administrative district. With the center of the administrative district are also linked L rural networks. They include the GTS of the regional centers. With a large mutual gravity between the GTS of large cities and the CA of some rural communication networks, direct beams of ZSL / SLM can be created. In Fig. 6.9 such a ZSL / SLM beam is shown for the KHU and the first STS.
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Fig. 6.9. The main components of the zonal telephone network

In Fig. 6.10 shows the main types of connections established in the network of intra-zone telephony. These connections can be illustrated for the three terminals included in the RATS, CA, and one of the OCs.
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Fig. 6.10. Types of connections for intra-zone telephony

When establishing a connection between TA1 and TA2, the information exchange path will be established through the RATS, AMTS (or ZTU) and the CA. In this case, in the TC of the district center is meant the installation of the CA. If CSP uses USP, then TA2 is included in one of the RATS, which are part of the GTS of the regional center. When establishing a connection between TA1 and TA3, the conversation path passes through five switching stations: RATS, AMTS (or STU), CA (or USP), SC and OS. The connection between TA2 and TA3 takes place within the STS.

During the XX century, long-distance and international telephone communication in Kazakhstan was provided by one Operator. At the beginning of the 21st century, demonopolization of the long-distance and international telephone market began. Communication of subscribers included in different GTS ("A" and "B" in Figure 6.11) can be carried out through several long-distance networks that are operated by different Operators. For the model under consideration, M intercity communication networks are depicted.
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Fig. 6.11. Modern principles of organization of long-distance telephone communication

Each of the M long-distance telephone communication networks is built in various ways. Nevertheless, all Operators are guided by identical considerations. Therefore, the structures of these networks will be similar. This conclusion allows us to dwell on the analysis of the structure of long-distance telephone communication, created before the demonopolization of the long-distance communication market. Its model is shown in Fig. 6.12. It illustrates the possible ways to establish a connection between subscribers in cities "A" and "B". For the PSTN fragment under consideration, a section is shown between the two AMTS. In addition to the two AMTS, the automatic switching centers (UAC), which perform the functions of transit stations, are also shown. Mandatory directions of communication are marked by solid lines. Dashed and dot-dashed lines correspond to those directions of communication, which are created with the appropriate feasibility study.

All UAKs are connected with each other on the principle of "everyone with everyone." Any AMTS should be connected, at least, with two UAVs. With a significant traffic between the AMTS can be organized a direct bundle of long-distance channels. Typically, the capacity of such beams is calculated with a high probability of loss. Then the straight beams are used very productively, and the excess load is serviced by the bypass paths. Among the possible routes, the path of the last choice (SPV) is selected. It is selected when the connection can not be established in a different, "shorter" way. Typically, the APV passes through two UACs. The model shown in Fig. 6.12, allows you to identify possible options for establishing a connection between subscribers included in the GTS cities "A" and "B". Between the two AMTS can be established such types of connections:

AMTS1 - AMTS2 (if there is a direct beam of channels);

АМТС1 - УАК4 - АМТС2 (if there is a bypass beam of channels);

АМТС1 - УАК3 - АМТС2 (if there is a bypass beam of channels);

AMTS1 - UAC4 - UAC3 - AMTS2.
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Fig. 6.12. Structure of the operated long-distance telephone communication

The last route should be considered SIP. This means that transit connections through three UAVs (for example, AMTS1 - UAC4 - UAC1 - UAC3 - AMTS2) are not provided. At present, practically all AMTS and UAC in Kazakhstan PSTN are built on the basis of modern digital switching equipment. Digitalization of the links between switching stations and nodes of long-distance telephone network is slower.

Long-distance traffic is constantly growing, which stimulates the organization of many direct beams of long-distance channels. Hierarchical principles used in the formation of the structure of long-distance networks can be ineffective. In particular, some long-distance operators working in countries with a small territory began to use non-hierarchical networks. They use two types of AMTS: terminal and terminal-transit.

A fragment of such a network, consisting of five terminal-transit and one terminal AMTS, is shown in Fig. 6.13. The change in the structure of the long-distance telephone network in Kazakhstan will be determined by a variety of different factors. Among these factors, it is necessary to highlight the technical and economic feasibility of creating direct long-distance trunk bundles and the impact of the technical policies of Operators of Interregional Companies (RTOs) creating and operating PSTN fragments within the boundaries that mainly define the territory of administrative centers.
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Fig. 6.13. Structure of long-distance long-distance telephone communication

The feasibility of creating a direct channel bundle between each pair of AMTS is determined by analyzing the number of telephone conversations and their duration over a certain time. As a rule, the more administrative centers are separated from each other, the less the expediency of organizing a direct beam of channels between the corresponding AMTS.

General principles of the organization of international telephone communication are shown in Fig. 6.14. The model under consideration contains three MZCs. These centers are located in three different countries. The links between MCCs located in countries "A" and "B" can be carried out by a direct beam of international channels or through a transit center located in country "C".

A direct beam of channels is created with a significant number of connections that are established between the terminals of subscribers of the two countries. If the results of the technical and economic analysis do not confirm the feasibility of organizing a bundle of channels that directly connects the MCC of the two countries, then the possibility of creating transit links is used. These links can also be established in cases where a direct bundle of international channels is not available. ITU Recommendation E.171 limits the number of transit international channels between the MCCs of the two countries. They should be no more than four. This means that the connection should not involve more than three transit MZCs.
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Fig. 6.14. Communication between international switching centers

The structures of telephone networks at all levels of the hierarchy are gradually changing, due to a number of reasons. First of all, it is necessary to identify the reasons for the internal character associated with the development of PSTN. The most important of the relevant reasons can be considered digitalization of the telephone network.

External causes of the change in the structure of PSTN are due to the transition to the next-generation network, known by the acronym NGN - Next Generation Network.

Control questions

1. What is called "telephone density"?

2. In which cities of Uzbekistan are the nodes of the types UAC-I and UAC-II equipped?

3. How many telecommunications zones does OTC contain?

4. What is the largest number of local networks in one zone?

5. What are the features of the construction of STS?

6. By what principle are the STS constructed in the commutation zones? Their maximum capacity.

7. What is the purpose of regionalizing the CTA?

8. What is the purpose of the UHF and MIS on the HTS networks?

Лекция № 7

Mobile networks
План лекции
1. The emergence of cellular communication systems

2. Cellular topology in the mobile communication system

3. Principles of functioning of a mobile communication network

4. GSM cellular network

5. Prospects for the development of mobile communications
1. The emergence of cellular communication systems

The first mobile phone systems were used by law enforcement agencies in the 1920s. Immediately, the high efficiency of this means of information exchange became evident. The level of development of radio engineering in the first half of the 20th century did not allow us to hope for the emergence of inexpensive and compact terminals. For these reasons, mass development of mobile communication was not expected.

By the end of the last century the situation has radically changed. The development of microelectronics and scientific research in the field of effective construction of mobile communications allowed us to formulate the principles for constructing an appropriate public network. At first this network was built on the basis of analogous technology of information transfer. Then came the era of digital technology. But the basic principle of constructing a mobile communication system remained unchanged: the use of the cellular topology of the access network.

2. Cellular topology in the mobile communication system

The idea of a cellular structure in the access network was developed due to the limitation of the frequency range available for mobile communication. As the number of users increases, the available frequency range becomes a brake on the further development of the network.

It is known that the range of radio communication depends on the transmitter power, sensitivity of the receiver and noise level. In the range of ultrashort waves (VHF) allocated for mobile communications, it is also necessary to provide "direct visibility" between the antennas of the receiver and the transmitter. The transmitter power in the mobile terminal must be limited for technical reasons. In addition, high power can be a source of threats to the health of users. In view of these considerations, in the 70s of the XX century a new principle of organizing mobile communications was proposed. The network maintenance area was divided into relatively small areas, called cells. Each of the cells is served by its receiving transceiver - the base station (BS). The transceiver has a low output power and a limited number of dedicated frequency channels. This makes it possible to repeatedly use the same frequency channels in other cells remote to a certain distance without interference. Thus, the main principle of cellular communication is the multiple use of the same radio frequencies in different parts of the network. This makes it possible to efficiently use the allocated (limited) frequency resource while ensuring the given network capacity.

To divide the served territory into cells can be done in various ways, using the results of measurements of signal propagation characteristics, as well as the corresponding theoretical estimates. For optimal division of territory into honeycombs, three geometric figures are usually used: a triangle, a square and a hexagon. In practice, a hexagon is often chosen, which serves as a good model for the operation of antennas with a circular pattern. If such an antenna is installed in the center of the hexagon, then access is made practically to all parts of the cell.

In Fig. 7.1 shows an example of the organization of cellular topology using three different frequency ranges - F1, F2 and F3. It's easy to make sure that the same frequency bands are never used in neighboring cells.
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Fig. 7.1. Cellular topology using three frequency bands

The set of cells with different frequency ranges forms a cluster. An important parameter of a cluster is the number of frequency bands in neighboring cells. It is obvious that for the model shown in Fig. 7.1, the parameter being investigated is three. In practice this value can reach fifteen.

Base stations that use identical frequency bands are separated from one another by a distance D - Fig. 7.2. It is called the guard interval. The value of D depends on the set of factors studied in the theory of propagation of radio waves.

[image: image96.jpg]



Fig. 7.2. Cellular topology using seven frequency bands

The radius of the cell R determines the number of serviced N users. Reducing the radius R reduces the power of the transceivers (both base stations and terminals), but increases the cost of the network. This is due to the increase in the number of base stations. In practice, when choosing the value of R, more factors are taken into account.

3. Principles of functioning of a mobile communication network

The principles of building a mobile communication network are largely determined by the idea of using cellular topology. The mobile communication standard does not significantly affect the network structure and functional tasks of its main components. In Fig. 7.3 shows a model of a cellular network that is invariant to the mobile communication standard.

This model includes two mobile networks. For each of these networks, one cell cluster is shown. Each network has a Mobile Switching Center (MSC). In the cluster of the first network, only three base stations are depicted - BS11, BS12 and BS13. The mobile terminal (T) moves during the conversation between these three base stations. The movement trajectory of the mobile terminal is shown by dotted arrows.

When establishing a connection, the base station for which the signal from the terminal is maximum is determined. In this example, we are talking about BS11. It is assumed that this base station has a free frequency channel for serving the call. Let's say that you want to establish a connection to a PSTN telephone. Then MSC1 through PSTN establishes a connection with that local station (MS), into which the telephone of the called subscriber is switched on. In this example, the connection is established with MC1.
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Fig. 7.3. Mobile network model

At some point in time t1 the terminal was at the point where it is expedient to service it due to the frequency resources of BS12. Switching the terminal from one frequency channel to another is carried out in such a way that the subscriber practically did not feel a decrease in the quality of communication. The procedure for switching a terminal from one base station to another is called a handover. It is like a relay. In the technical literature, handoff is sometimes used instead of handover. To implement the handover, the level of the transmitted (received) signal is measured. The handover functions are used when moving the terminal to the time point t2 in the BS13 service area.

Suppose that, by the time t3, the terminal has moved to the coverage area BS21, which belongs to the second mobile communication network. In this case, the MSC2 switching center must be enabled. The procedure for moving a terminal to a second mobile network is called roaming. It is implemented by exchanging information between two mobile switching centers. In Fig. 7.3 this exchange is called the interaction functions.

The principles of service calls in the mobile network, set forth above, allow us to move to the model shown in Fig. 7.4. This model represents a mobile communication network using two main subsystems.
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Fig. 7.4. The main subsystems in the mobile network

This model defines a set of interfaces whose specifications are determined by the selected mobile communication standard. Another important consequence of the analysis of the model under consideration is the conclusion about the location of the mobile communication network as part of the Telecommunication System. Strictly speaking, the mobile communication network is only a qualitatively new access network in conjunction with the MSC equipment (including a number of additional, related hardware and software). After MSC, the call is serviced by switching stations of the fixed telephony network.

4. GSM cellular network

When moving from an analog mobile network to a digital one, the European Telecommunications Standards Institute (ETSI) was tasked with developing appropriate specifications. As a result, the GSM standard was created - Global System for Mobile Communications. Most mobile terminals function in this standard. In Europe, for the GSM standard, two frequency bands are identified - 900 and 1800 MHz.

The essential differences between a mobile terminal and an ordinary telephone are as follows:

- the presence of a power supply (battery);

- the possibility of issuing (on request from the network) unique information about the terminal - IMEI (International Mobile Equipment Identity);

- placement of a special device - SIM (Subscriber Identity Module) card, which is necessary for implementing a number of important functions of mobile communication.

Significant differences in switching equipment in the GSM network from traditional PBXs to fixed PSTN are mainly due to the need to support handover and roaming functions. In Fig. 7.5 shows the main elements in the GSM network and the corresponding interfaces.
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Fig. 7.5. The main functional elements and interfaces in the GSM mobile network

The mobile station (MS) and SIM card form a terminal capable of not only serving calls, but also performing all functions that are associated with charging, additional functions, as well as handover and roaming procedures. The interface between the mobile station and the base station (BTS - Base Transceiver Station) establishes the rules of interaction in the used frequency range.

The Base Station Controller (BSC) typically controls the operation of multiple BTSs. It provides the interaction of the base stations with the MSC switching center. Next to the MSC are three functional elements, which are important hardware and software support for mobile communications.

The Equipment Identity Register (EIR) lists the IMEI of mobile phones that are denied access to the network, or they are under the supervision of law enforcement. This register allows you to track stolen terminals. Theoretically, all data on stolen terminals can be distributed around the world. In some countries this possibility is not supported. In addition, information in the EIR is not updated in real time, which makes it difficult to search for stolen terminals. Usually EIR is combined with HLR - Home Location Register.

The home subscriber register can be considered as a database, which stores all the necessary information about users who have concluded an agreement with the Mobile Operator. Sometimes, next to the HLR, an Authentication Center (Authentication Center) is displayed. It serves to determine the authenticity of the subscriber. In some cases, the HLR and AUC equipment is a single complex.

VLR (Visitors Location Register) is a database that stores operational information about terminals located in the MSC service area. Each base station is assigned to one VLR. Therefore, records about the location of the terminal at any particular time are only in one VLR. The main functions of VLR are as follows:

- inform the HLR that the terminal that is registered in the home register is, at this time, in the VLR service area;

- track the location of the terminal within the boundaries of its service area;

- control the availability of services for the subscriber;

- allocate roaming numbers during the establishment of an incoming call

- delete the data about the terminal if it becomes inactive in the service area of ​​this VLR and inform the HLR about it.

5. Prospects for the development of mobile communications

ETSI has long been working on new standards for mobile communications. The main directions of this work are to improve the quality of communication, expand the range of supported services, provide data exchange and video information.

Networks similar to those using the GSM standard refer to the second generation of mobile communication systems - 2G. The ideology developed by ETSI UMTS (Universal Mobile Telecommunications System) defines a set of standards for a universal mobile communication system. It belongs to the 3G generation. The concept of UMTS was created to support multimedia services. For her, the frequency range is 2 GHz. 3G networks have already been introduced by a number of European Operators into commercial operation.

A number of specialists believe that the direction related to the 4G and 5G generations is more promising. The corresponding networks allow to speed up the exchange of information up to 100 Mbit / s. It is assumed that 4G networks can be put into commercial operation as early as 2010. It is significant that the 4G and 5G generations are targeted to the next generation network, which is very important from the point of view of maximum integration of fixed and mobile communications.

Control questions

1. Explain the structure of the GSM cellular communication system

2. What methods of encapsulation and speech coding are used in the GSM standard.

3. Organization of communication in the GSM system.

4. List the services provided to subscribers of GSM network networks.

5. Explain the features of paging communication.
Лекция № 8

Television and sound broadcasting networks
План лекции
1. Audio broadcasting system

2. TV broadcasting system

3. Prospects for the development of sound and television broadcasting
1. Audio broadcasting system

The opening of the radio stimulated the organization of a sound broadcasting system. Prior to the widespread use of television, audio broadcasting was the only means of rapidly transmitting information to a large number of subscribers. The first sound broadcasting networks proved the high efficiency of the new type of telecommunications. Soon, sound broadcasting networks became widespread in all developed countries. An important feature of audio broadcasting - unlike telegraph and telephone systems - is the use of one-way (simplex) channels for the delivery of information.

In Fig. 8.1 shows the classification of the sound broadcasting system. It does not include new trends in the development of broadcasting related to IP technology.
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Fig. 8.1. Classification of sound broadcasting systems

Audio broadcasting can use radio channels and wire communication facilities. Typically, radio channels are divided into ranges of allocated frequencies: long, medium, short and ultrashort waves. Wired communication channels are usually divided: analog and digital. Regardless of the signal propagation medium, the audio broadcasting means are divided into one-program and multi-program, as well as mono and stereo.

Feedback channels implemented in a number of audio broadcasting systems are used to monitor the quality of transmitted signals and control equipment. Information feedback is usually created through the use of telephony networks (fixed and mobile), as well as the Internet.

Typical structures of sound and television broadcasting are represented by graphs of tree topology. In some cases, backup directions are created. Then the network structure is similar to the graph of an arbitrary topology. An example of the structure of a sound and television broadcasting network is shown in Fig. 8.2. It contains three types of centers, which differ in their purpose. Each center serves a certain territory. Within the boundaries of this territory, the distribution of programs for sound (or television) broadcasting can be carried out in various ways.
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Fig. 8.2. A typical structure of audio and television broadcasting networks

2. TV broadcasting system

The word "television" was first mentioned in the IV century BC, but from the point of view of practical implementation, this date should be postponed to the year 1890. At the international congress in Paris the term "electric television" was introduced into the vocabulary of signalmen. In Fig. 8.3 shows one of the possible classifications of the television broadcasting system.
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Fig. 8.3. Classification of television broadcasting systems

Television broadcasting can be carried out through three main methods (and their combinations):

- Radiation by means of a television tower with reception on the antenna (individual or collective);

- through a cable television system, created specifically to distribute public programs and provide additional services;

- with the help of various types of satellite television systems.

Other classification characteristics allow to distinguish TV of standard quality and high definition (HDTV). One can also consider classical unidirectional television broadcasting and interactive television, in which there is a reverse channel, which allows to control the process of obtaining information. In addition, television is often divided into analog and digital. They are based on different standards of image transmission.

The typical structure of the television broadcasting network corresponds to the model that was shown in Fig. 8.2. True, a star-shaped structure is more suitable for satellite television.

3. Prospects for the development of sound and television broadcasting

Among the many trends in the development of sound and television broadcasting systems, three important areas should be highlighted.

The first direction is due to the processes of integration and convergence in the infocommunication system. The consequences of this process is the provision of audio and television broadcasting services based on the NGN concept. The manifestation of this trend can be considered the transition to IP broadcasting.

The second direction is connected with the support of interactivity, the lack of sound and television broadcasting systems. Interactivity allows you to fully get the services that the user needs. An example of this possibility is the already used Video on Demand service.

The third direction reflects trends in the growth of demand for the quality of communication. Such trends are expressed in the form of an increasing share of sales of high-quality television and radio equipment for use in homes and cars. Also, the requirements for portable terminals are increased. The same reasons stimulated the development of the standard HDTV.

Control questions

1. Explain the structural scheme of audio broadcasting.

2. The path of the primary formation of programs.

3. The path of the primary formation of programs.

4. Composition and purpose of the transmitting part of the PTS.

5. Assignment of a television repeater.

6. Explain the structure of the telecentre.

Лекция № 9

Data exchange networks

План лекции
1. Assignment of PD networks

2. Principles of construction of PD networks

3. Prospects for the development of PD networks
1. Assignment of PD networks

A data transfer network (SPD) is a set of telecommunication nodes and channels, specifically designed for communication between certain points in order to ensure the transfer of data between them. The data transmission network is the transport backbone of the information network (Figure 9.1).
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Fig. 9.1. - The principle of building an information network:

Т - terminal, К - concentrator, computer - electronic computer, КУ - switching center, ТС - terminal network, PD - data transmission

Data transmission networks by the degree of accessibility of users to the network are divided into public data transmission networks and data transfer networks of limited use, and territorially - to general-Kazakhstan (global) and regional ones. Regional data networks in turn consist of urban and local data networks.

Common Kazakhstan’s SPD are designed to provide data transmission services in the whole of Russia, regional - to transfer data within the territory of one or several subjects of Kazakhstan.

2. Principles of construction of PD networks

The data transmission network consists of switching centers (switching nodes) and data transmission channels connecting them.

Message switching nodes are designed to distribute messages and manage their transmission within the data network.

The data transmission channel is an analog or digital communication channel, separated from the primary network and equipped with data transmission equipment (Figure 9.2). The data transmission equipment consists of an error protection device and a signal conversion device (modem). When a subscriber connects and maintains devices, communicates with data terminals and assigns it to the transmission channel on the cross switching device, a set of data transmission paths is formed.
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Fig. 9.2. - Data transmission channel:

CCTTD is a complex of data transmission channels, UCO is a conjugation and exchange device, BS is a conjugation unit, AO is a service equipment, an RCD is an error protection device, a UCS is a signal conversion device, a UCK is a cross switching device, a TU is a terminal device, - transmission channel

The data transmission network has a hierarchical construction principle (Figure 9.3).

The first level of the SAP structure is represented by the all-Russian network of PD, the switching nodes of which are connected by the principle "everyone with each". The second level consists of regional networks in which the radial-node construction principle is implemented. The rationale for the regional-node principle of PD networks is analogous to telegraph communication networks.
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Fig. 9.3. - Structural diagram of the data transmission network

Users of the PD network (computer) are connected to the switching nodes either directly or through load concentrators. A load concentrator is a device designed to collect data from several users (terminals) and insert them into a high-speed line for transmission to a switching node.

Interaction between different networks of PD is organized through gateways. A

3. Prospects for the development of PD networks

One of the latest achievements in the field of communication development was the emergence and development of new information transmission services, called telematic.

The telematic services are defined by ITU-T as telecommunication services, which are neither telephone, telegraph, nor data services. This definition has an "open character", as it is limited only by three traditional types of communication, leaving room for the further development of telematic services, the number of which is really growing continuously. Since the beginning of the 1980s, when the first telex service appeared, there were more than 30 of them. These are teletex, telefax, bureau fax, tele-script, videotex, message processing, teletext, reference, teleconference, tele-exchange, teleshop, teleauction, etc. Data and characteristics of many telematic services are regulated by ITU (protocols of all levels, interfaces, sets of code symbols, formats, etc.).

Consider what the telematic services are:

1. Teletex is an alphanumeric system for the transmission of business correspondence intended for servicing institutions and enterprises. The main idea of teletex is the combination of all the possibilities of a modern typewriter with the capabilities of a telecommunication network in the transmission of messages, preserving not only the content, but also the form of the text. This system somewhat resembles a telex system (subscriber telegraph-AT), but differs from it by retaining the form of the text, by a much larger set of characters, by a higher transmission rate, by high reliability (one error per 400 pages of printed text), and the ability to edit the documentation prepared for transmission.

The main advantage of telex in front of telex is that there is no need to double-work on the keyboard when preparing a letter and when it is being sent. This is achieved due to the fact that the prepared text is memorized by the random access memory (RAM) of the subscriber terminal, from where the message is automatically transmitted over the communication network. The subscriber terminal of the teletex operates using a personal computer (PC), a modem operating on a telephone network with a speed of 1200 ... 2400 bit / s, and special software. Some types of teletex terminals are designed for work on data networks with packet switching.

2. Facsimile is a public facsimile service intended for transmitting messages between subscriber facsimile machines installed, as a rule, in institutions and enterprises. The essence of facsimile transmission lies in the fact that the image to be transmitted (the original) is divided into a large number of elementary sections, differing from each other by the brightness of the reflected light rays. From each section, an electrical signal proportional to its brightness comes out. The signals are transmitted sequentially through the communication channel to the receiver, where the electrical signals are converted back to the brightness of the elementary areas from which the received image - the reproduction - is being added. The original can be printed or written by hand, it can contain text, formulas, drawings, drawings, signatures, seals, photos, be black and white, grayscale (ie have more than two gradations of brightness) or multicolor.

The ability to transmit virtually any image is the main advantage of facsimile communication, other advantages include almost complete correspondence of the reproduction to the original and high noise immunity.

The main disadvantage of telefax is the large redundancy of transmitted messages: the amount of information transmitted compared to the alphanumeric transmission (for example, in the teletex service) is more than 100-150 times. As a result, modern facsimile devices provide means for reducing redundancy (data compression). There are four groups of facsimile services.

The Facsimile Service of Group No. 1 performs analog transmission without data compression and fax transmission over the automatically switched public telephone network (ACTC OP). The text page is sent in about 10 minutes.

The facsimile service of group 2 has limited data compression capabilities, the text page is transmitted by ACTC OP in 3 minutes.

Facsimile service of group 3 allows to transmit signals in digital form when implementing a complex data compression algorithm. The text page is transmitted by ACTC-OP for a time less than 1 min.

Facsimile service of group 4 also provides for the transmission of signals in digital form and a complex algorithm for data compression. Information can be transmitted over a digital network (for example, over a digital network with the integration of services), and the text page is transmitted in less than one second.

The facsimile terminals automatically perform the following functions:

- establishing connections;

- sending, receiving and recording messages;

- identification of the subscriber's subscriber unit;

- stamp imprint on the original and a copy of the document;
- registration of service information on the control tape (transaction log);

- accumulation in the memory device of a certain volume of transmitted and received messages.

In recent years, PCs have often been used as facsimile machines. To do this, they are equipped with two additional devices-a scanner that serves to "read" information from the original and enter it into the PC, and a facsimile card that interfaces the PC with the communication network, establishes, disconnects the connections, and manages the facsimile transmission. The facsimile terminal on the basis of the PC in comparison with the facsimile apparatus has a number of additional possibilities:

- is the preparation of documents using the keyboard and transferring them from a permanent memory (ROM) (thereby eliminating the scanning procedure, which reduces the quality of the copy);

- preview of received messages on the display;

- the introduction of text and image editors in text documents, graphic images and the formation of graphic images from the keyboard;

- availability of numerous additional services (such as directories, templates, archives, calendars, notebooks, calculators);

- use for the production of hard copies of ordinary paper instead of used in facsimile apparatus, thermographic, more expensive and not subject to long-term storage.

The use of personal computers as facsimile terminals not only does not exclude the possibility of using them for the main purpose, but also allows you to work in the background, i.e. receive and send faxes during the execution of application programs.

The disadvantages of a facsimile terminal on the basis of a PC include the greater complexity of the subscriber's work and the occupation of a portion of the operational memory.

3. Burofax is a public service for the transfer of documents between facsimile machines located in the liaison offices to which customers hand over the originals to be handed over.

Delivery of messages received by the bureaufax service in the communication offices is provided to customers, as well as delivery of telegrams. Messages are transmitted over the telephone network and PD networks. Many documents are a collection of text parts that are more efficiently transmitted by the code method, and graphic images (signatures, drawings, trademarks, etc.) transmitted by facsimile method. As a result, a mixed mode of operation has appeared, when the code and facsimile transmissions of the document are alternately used. Such a method is implemented by the equipment of group 4, where the text part is transmitted by the code method, and those parts that can not be transmitted by code symbols or for other reasons require the preservation of the full identity of the form - by facsimile method.

4. Tele-recording - a service for the transfer of graphic information displayed at the receiving end by the movement of the "pen" writing at the transmitting end of the channel. Messages that can be handwritten text, drawings, drawings and the like are applied by the sender to the paper lying on a special tablet. At the receiving end of the communication channel, messages are reproduced on paper or most often on the display screen. In many cases, tele-recording complements the telephone service. In this case, written messages are transmitted over a telephone channel in a narrow frequency range at a rate of 300 bps. This service is especially interesting for deaf and dumb users.

5. Videotex is an information and reference service that enables users to receive information from data banks (databases) via telecommunication networks with the help of terminal terminals and standard access procedures. The videotex service provides the following services:

- Information search - receiving information by subscribers through a dialogue with the data bank;

- transactions - input or modification by subscribers of the information stored in a data bank. To use this service it is required to perform special functions and procedures for confirming the right of access to it;

- message management - communication of subscribers with each other by accumulating messages in a public data bank, accumulated messages can be received at the request of the subscriber or provided automatically;

- exchange of messages between terminal installations - exchange of information between subscribers in dialogue mode;

- data processing - use of the data bank memory for information processing in the corresponding terminal equipment of the video-text service;

- interaction with other telematics services - access of subscribers to services and (or) subscribers of other telematic services.

If it is necessary to receive information from the database, the user dials the database number using a standard telephone set (TA) and, in response, receives a signal of a certain frequency (2100 Hz), then depresses the TA and switches the terminal to the dialogue mode from the database by pressing the button on the terminal. In confirmation of establishing a logical connection of the terminal from the database, a "greeting frame" appears on the user terminal display. Next, the database identifies the subscriber using a user-entered password. With a positive decision, the user is given the opportunity to obtain the information of interest using a specially developed menu system. From now on, the subscriber can work with the data bank using the "request-response" rule.

The request is made from the terminal keyboard by typing numbers from 0 to 9 and special characters  # and *. Upon request, the database issues the information of interest to the subscriber. Access to the information stored in the database tree of a tree structure can be carried out in two ways. If the user knows which page the information he needs, then he should dial only the required number, if he does not know - do a search using the menu. Having received the information of interest, the user can request an account - data on the charged service fee - and then exit the connection to the database.

The videotex service uses three types of subscriber terminals: specialized terminals based on a PC based on a home TV set. Specialized terminals are products that combine in one case a mini-computer, a display, a keyboard, a modem. The second type of terminal consists of a PC, a modem and a floppy disk with videotex software. The third type terminal, designed mainly for household use, is a prefix to a TV set and consists of a logic device, a simple keyboard (keyboard) and a modem.

Videotex service terminals can be installed not only in apartments, offices, offices, enterprises, but also in public places - in post offices, railway stations, etc.

Videotex data banks are designed to store at least 300,000 pages; The probability of denial of service to users is not more than 0.01.

Videotex, as a rule, makes it possible to transmit color images. In the future it is planned to supplement its visual information with sound accompaniment.

One of the modifications of the videotex service is the electronic commodity intermediary service (ETPS). Its subscribers with the help of terminals establish connections with a data bank specialized in a homogeneous group of goods (for example, building materials or electronic components), expose the goods (communicate its characteristics) for sale or make its search for the purpose of purchase. Subscriber ETPS when exhibiting goods for sale informs him about the necessary information, commodity index, as well as their details (telephone, telex, fax number, address). When searching for goods, the subscriber receives information about the sale of the necessary product and its main characteristics (lot size, price, vendor details, etc.) according to the digital code sent to the DB (which is listed in the commodity index catalog).

6. The Message Processing Service (SOS) provides users with the ability to send messages via intermediate storage (message switching), also called "e-mail". In SOS subscriber terminals of the sender and the receiver can differ, for example, the sender may have a telegraph machine and the recipient has a fax machine of group number 3. The message processing service provides the necessary message conversions and is designed to transmit not only text and graphic information but also sound messages (recording in the intermediate drive with subsequent playback - the so-called "telephone mail").

The SOS provides for interaction (messaging) with other telematics services, telex and physical delivery services (traditional mail).

For SOS are characterized by very complete satisfaction of the needs of users in various services and high quality of transmission. The service provides the subscriber with convenient tools for preparing (templates) and editing texts, sorting and storing received messages and copies of sent letters. Mathematical support of terminals allows them to use subscribers who are little versed in programming. To do this, you can work with the terminal in dialogue mode and get help information, and also use the available menu.

Messages are received and transmitted automatically. When the terminal is switched off or not ready for receiving messages, the user is informed (by a light or sound signal) that a message has been received for him. The transmission of messages as the terminal is ready is also performed automatically (regardless of the user). If necessary, the service ensures the confidentiality of transmitted messages.

The messaging service is the most important element of the electronic (paperless) office, through which the functions of the assistant and the secretary of the subscriber are performed, the next messages prepared for sending are viewed, the messages received are sorted with the delivery of information such as "Just received", " "The message has not yet been read," "The message has not yet been sent," "Message redirected," etc.

Along with text documents and graphical information, data files, halftone images, computer program texts, forms - tables, forms, invoices, etc. can be transmitted as messages. When transmitting filled forms, it is not necessary to transmit each time their structure. It can be stored in the recipient's memory, so it's enough to know the form number.

The service guarantees the delivery of correspondence to the destination by monitoring the passage of the message along the entire route from the sender to the recipient. In this case, the user has the opportunity to receive a notification about the delivery or non-delivery of the message (indicating the reason). In the case of multicast messages, the non-delivery notification may refer to any of the recipients of a message or to all subscribers who have not received it.

For the convenience of users, the service can send to the sender the time and date of delivery of the message, and to the recipient the time and date of sending the message. The sender can make a request to return the submitted message, and also to find out whether the system can deliver a message to the specified recipients.

Among the new important services, the SOS is the protection of messages from unauthorized access, i.e. ensuring the integrity of information, maintaining its confidentiality, authenticating users (establishing the authenticity of the source and receiver of the message).

The SOS typically uses a packet-switched data network, as well as telephone networks and un-switched (leased) channels. It can be the core of non-dialogical communication services, ensuring the exchange of messages between them.

7. Teletext, unlike all these services, is circular, simplex and non-interactive. Information is stored in the form of blocks (pages) in the database, similar to the video text service database, but smaller in size. Information is transmitted over a television network with a cyclical repetition of pages.

The transmission of teletext messages can take place in place of a television program or simultaneously with it. The terminal is a TV set with a special prefix. In TVs of the fifth generation, these consoles are built-in. The subscriber selects pages with the help of a button pad on the TV or a set-top box.

8. The reference service (SS) is the same for all telecommunication services. Its main function is to find the address (number) by the user's name (for example, the phone number of the company by its name), as well as information on the use of services, their characteristics, tariffs, etc. The help desk can also be used to authenticate subscribers.

The basis of the CC is a distributed database, with which subscribers work in an interactive mode ("request-response"). It is desirable that the access time of the subscriber in the SS is not more than 15 seconds, and the time from the request to the answer is no more than 5 seconds.

9. The teleconference service allows real-time conferencing between users located in different locations, using terminals and telecommunication networks. There are options for services provided by this service: audio-visual and videoconferencing. The first transmit sound signals and still images, the second - sound signals and moving images.

The combination of visual and auditory perception of messages by the user is very important. According to the results of a massive survey conducted by General Electric, a person remembers 10% of the readings, 20% of the heard, 30% of what he saw and 50% of what he saw and heard at the same time for a long time.

When you enter a message from the conference participant's terminal, it is played on the displays of all other participants whose terminals are included in the same channel. The schedule of the conference is determined by its presenter, who provides the "floor for speaking" and has the right to deprive any of the participants of the opportunity to speak. The conference participants can get acquainted with the "present" on it, invite to the exchange of information of the subscriber of the network, discuss the appointment of the facilitator, send private messages to other participants.

Teleconferences are constantly operational and limited in time. The first form informal groups and groups for specific interests. They provide opportunities for exchanging up-to-date information as needed and accumulating a distributed database on any topic. The teleconferencing service operating in real time differs favorably from computer conferences based on the principle of intermediate accumulation of information.

10. Tele-exchange is an automated system similar to the traditional exchange and provides all its functions: registration of brokers, goods, bids for purchase and sale, change of loan amounts on broker accounts, etc. At the same time, several representatives of the exchange committee (traders) and brokers work; the database and passwords for accessing the system are protected.

Submission of applications of brokers and customers is made from their terminals. Bidders who have announced the purchase or sale of any goods are automatically notified of the available offers for these goods. If there are counter-offers with suitable prices, the deals are automatically made.

11. Teleshopping is a service intended for carrying out trade operations between buyers and suppliers of goods using telecommunication networks. As a matter of fact, this is an expansion of the capabilities of the video-text service, adding to its services reference services for ordering the selected product, the product.

In the teleshopping service, all the data on the goods on sale are built on a hierarchical system: the type of goods, the list of stores that sell goods of this type (types), the range and prices of goods in a given store, the detailed characteristics of goods, the method of payment, the purchase price. Selecting the desired product on the menu, the user makes an order, communicating their payment details. After that, the TV shop sends an invoice to the supplier of goods for delivery to the buyer.

12. TeleAuction differs from the traditional auction in that its participants can be in different places connected by communication channels to the service center and deal immediately with all lots (goods sold for sale). To participate in the auction, users of the service submit to the auction leader paid applications for inclusion in the lists of participants, which indicate: the organization, its address, position, name and initials of the responsible person, contact phone number, financial details. After this, each participant receives a personal password that gives the right to access information about the lots.

In the course of bidding, the participants of the TV show prices for the lots they need. After a certain time after the announcement of the last price (this time determines the auction leader), the lot is sold.

Difficulties in the development of videotex service are due to the fact that at the initial stage of its introduction a problem arises: because of the small amount of databases it is difficult to attract a wide range of users, and with a small number of users there is no means for developing databases. The international experience (primarily in France) showed that the introduction of the videotex service requires the formation of some "critical mass" of users, which ensures self-sufficiency and cost-effectiveness of the service.

It should be noted that, in addition to ITU-regulated videotex service in foreign countries, other services of dial-up access via communication networks from subscriber terminals to the database are widespread.

Since the second half of the 1980s, the message processing service has become increasingly widespread in the world. In the US and most Western European countries, such services were introduced in 1988-1989.

Telematics services in Kazakhstan are based both on the telephone network and on data networks. A universal telematics service (UTMS) was established in the CNIIS of the Ministry of Transport and Communications of Kazakhstan on the basis of a telephone network, which unites teletex, telefax, bureau and videotex.

At UTMS, PCs are installed as terminals, which are available to subscribers and most of the time they are used for their main purpose.

The data networks with packet switching available in Kazakhstan provide users with teletelec- tics, telefax, messaging services, videoconferencing services. According to the number of subscribers of telematic services, Kazakhstan lags far behind the United States, Europe and Japan.

In foreign countries, the services of teleconferences, teleshopping and, to a lesser extent, reference services, tele-exchanges, and teleauktion are widespread.

Thus, telematic services are very diverse and differ in the type of information transmitted (text, speech, fixed and moving images or a combination of several types of information - multimedia services), the nature of the transmitted information is continuous and intermittent, transmission rates range from several hundred and thousands of bits per second up to 40 Mbit / s.

The development of telematic services is moving towards the creation of new, more advanced services, which corresponds to a trend towards the maximum satisfaction of the growing needs of users of communication networks.

There is another tendency: the desire to unite all communication users in a single "collective", in which everyone can communicate with everyone, regardless of what network he works with and what service he uses.

Finally, the third trend: the transition from mono services to multimedia services, i.e. services with multiple media (sound, document, moving image).

Control questions

1. Define the network.

2. What is the difference between a communication network and an information network?

3. How are the networks divided according to their territorial location?

4. What is an information system?

5. What are the communication channels?

6. Define the physical communication channel.

7. Define a logical communication channel.

8. What is the name of the set of rules for information exchange between two or more devices?

Лекция № 10

Transmission lines
План лекции
1. Cable communication lines
2. Communication lines on a symmetrical cable
3. Coaxial cables
4. Fiber optic cables

1. Cable communication lines

The basis of telephone networks, data transmission networks, cable television are cable transmission lines. Currently, trunk, zonal networks and access networks use air lines (VL), symmetric cable (SC), coaxial cable (CC), fiber-optic communication lines (FOCL).

In the cable communication lines, various transmission modes are used. The most commonly used single-band four-wire. In this case, counter-circuits (wires) for symmetric cables are placed in different multi-pair cables, and in coaxial lines and in fiber-optic lines in the same. In air lines, a two-wire two-band transmission mode is used.

Requirements for communication lines:

- Range up to 12,500 km in Kazakhstan and 25,000 km on international lines;

- High transfer rate (up to 100 Gb / s);

- the ability to transmit various types of information (television, telephony, data, etc.);

- high noise immunity from external and mutual fields;

- stability of electrical parameters, reliability of communication.

2. Communication lines on a symmetrical cable

An electrical cable is an electrical product that contains conductors isolated from each other and integrated into one structure. As insulation, paper, polystyrene, polyethylene are used. To ensure strength, integrity and protection from environmental influences, the wires are enclosed in a common hermetic enclosure. Most often, the shell is made of plastic or metal-plastic. A protective cover made of metal or plastic is placed on top of the shell.

The number of pairs of conductors in the cable can be different - from 1 to 3000. In telephony with house or apartment wiring, single-pair cables TRP ("noodles") are used. They are combined in switch boxes (RC). Cables that go from a group of subscribers (the entrance of the house, the office of the institution, etc.) contain 10 or more pairs. These cables are combined in switch cabinets (RS) (Figure 10.1). From the cabinet to the automatic telephone exchange cables with the number of pairs from 100 to 3000 go. In computer networks, when building local computer networks, cables with a number of pairs equal to 4 (UTP-3, UTP-5 cables) are used. At the same time, there are multi-pair cables with a large number of pairs.

Examples of the cross-sections of some of the cables used are shown in Fig. 10.2. In the photocell cable (Figure 10.2, c), in each of the 10 cells, five double-pair cables are placed.

Cables used in computer networks are called "twisted pair".
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Fig. 10.1. Scheme of the urban telephone network


[image: image107]
Fig. 10.2. Cross-sections of balanced cables:

a) single-pair b) four-pair c) stopping; 1 - conductor, 2 - insulation

Cables for computer networks:

- unshielded twisted pair of the third category UTP-3 contains 4 pairs of wires. The twist step is nine turns per meter. Data transfer speed - up to 10 Mb / s;

- unshielded twisted pair of the fifth category UTP-5.

The impedance in the frequency range up to 100 MHz is 100 Ohm. The amount of crosstalk is more than - 74 dB at a frequency of 150 kHz and - 32 dB at a frequency of 100 MHz. The attenuation varies from 0.8 dB to 22 dB in the frequency range 50 kHz to 100 MHz over a length of 100 m. The active resistance of the cable is 0.1 Ω / m, and the capacitance is 0.056 nF / m.

3. Coaxial cables

The main disadvantage of a symmetrical cable - the ability to radiate and receive radiation from external sources - is overcome in a coaxial cable (Figure 10.3).
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Fig. 10.3. Cross-section of coaxial cable

Here the electromagnetic field is enclosed in the space between two coaxial conductors and its connection with the outer space in the case of ideal conductors is excluded.

The center conductor is usually made of copper wire with a diameter d larger than that of a symmetrical cable. This conductor is covered with a layer of foamy plastic insulating material that is surrounded by a second conductor, usually a woven copper net or aluminum foil.

A high degree of protection, which increases with frequency, determines the main advantages of a coaxial cable in front of a balanced one:

1. Wide frequency range, which reaches the frequency of 100 MHz for trunk and zonal communication networks and 1000 MHz for cable television networks. As a consequence, a large number of simultaneously transmitted television channels are realized.

2. Organization of single-cable communication - when in one multi-pair cable it is possible to organize transmission in both forward and reverse directions.

Despite the significant advantages of a coaxial cable in front of a balanced cable, the field of its application is significantly narrowed mainly by cable television access networks. This is due to the fact that on the backbone networks the coaxial cable is significantly inferior to the fiber optic in all technical specifications, while at a cost it is not much cheaper. On the access networks of telephone communications and data transmission networks, symmetrical cable is currently dominant, which is much cheaper than coaxial cable and has already been laid in the main areas of people's residence. With the development of interactive multi-service telecommunications networks, the role of a coaxial cable will probably increase due to its broadband. However, it is possible that in access networks it will also be replaced by a fiber-optic cable.

4. Fiber optic cables

Optical cable is a twisted optical fiber (4 - 32 pieces) made of quartz glass. They use the phenomenon of total internal reflection. The fibers operate in the infrared range at a wavelength λ 0.85 - 1.6 micrometers. These wavelengths correspond to a frequency range of 170-350 Terraherts or (1.7-3.5) 105 GHz. Extremely short wavelengths and extremely high carrier frequencies determine the unique capabilities of optical fibers for information transfer.

Indeed, high carrier frequencies allow the transmission of signals with a bandwidth of 1-10 THz or more. This corresponds to a pulse duration of 0.1 to 1 picosecond or a communication bandwidth of 1000 to 10,000 Gbps. Of course, such potential capabilities of optical communication lines are not so easy to realize to the fullest, but even a small fraction of the potential throughput gives such lines of communication enormous advantages.

In radio electronics, communications, wave processes, as a rule, are realized in devices whose dimensions are commensurable with the wavelength. Optical fibers are no exception. To achieve ultimate performance, the cross-sectional dimensions of the fiber should not exceed (3 - 4) λ. On the one hand, this creates difficulties in the manufacture of fibers; on the other hand, it substantially minimizes the transverse dimensions of the communication lines, since the dimensions of optical transmitters and receivers must be matched to the section of the optical fiber. The small size of the fibers allows them to be placed in one optical cable in tens and hundreds.

The main element of an optical cable is a fiber light guide - a thin two-layer cylindrical fiber. It consists of a core and a shell with different refractive indices [image: image109.png]


 and [image: image110.png]


 (Figure 10.4).
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Fig. 10.4. Longitudinal cross-section of optical fiber

Because [image: image112.png]


 > [image: image113.png]


, then at angles greater than the angle of total internal reflection ([image: image114.png]sin 6,



), the optical rays are completely reflected from the interface between the two media.

Optical fiber can do without an optical shell. At the same time, the refractive index of air [image: image115.png]


 = 1 and the conditions of total internal reflection will be satisfied even in a larger range of angles θ. However, in practice, the optical fiber must be isolated from other fibers and protected from the external environment. Usually, polymeric materials are used as a protective coating. For these materials, the optical properties (refractive index and attenuation coefficient) substantially differ from the characteristics of the fiber, and the conditions for total internal reflection are violated. Therefore, as an isolation, an optical envelope is introduced. If the transition from the region with the refractive index n1 to n2 occurs abruptly, then the fiber is called stepped.

The production of a two-layer optical fiber is not a big problem. In the process of obtaining an optical blank of quartz glass from the gas medium of silicon and oxygen, components are added to the gas mixture, which, when deposited on the cylindrical surface of the metal tube, changes the refractive index of the glass. These changes are not so significant. For example, [image: image116.png]


 = 1.465, and [image: image117.png]


  = 1.46. This, however, is sufficient for the realization of the phenomenon of total internal reflection at angles θ > 85°.

Optical fibers are divided into singlemode and multimode fibers. According to the wave theory of optical waveguides, several types of oscillations (modes) can propagate in them, differing from each other by the structure of the electric and magnetic fields, the value of the phase velocity and the wave resistance. The condition for the existence of only one mode:

[image: image118.png]m‘f’"; < 2,405





For the typical case of [image: image119.png]


 = 1.5 and [image: image120.png]


 = 1.49, the maximum value of the core diameter 2a is 6.8 μm at a wavelength λ = 0.85 μm and 12.8 μm at λ = 1.6 μm.

A single-mode and multimode regime can be interpreted approximately in the framework of the ray theory (Fig. 10.5).
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Fig. 10.5. Single mode (a) and multimode (b) transmission modes

Here in multimode mode for one signal there are several simultaneously propagating rays of light, which travel the path in the fiber at different time intervals.

Radiation of an optical transmitter (LED or laser) is introduced into the fiber, usually from the end (Figure 10.6).
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Fig. 10.6. Entering radiation into fiber

One way to combat pulse broadening due to mode dispersion is the use of gradient waveguides (Figure 10.7).
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Fig. 10.7. Gradient optical cable

Unique transmission and dispersion properties of optical fibers can be realized only if the fiber material (quartz glass) has low losses associated with absorption and scattering of light. In the operating frequency range (λ = 1 - 2 μm), a decisive contribution to damping is made by absorption at various impurities, which is resonant in nature. The frequency dependence of fiber attenuation, in which the impurity composition is substantially reduced, is shown in Fig. 10.8.
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Fig. 10.8. Dependence of light attenuation in a quartz fiber on the wavelength

Here, the remaining impurities (ions of OH hydroxyl groups) cause a resonant absorption of light at wavelengths of 0.45; 1.24; 1.34 μm. Between these sections there are windows of transparency, the most interesting of which are windows at λ = 1.3 μm, λ = 1.55 μm. The lowest attenuation (up to 0.3 dB / km) and the longest communication range (up to 100 km) is achieved when the communication line operates at λ = 1.55 μm. However, the wavelength λ = 1.3 μm is also unique in that for it the attenuation minimum (0.7 ± 1 dB / km) coincides with the minimum pulse broadening. Therefore, in combination of the parameters "range of action - throughput" this wavelength is also widely used.

Control questions

1. List the types of transmission lines depending on the distribution medium.

2. Explain how to organize a multi-channel transmission system.

3. What are the ways to separate channels?

4. How are the communication cables classified?

5. Explain the cable marking.

Лекция № 11

Transport networks and access networks
План лекции
1. Model of transport and switched network
2. Elements of transport network
3. Structure of transport networks
4. The term "Subscriber Access Network"

5. Principles of construction of operated access networks

6. Main characteristics of access networks
7. Organization of access network

1. Model of transport and switched network

Until the 1980s, two concepts were very often considered in the PDS technique: the concept of a transport network (primary), the translation of the English "Transport Network" and the concept of a switched network, the so-called secondary network. The concept of transport network will be considered from this point of view. So the "Transport Network" is the scraping of network nodes (SSs) and transmission lines, which provide switched networks with the necessary resources for information exchange.
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Fig. 11.1. Transport and Switching Network Model

The lower parts of the left and right fragments are identical, because reflect a common transport network, which consists of two main elements: network nodes and their connecting transmission lines.

Historically, the SU equipment is located in the same buildings where PSTN switching equipment is installed. For this reason, the number of CS in the model under consideration is equal to the number of local stations (MS). Figure 11.1 shows the ring structure of the transport network, but this is not the only solution (linear structure also belongs to the main architectures). In our model, it is assumed that SSs are built on the basis of digital cross nodes (CCC). The left fragment of the figure shows the structure of the GTS, in which all local stations are linked by the principle "each with each". The right fragment - the data network contains 3 packet switching centers, which form a star-like structure. Let's write down another more extensive definition of the transport network.

Any transport network is a transmission line with regenerators, devices for entering streams into and out of the high-speed line, various kinds of switches for changing the flow routes.

2. Elements of transport network

As the elements in transport networks, the following devices are considered: terminal multiplexers, input / output multiplexers, cross switches, regenerators.

Terminal Multiplexer-TM. It is a network terminal with a certain number of access channels (electrical and optical) and one or two optical inputs / outputs, called aggregate ports or interfaces. When using 2 aggregate ports, it is possible to protect line signals from line or equipment damage. In the event of an accident, an automatic switchover to the backup line occurs.

Multiplexer of input / output (Add / Drop Multiplexer-ADM). It is designed to add and extract individual digital component signals at speeds of 2, 34, 140 Mbit / s or 155 Mbit / s. The multiplexer has two or four aggregate ports, to which fiber-optic communication lines (on both sides) are connected, through which digital streams are transported. The structure of ADM includes a switching node that creates the possibility of input / output, transit and automatic reservation of damaged paths and sections.

Cross-linker (xCrossConnects-XC). This device is intended for redistributing transport units and groups from the same STM (synchronous transport module) modules to other ones following the other routes. Cross-connect switch XC provides switching channels of various bandwidth (from 2 Mbit / s to 155 Mbit / s).

The change of routes in the cross-linker is carried out in advance on the basis of the service information that enters the telecommunications management system. Sometimes the functions of cross-linkers and I / O multiplexers are combined in one device.

Regenerator (Regenerator) of the transport network provides recovery of the form and duration of impulse parcels.

The elements considered ensure the functioning of any of the transport network models. For an optical network, there are different features. So, optical amplifiers are used to retransmit signals in the optical network line. Isolation, input and cross-switching of signals are performed by optical multiplexers without the use of electronic signal conversions, with Wave length Division Multiplexing (WDM).

Multiple I / O multiplexers can be connected to one fiber ring via their main interfaces. This organization of the transport network is convenient for urban telephone networks.
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Fig. 11.2. Organization of a transport network for city telephone networks

Telephone exchanges are connected via an I / O multiplexer (ADM) to the synchronous transport ring. Inside the ring, STM-4 modules are transported with a transfer rate of 622 Mbit / s.

Digital telephone exchanges are connected directly to the multiplexers, and analog (ATSC, ATSCH, DSH) - through the interface devices, which transfer the analog signal to digital and coordinating signals for control of stations.

3. Structure of transport networks

Transport networks can be divided into three levels.

Networks of the 1st level - local or local. They are organized in urban and rural areas and are designed to transmit digital streams from automatic telephone exchanges and other sources.

(The network described above is an example of a local transport network).

Networks of the second level - regional or zonal.

Layer 3 networks are the global backbone network.

When building transport networks of different levels, uniformity in the ways of information transportation, methods of network management and synchronization organization is maintained.

Differences in the networks of different levels consist only in the hierarchy of the used speeds, the architecture of the networks (ring, star, linear, etc.), the power of the nodes of cross switching.

As transmission lines in transport networks, fiber-optic lines (VOl) of transmission, radio-relay and satellite trunks, coaxial cables are used.
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Fig. 11.3. Transport network structure

4. The term "Subscriber Access Network"

The term "Access Network", which has become popular in recent years, is a complete analogue of the term "Subscriber Access Network", which is widely used in the domestic literature for communication networks.

Previously it was said (until the 1980s) that there are primary and secondary networks. Now we use a slightly different terminology (transport networks, access networks).

So, today we talk about "access networks", about "subscriber access networks" (analog). This term defines the portion of the communication network between the subscriber socket or, more generally, between the network end and the interface to the access node or local telephone exchange.

The network end is the boundary separating the access network and the user equipment.
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Fig. 11.4. Subscriber access network: СС - coaxial cable; EU - the equipment of the user; RC - radio channel; NE - network ending; TP - twisted pair; FOC - fiber optic cable.

The connection between the user equipment and the local station is via a subscriber line or a subscriber loop. When connecting to a local station, either proprietary interfaces (as determined by the equipment manufacturers) or open interfaces are used, for example, V5x (a family of narrowband interfaces (low-speed)) and VB5x (a family of broadband interfaces (high-speed)). Traditional interfaces (both proprietary and open) can be supplemented with interfaces such as IP, SDH, ATM, etc.

5. Principles of construction of operated access networks

In most cases, PSTN operators operate access networks built on principles that were developed several decades ago. These principles are significantly different for urban and rural telephone networks.

Common to existing access networks in the GTS and STS is that they typically represent a set of subscriber lines.

Access networks used in Russian cities are dominated by multi-pair communication cables with copper wires. The equipment of transmission systems is rarely used.

In access networks built in rural areas, about 15% of subscriber stations are formed by uninsulated wires that are suspended on poles (poles). In some northern and northwestern regions of the European part of Russia, as well as in Siberia, this value can reach up to 50%, but in the steppe regions, mainly cable communication lines are used.

In recent years, wireless technologies have been actively used in the access networks of the GTS and STS.

a). Typical structure of access network for GTS
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Fig. 11.5. Typical structure of access network for GTS

This structure includes the following elements: SK - subscriber kit, cross switching station, CDC - cable distribution cabinet, JB - junction box.

In the premises of the switching station, there are cross-country and subscriber unit racks. Between them are laid multi-pair cables, which form the station section of the access network. Cables coming out of the cross can be included in the SR or directly in the RK, which are located in the buildings of residential buildings or in the buildings of organizations.

In the latter case, the principle of building a network is called boxless, and the territory where this principle is used is a direct feed zone. In the cable distribution cabinet crossings of various cables are carried out, which makes it possible to build an access network economically. On the other hand, the SR reduces the reliability of the access network and degrades the quality of the transmitted information. The section of the access network between the cross and the ShR is called the main line. The distribution section of the access network is located between the RR and RK.

The space between the RO and TA occupies the last section of the access network - subscriber wiring.

b). Typical structure of the access network for the STS
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Fig. 11.6. Typical structure of the access network for STS

It includes the following elements: AK - subscriber kit, cross switching station, QW - cable box, FII - input-output isolators, АЗУ - subscriber's protective device.

On the column closest to the subscriber's premises, a QW with input-output isolators is installed. The purpose of these insulators is to protect overhead lines from extraneous currents and voltages. The AMU performs similar functions for a particular subscriber line.

The use of digital switching stations almost did not change the principles of building access networks. There are two reasons for this:

When replacing the old analog equipment with a digital switching station, the task was not to upgrade the access network.

Financial capabilities of the operator did not allow to significantly change the access network, even in cases when the need for such a solution was obvious.

Orientation of the majority of PSTN operators to support traditional telephone services did not stimulate any significant changes in access networks. Nevertheless, the use of PSTN resources for data transmission through modems has revealed a number of problems inherent in access networks:

The majority of subscriber cables did not allow to keep in the prescribed norms those characteristics that are significant in terms of signal transmission requiring a wider bandwidth in comparison with that provided by the PM channels.

The cable cross-connect devices in the SR and in the RK distort the transmitted signals, which are particularly noticeable outside the bandwidth of the PM channel.

A sharp surge of acts of vandalism and theft of air and cable communication lines.

Unauthorized access to AL for carrying out international or long distance calls at the expense of another subscriber, access to the Internet, obtaining paid information.

All these circumstances must be taken into account when upgrading access networks.

6. Main characteristics of access networks
The main characteristics of the access network consist of the electrical parameters of the AL and the structural characteristics of the access networks in operation. Electrical parameters of AL are standardized by industry standards [OST], approved by the administration of the Ministry of Information Technology and Communications of Kazakhstan.

For GTS, the electrical parameters of AL with metal cores are defined in OST 45. 82-96.

The attenuation value of AL circuits at frequency f = 1000 Hz should not be> 6.0 dB for a cable with a 0.4 and 0.5 mm core diameter, for a cable with a 0.32 mm core diameter this value should not be> 5 dB. It should be noted that in new projects, cables with a core diameter of 0.32 mm are not used. This is due to the low performance of this cable and the complexity of its installation.

The value of the transient attenuation of the near-end AL at f = 1000 Hz should not be <69.5 dB.

The value of the asymmetry of the resistance of the strands of AL to a direct current should not be> 0.5% of the resistance of the circuit.

The values of the resistance of cores of AL and its capacitance are determined:

OST 45. 54-95

R live DC current should not be> 1200 ohm (2x600 ohms).

The working capacity should not be> 0.5 micron Farad.

As the life of the cables increases, some parameters of AL (R insulation, working capacity) can change.

For CTC, the electrical parameters of AL with metal cores are defined in OST 45.83-96.

The value of attenuation of AL circuits at f = 1000 Hz, as for a gas turbine, should not be> 6.0 dB for a cable with a 0.4 mm and 0.5 mm core diameter, similarly for a cable with a core diameter of 0.32 mm, attenuation should not be> 5 dB.

Resistance of the strands of AL to a direct current should not be> 1200 Ohm (2х600 Ohm). The working capacity should not be> 1 micron Farad.

The value of the transient attenuation of the near-end AL at f = 1000 Hz should not be <69.5 dB.

The value of the asymmetry of the resistance of the cable strands of an AL to a direct current should not be> 0.5% of the resistance of the circuit.

For air circuits widely used in STS, the following asymmetry values are established for the construction of access networks:

5 Ohm - for conductors of non-ferrous metals;

10 Ohm - for conductors made of steel.

It should be noted that in rural access networks, ALs are sometimes operated, the parameters of which do not fit into the above norms. All existing access networks (in urban and rural areas) were designed for telephone communication. Accordingly, the bandwidth was determined by the requirements for the PM channel.

In some subscriber cables, one or more circuits are leased. Leased chains can be used to transfer information with direct current. This can cause problems when trying to use the equipment of standard transmission systems, which is undesirable.
Structural characteristics consist of average values ​​of lengths of AL and capacity of subscriber cables. These average values ​​were obtained as a result of processing real projects of access networks in the territory of Kazakhstan. Using the method of mathematical statistics, it was shown that the results obtained correspond well to those characteristic of Russian access networks.

The average value of length of AL in the Kazakhstan GTS is 1280 m, and the coefficient of variation of this value is 0.59 (permissible changes). The average length of AL for Russian GTS is much less than the similar value for most countries (reason for urban development). Until recently, the tendency of a decrease in the average AL value was traced in the Kazakhstan GTS.
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Fig. 11.7. Distribution of lengths of different sections of AL

These data correspond well with foreign access networks.

Analysis of the values relating to the capacity of the user's cable was carried out for the same projects.

The average value of the trunk cable capacity is 761 pairs, and the coefficient of variation of this value is 0.42. Compared with the 80 years, there has been an increase in cable capacity:

80 years - Capacity = 400 pairs, coefficient of variation = 0.59.

7. Organization of access network

A promising solution to the organization's network access is to use a part of the network of subscriber access to items such as universal multiservice access nodes (eg, Litespan 1540 of the company Alkatel) or the use of domestic equipment Multi-Service Access (provides integration services), such as the MAC system developed in LONIIS .

Purpose and scope of MAC. Multiservice subscriber concentrator (MAK) is designed to support almost all major modern access technologies, including: 1) standard connection over an analog subscriber line; 2) basic access to ISDN, as well as the latest technology from the entire spectrum of xDSL - a symmetrical high-speed digital AL SHDSL. The interface with the backbone PBX is protocol V.5.
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Fig. 11.8. The simplest version of the organization of communication with the help of IAC

Using the V.5.2 interface, the hub is connected to the backbone PBX, up to 570 analog subscriber terminals (analog telephones) or up to 152 ISDN terminals are connected to the subscriber's side.
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Fig. 11.9. The second variant of the organization of communication with the help of the MAC concentrator

Using the V.5.2 interface, the hub is connected to the backbone PBX. On the other hand, using the SHDSL8 card, integrated IAD devices connect to the SHDSL interface, which in turn can be connected to analog subscriber devices and data transfer devices (switches, local networks).

MAC equipment can be used in telecommunication systems for various purposes:

- for the development of rural and urban telephone networks OP, starting with the expansion of number capacity and ending with providing customers with the most modern infocommunication services;

- for creation and modernization of corporate networks for various purposes (departmental, commercial and other), for which telephone communication and new types of services are needed;

- for the organization of temporary communication and the operative connection of a group of subscribers to a switching station in case of technical catastrophes and in other situations.

Control questions

1. Give the concept of an intelligent network.

2. List the services provided by the intelligent network.

3. Which main nodes are included in the basic architecture of an intelligent network.

4. Explain the call service model in the intelligent network.

5. Tell us about the options for the implementation of intelligent network services.
Лекция № 12

Processes of integration and convergence. Next Generation Networks
План лекции
1. Digital networks with integrated services (ISDN)

2. Synchronous (STM) and asynchronous (ATM) transmission modes in digital networks

3. Next Generation Networks
1. Digital networks with integrated services (ISDN)

ISDN assumes this way of digitizing telephone network signals so that voice, information, text, graphics, music, video signals and other material sources can be transferred to the end user via existing telephone wires and received by him from one terminal of the end user. The basis of ISDN is a digital telephone network (based on digital telephone channels 64 kbit / s). Therefore ISDN is a network with circuit switching and packet switching.

• Two ISDN access modes are used:

1. DSL mode (Digital Subscriber Line).

2. xDSL (Extended DSL) mode.

• In DSL mode, Basic Basic Access (BRA) is used, which provides a Basic Rate Interface (BRI) interface as one access point to ISDN. It is designated as (2B64 + D16), because consists of two channels of information exchange (B-channel (Bearer)) and one service data channel (D-channel (Delta)). The B-channel operates at 64 kbit / s and is open. The D-channel operates at a rate of 16 Kbit / s and is used for the transmission of service information signals.

• In xDSL mode, primary PRI (Primary Rate Access) is used, which provides the primary PRI (Primary Rate Interface) interface used to connect ISDN user groups, PBXs and other multi-user switching systems to the ISDN.

PRI is formed from 23 B-channels and one D-channel with equal speeds of 64 Kbit / s - (23B64 + D64), which corresponds to a total throughput of 1.544 Mbit / s.

Existing plesiochronous methods of combining flows have a number of significant drawbacks.

In PDH systems, to equalize the rates, you have to add aligning bits to the stream, and at uneven intervals. Because of this, the stream as a whole becomes not quite regular. Therefore, in order to extract the information of any particular channel from the common stream, you must first extend the entire stream through the channels and remove the empty alignment bits. This is a significant drawback of PDH systems. It becomes impossible at intermediate points to allocate or enter separate channels or groups of channels without completely demultiplexing (embedding) the entire stream, and after the output / input (drop / insert) again multiplexed with the addition of new alignment bits. This disadvantage has little effect in the "transfer" of the flow by transit on long trunk lines, where such inputs / outputs are rare. And on networks of small length, for example, between banks and their branches, such an operation occurs very often. This leads to a significant increase in the volume of equipment and a rise in the cost of communications.

Another drawback of PDH is its weak capabilities in organizing service channels for the purposes of monitoring and controlling the flow in the network and the almost complete lack of routing (there is practically no place in the cycles and over-cycles for routing signals). Therefore, in some cases, additional signals are transmitted by a small number of bits instead of other signals and not every cycle, which limits the capabilities of PDH systems.

G.703 CCITT recommendation does not provide addressable headers necessary for routing. Due to the lack of destination addresses of certain channels with multiple multiplexing / demultiplexing, you can generally lose the "history" of the origin and transmission of information, which will lead to disruption of the routing scheme of the entire stream. Some possibilities of using PDH systems with different hierarchies and equipment of different countries for joint work are provided in CCITT recommendations G.747 and G.755.

The problems that have arisen are radically solved only in the framework of a new approach to the organization of a global communications network. The technical capabilities allow synchronization of the transmitted and received streams of all the equipment participating in the channel connection from a single source of highly stable synchronization signals. This immediately removes the problem of the need for code parcels of synchronization signals in cycles and supercycles. Moreover, the stability of a single synchronization system is ensured up to very high clock frequencies (tens of GHz). So you can organize very high-speed streams (higher than in PDH), and therefore there is a stock of bit positions to organize the transfer of redundant characters in addition to information. And this stock can be very significant. This allows you to give each channel its shortcuts, addresses and many other additional properties that make it easy to recognize each channel.

This way is recognized by the world community as optimal and for its implementation the technology of the SYNCHRONOUS DIGITAL HIERARCHY (SDH) - Synchronous Digital Hierarchy (SDH) has been developed.

CCITT recommendation G.707 provides its following advantages:

- simplified technique of combining / dividing digital streams;

- direct access to components without the need to thread the entire stream;

- expansion of network operation and maintenance capabilities;
- easy transition to ever higher transmission speeds;

- it is possible to transmit both signals of SDH systems and PDH systems.

Historically, errors with poor compatibility of equipment from different countries PDH systems, and even working on different standards, could be repeated even when developing SDH systems. Each group of developers sought to integrate the existing PDH systems of their countries into their system.

Initially, developments were carried out with reference to fiber-optic communication lines. In the United States, the system of the SYNCHRONOUS OPTICAL SONET network was developed, and in Europe a similar SYNCHRONOUS DIGITAL HIERARCHY SDH. They were based each on their standards of organization of the structure of cycles and transmission rates. This approach promised many problems in the future at international junctions. Therefore, the SONET committee refused to further develop and implement its separate hierarchy. Difficulties mainly consisted in the need to ensure the joint operation of systems based on different speed standards:

- Sev. Americas: (1544 - 6312 - 44736 kbit / s);

- Japanese: (1544 - 6312 - 32064 - 97728 kbps);

- European (2048 - 8448 - 34368 - 129264 kbps).

Joint efforts led to the development and publication in the Blue Book of the three fundamental recommendations of the CCITT (European Committee), now called ITU-I on SDH: Rec. G.707; G. 708; G. 709 and in parallel for America, the ANSI and Bellcore organizations published similar standards for SONET.

To understand the principles of organizing SDH systems, you need to learn a number of new terms.

The transmission speed at the first Network Node Interface (NNI) level is set at 155520 kbps (above the top speed of the European PDH, equal to 139264 kbps). The speeds of the higher SDH levels are obtained by multiplying an integer number of times: 4 (622080 kbps), 16 (2448320 kbps), are developed and 64 times more). Levels below the first are under development, for example, levels below 60 Mb / s.

Fundamental in SDH technology is the principle of building an SDH network for functional layers. The uppermost layer is the users, the lower one is the physical medium of signal transmission. Each overlying layer is a client of the underlying that serves it.

This structure allows you to make improvements and replacements with more modern equipment in any layer, regardless of other layers. This is achieved by strict compliance with interfaces between layers regardless of the type of equipment and the country of manufacture.

INTERFACE:

- is a set of unified hardware, software and design tools necessary to implement the interaction of various functional devices;

- allows you to have within each layer your own automation tools for the functions of control, management and maintenance (OAM).

The user layer is the entire aggregate of the hardware properties of the network subscribers transmitting and receiving information.

The network of channels - the layer serving users, contains electronic automatic telephone exchanges, providing connection of terminals of users to those or other sets of terminal automatic telephone exchanges of system SDH.

The network layer of the paths has two sublevels: the lower and higher orders, which serve respectively lower-speed and high-speed flows.

The group paths at the output form group flows, which, through the equipment, are interfaced with the linear path, the transmission medium.

The client information comes from the layer to the layer or is output from the layer through the access points - interfaces.

The combination of the client's information transmission facilities and OAM automation facilities inside the layer is called the TRASS. The track consists of one or more links. The boundaries of the links are the joint of the network node (SSN), the parameters of which are specified in ITU-T Rec. G. 708 (structure of cycles); in Rec. G. 703 - (electrical characteristics); in Rec. G. 957 - (optical characteristics).

The horizontal division of the structure of the SDH network is supplemented by vertical - on the subnet, for example, international, national, interzone, connected with each other connecting lines.

When passing from layer to layer, the information is transformed to adapt the transmission in a given layer (transformation of signals, codes, loop structures, etc.).

At the first stage, while the SDH systems are not the main ones, the task of creating SDH networks involves the transmission of the flows formed by the PDH systems. To adapt the FDH streams for speed compensation, the Points - (P) system and specially reserved bits in the SDH cycles are used (Rec. G. 811).

The transfer of information is called in SDH - transportation. The very process of transportation is very similar to the railway transportation of payloads. Rails are communication lines. End stations are terminal endings. Intermediate points and patrols are regenerative and transit points. The nodes are the key points. Trains are cycles.

Cargo is loaded into containers of various sizes: 2t; 5m; 20t - the whole car. Several wagons destined for one direction in the train can be connected to each other. Similar terminology is also in the SDH system.

The information of the user, equipped for transportation with the necessary headings (accompanying document), is placed in a container of the appropriate size (their sizes are standardized). But since this container is not a physical box, but a sequence of bits (blocks) of a certain length and structure, then such a container is called VIRTUAL (Virtual Container - VC). More precisely, the input stream of the standard speed is first converted into block-containers, which are converted to a VC with a period of 125 μs or 500 μs (depending on the type of path) via the SDH-mapping operation.

2. Synchronous (STM) and asynchronous (ATM) transmission modes in digital networks

Asynchronous Transfer Mode (ATM) is a packet-oriented method of high-speed data transmission. ATM defines a technology that enables the implementation of Fast Channel Switching (FCS) and Fast Packet Switching (FPS) concepts. For this, the asynchronous method allows:

• transmit data on the same physical channels, both at low and high speeds;

• work with constant and variable data streams;

• integrate any kinds of information: texts, speech, motionless and moving images.

ATM means asynchronous transfer mode. The term ATM was introduced in 1968. the Bell Labs laboratory. This term means that cells belonging to the same connection can occupy any position in the output stream, or in other words, the cells are multiplexed statistically in the output stream, or in other words, the bandwidth is dynamically allocated. In the name of the asynchronous mode, a small paradox is hidden: the technology provides asynchronous multiplexing, but requires synchronous transfer of cells, i.e. the transmission system operates synchronously, the cells (user-defined, empty) are transmitted regularly.
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Fig. 12.1. Data transmission to the ATM network

The ATM network has a classical structure of a large territorial network. End stations are connected by individual channels with ATM switches of the lower level (boundary switches), which in turn are connected to higher-level switches (backbone switches).

ATM switches use 20-byte end node addresses to route connection requests based on virtual channel techniques. In the ATM network, connection requests are routed, and user cells are switched during transmission over the network based on virtual channels. To dynamically route requests to ATM, methods and algorithms are used that have proven themselves in other technologies: routing from the source (used on the Token Ring local network), using a modified Dijkstra algorithm to correct routing tables (the Dijkstra algorithm is used in IP networks).

Packet switching occurs on the basis of the virtual channel identifier (virtual channel technology was implemented for the first time in 1974 in X.25). In addition to the virtual channel identifier, the virtual path identifier is entered in the ATM. A virtual path combines several virtual channels that share a common path or a completely common path. The concept of a virtual path was introduced to speed up switching.

ATM uses the existing physical interfaces E1, E3 (plesiochronous digital hierarchy interfaces), STM1, STM4, STM16 (synchronous digital hierarchy interfaces), FDDI, Ethernet, Token Ring, ATM 25 (ATM local network interface).

The above characteristics of ATM technology present it as a typical global network technology based on packet switching and virtual channel technology.

The peculiarity of ATM is high-quality maintenance of heterogeneous traffic. This means that in the ATM network in the same communication channels, in the same switching equipment, computer and multimedia traffic are combined in such a way that each type of traffic receives the proper level of service.

To ensure high-quality maintenance of heterogeneous traffic, the following was done:

1. There are 4 main traffic classes created by different applications;

2. A fixed packet length of 53 bytes was selected for combining heterogeneous traffic in one network. A packet of 53 bytes in length was called a cell.

3. Adaptation protocols for AAL have been developed, which adapt, i.e. prepare traffic for transmission in the ATM network in the form of cells;

4. Various transmission services have been developed (CBR, VBR, UBR, ABR) to support high-quality traffic services. Each service is a set of executive mechanisms that are implemented in ATM switches and provide quality support along the path of the traffic.
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Fig. 12.2. Distribution of protocols by ATM nodes

3. Next Generation Networks

The prerequisites for the emergence of the NGN network idea

In various areas of human activity, there is a common marketing pattern, cyclicity in various technologies of goods and services.

For the NGN network, the following major cycles can be considered the development of network technologies:

- narrowband ISDN network;

- broadband B-ISDN;

- intelligent networks IN;

- cellular networks standard 2G.

Some of these technologies have not been widely developed, and others have evolved into new technologies for directing XDSL from IDSL; CTI; WLL-WIR, Wi MAX; 2.5G; 3G.

One of the main reasons for the emergence of NGN is the completion of the life cycle of operational digital telephone exchanges and the desire not to replace them with the same stations, but radically to modernize the network.

The second reason for the emergence of NGN - the implementation of telephone services and Internet access, on the basis of unified hardware software, replacing the classical telephone exchanges and equipment SPD.

The main features of the NGN network.

The main goal of NGN creation is to facilitate convergence of networks and services for telecom operators.

Auxiliary objectives - promoting competition for operators and service providers; promotion of private investment; satisfaction of various regulatory requirements; access to various service providers.

NGN is a packet-based network that is able to provide services to internal telecommunication services, and also provide the opportunity to use several broadband, providing quality of service, transport technologies. In which the function refers to services independent of the underlying technologies related to transportation. It provides free access for users of their choice to networks and competing providers of services and services. It supports the possibility of permanent and ubiquitous provision of services and services.

The main characteristic of the NGN network.

· NGN-network based on packet switching.

· Separation of management functions, transportation of information and provision of services.

· Use open interfaces to connect third-party application platforms.

· Support for a wide range of services and applications based on unified service units. For example, on-line services (real-time mode), streaming mode.

· Broadband capability with end-to-end quality of service QoS.

· Interact with all existing SS using open interfaces.

· Universal mobility (immobility of users, and mobility of services)

· Unlimited user access to various service providers.

· A variety of schemes for identifying users or terminals.

· Unified service characteristics for the same service from the user's point of view, regardless of the communication technologies used.

· Combining fixed and mobile services FMC /

· Support for various technologies of the "last line" (between the station and subscribers) twisted pair, wireless access, coaxial cable, optics, etc.

· Fulfillment of all regulated requirements. For example, emergency communications, information protection, direction, confidentiality, etc.

The architecture of NGN.

[image: image136.emf]Уровень

 услуг

Уровень управления

Транспортный уровень

Уровень доступа

Internet 

GSM

ТфОП

IAO

MG

ЭВМ

Ethernet 

MG


Fig. 12.3. Architecture NGN

The lowest level: the access level-provides the connection of other networks to the NGN network or directly the user terminals supporting packet technologies. For terminal networks, which do not support packet-based technologies, they are connected through media gateways-MG NGN.

The purpose of MG is to convert the information received from other networks into a single package view.

The packet terminals are connected to the access network through a special IAD access device.

The implementation of the access network at the physical level allows the use of various technologies - wired and wireless.

Classification of NGN services.

All services of the NGN network can be divided into two large classes-basic and additional services. The basic services include 4 types of services:

voice services (classical telephone communication, mobile communication, IP-telephony, communication with the operator).

Video services

- television broadcasting services.

- interactive video services (video on demand, video prepaid, etc.)

- Internet services - access to information (text chat, E-mail, etc.)

4- interactive services (televoting, etc.)

Additional services.

1) common VPN services:

- IP PBX;

- conferences;

- contact center;

2) services for individual users:

- educational services:

- social services.

The services of convergence of fixed and mobile (FMC) about the events of presence are of special importance.

Problems of NGN implementation.

· Service Compatibility

· Types of services by subscriber number

· Security of communication networks

· COPM systems of various activities

· Calculations for NGN services and mutual settlements between operators and service providers

· There was no simple problem.

· Flexible switches. (Soft-switch)

The concept of a flexible switch is twofold:

- A flexible switch as a technology is a set of network elements interacting on standardized interfaces and protocols that form a distributed call control architecture and provide management of packet switching information of various kinds, and integration of various existing networks (SS OC, mobile networks (MTS), data networks (Int) in the process of providing communication services.

- Flexible switch as a device Media Gateway Controller (MCC) software on the basis of physical and software servers, provides management of distributed network elements of flexible switch equipment. Media gateways and gateways of systems on standardized interfaces and protocols.

Control questions

1. Plesiochronous digital hierarchy. Principles of formation of velocities.

2. Integration and allocation of digital streams in the PDP.

3. Synchronous digital hierarchy. Principles of formation of velocities.

4. Synchronous transport module.

5. Transportation of plesiochronous hierarchy signals through synchronous hierarchy networks.

Лекция № 13

Methods of research of info communications
План лекции

1. Analysis of the structural characteristics of telecommunication networks

2. Synthesis of the structure of prospective telecommunication networks

3. Teletraffic theory

4. General information from graph theory
1. Analysis of the structural characteristics of telecommunication networks
When analyzing the structure of a telecommunication network, two tasks are usually solved. The first task is to determine the correspondence of the network structure to the requirements set for the infocommunication system as a whole. The second task is connected with the possibility of adapting the network structure to new requirements.

National public communication network always has a hierarchical structure. The choice of hierarchy levels was usually made taking into account the administrative division of the country. This decision was made for two reasons. First, in mathematics, there is still no universal method for optimizing complex hierarchical systems. The models studied are either of a private nature or very difficult to solve practical problems. Secondly, the administrative division of the country solves the tasks of governing the state. Public networks play an important role in the management tasks. Therefore, the choice of hierarchical levels - regardless of the conditions of optimality - should be considered as a predetermined limitation in setting the tasks of analyzing the structural characteristics of telecommunications networks.

Analysis of structural characteristics is carried out using a network model in the form of a graph. Fig. 13.1 shows a graph of an arbitrary structure. This model represents a good part of the IP network.
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Fig. 13.1. Graph of arbitrary structure

For the vertices of graph a1 and a3, three possible routes for information exchange are shown.

The first and second routes are drawn in dashed lines. They are basic and equal. The third route is represented by a dot-and-dash line. It is assigned the status of a backup path. It is used only if both the first and second routes are unable to solve the task of exchanging information between the nodes of the network that correspond to the vertices of the graphs a1 and a3.

The combination of routes between each pair of nodes of the network is an important property of the telecommunications network. On a graph, it is usually estimated using the path matrix. If the paths are not equal (as assumed on the model in question), then the weight of the route is set. It can be expressed by the length of the path or its cost. In addition, the degree of the top of the graph is distinguished - the number of incoming and outgoing edges.

The general trend in the development of telecommunications networks is to reduce the number of hierarchical levels and the number of vertices at each level of the hierarchy.

Analysis of possible routes and the evolution of the structure of the telecommunications network are necessary conditions for investigating the reliability of the infocommunication system.
2. Synthesis of the structure of prospective telecommunication networks
For the long-distance communication network, the location of the terminal switching stations is determined by the territorial division of the state. The main task of network planning is to determine the location of transit stations and the optimal structure of communication lines. Costs on the communication line constitute the dominant share of the cost of long-distance networks.

A similar situation develops with rural communications networks. The locations of the support switching stations are determined by historically established circumstances. Costs on the communication line constitute a significant share of the cost of the rural network.

Another situation is typical for urban communications networks. The task of network planning includes the search for the location of switching stations. In addition, the cost of switching equipment and communication lines are commensurable.

To synthesize the structure of telecommunications networks currently in operation, appropriate mathematical methods were developed. They were based on the classical methods of graph theory, optimization, inventory management, decision-making. Most of the decisions you made earlier can not be changed. Therefore, it seems expedient to consider the problems of synthesis of perspective telecommunication networks as an opportunity to minimize existing shortcomings.

The current situation is largely due to objective reasons. However, the subjective mistakes made in the planning of networks can not be ignored. Their analysis is useful from the point of view of preventing possible errors in the construction of promising telecommunications networks. In Fig. 13.2 shows an example of objective errors caused by the growth in the number of subscribers, the possibility of which was either not taken into account, or was ignored.
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Fig. 13.2. Changing the network structure in the time period [T1, T2]

In the left part of Fig. 13.2 shows the network in which three end stations are installed. Each of the stations serves subscribers of one district. The network structure shown on the left side of the model is formed by the moment T1. It is possible that the choice of the number of terminal stations, their locations, capacity of communication lines was chosen optimally. This means that the network structure is optimal by the time T1.

In the future - by the time of T2 - the number of subscribers has increased. Suppose that the capacity of all three terminal stations could not be increased. This situation was typical for telephone networks built on ten-step equipment. As a result, several more terminal stations have to be introduced. On the right-hand side of Fig. 13.2 shows three new stations. Obviously, the availability of predictive estimates regarding the growth in the number of potential subscribers could contribute to a more economical network construction.

Let's assume that the presence of such estimates allows us to obtain a new version of the network structure, consisting, for example, of five stations located not at the points that were chosen when planning the network. From a practical point of view, the new version of the network structure is not valuable. The task of planning a prospective network is to optimally develop the structure that has already been created.

It is expedient to implement the solution of such problems taking into account both external and internal factors. External factors include economic forecasts that allow, for example, to determine solvent demand, the expected expansion of the territory of cities and rural settlements, and demographic changes. Internal factors are mainly related to infocommunication technologies, modern services and the most important trends in the development of the communication system.

Figure 13.3 shows two options for modifying the structure of the operated network when external and internal factors change. It is assumed that external factors are associated with an increase in the area of the serviced territory. Growth in the number of subscribers is the most important internal factor in the development of the communication system.
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Fig. 13.3. Two variants of modification of the structure of the operated network

In the upper right part of Fig. 13.3 shows the same network structure, but the service area of each terminal station is expanded. Such a solution requires increasing the capacity of all terminal stations. Then the optimization task is to determine the capacity of all terminal stations. This means that the geographic boundaries of each district are expanding. Apparently, the principles of building an access network can change significantly.

In the right lower part of Fig. 13.3 shows a new network structure. It consists of five terminals. In this case, the optimization task is connected with the choice of the number of new stations (the number "5" is indicated conditionally), their locations, and also the organization of communication with the operating switching systems. For both variants, various optimization methods can be used. At present, a significant interest is associated with the methods of a full search of possible options. This approach is due to three factors. First, the use of computers in many cases allows you to quickly sort through the possible options for solving the problem. Secondly, many possible solutions are often limited to several options. Thirdly, the accuracy of the solution of a number of problems has ceased to influence the optimal choice of the modernization path of the infocommunication system as a whole.

3. Teletraffic theory
The term "telesetraph" on telecommunication networks should be understood as the intensity of message flows (telephone, telegraph, streams in data transmission networks). A mathematical apparatus that adequately describes probabilistic processes is the queuing theory, the subject of which are queuing systems (QMS). The main components of the QMS are the input stream of requirements (applications or messages), the maintenance mechanism, the discipline of service. A generalized model of an N-linear single-phase SMO is shown in Fig. 13.4.
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Fig. 13.4. Generalized model of SMO

There are mathematical models corresponding to a fixed service time (constant duration for some devices when establishing a connection) or random. As a random distribution of the service time, a negative exponential distribution is used:
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If all ESL switches are busy, by the time the connection requirement arrives, this requirement is either lost irrevocably (a system with obvious losses) or is repeated at random or fixed time intervals (a system with repeated calls), or queued and serviced as it is released connecting paths (waiting system). There are also systems with traversals, when requirements are directed to an overload group for commuting through the workaround. There are three ways to search:

1) ordered search (the system searches, always starting from the same line in a certain order until the first free line is found),

2) random search (unordered) - any of the free lines has equal chances with other lines to be occupied first,

3) cyclic search - sequential search without a fixed starting position.

The switching system can be fully accessible (if each LFL can be connected to each LIS) and not fully accessible (if each LFL has access only to k of N LIs, then the switching system has an availability factor of k). Often used multi-link COP with variable availability. A random stream of telephone calls is called the simplest flow, if it simultaneously has the properties:

1) stationarity,

2) single,

3) lack of aftereffect.

In order for the switching equipment to be able to handle the load, the calculation of its volume is made based on the load at the time when it is maximum. A continuous time interval of one hour (60 minutes, 3600 seconds), during which the load is maximum, is called the hour of maximum load (NNP). The call flow in the NWN is considered stationary, steady, and the measured or estimated NNT parameters are accepted as input for calculating the parameters of the input stream. Load serviced by switching devices. We agree to consider as a switching device a bundle of equivalent connecting lines (ESL) of capacity N, which provides the magnitude of the intensity of the serviced load, equal to Υ erl. For systems with losses Y < A, for systems with the expectation Y = A. Load loss. The flow of lost (blocked) requirements (failure rate) is determined by the difference between the values of the incoming and the served loads: R = A - Y. Parameters of the system with losses:

1) the loss probability B = R / A = (A - Y) / A;
2) the dangerous time G is the probability that the switching device or its defined subgroup is fully occupied; for a random load G = B;

3) the capacity of the SMO - the maximum possible load with a guaranteed loss value.

System parameters with expectation.

1. The probability of waiting P (> 0) is the probability that the request can not be serviced immediately and it takes some waiting time before the service starts; obviously P (> 0) > B (due to load differences).

2. Distribution of the waiting time P (> t) is the probability that the incoming request will wait for service for a length of time longer than t.

3. Average waiting time tw is the average wait time for the requests in the waiting queue.

4. Average waiting time 
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 - the average waiting time, referred to all received requirements: 
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Types of losses in switching equipment.

1. Operational losses: incorrect connection, distortion, interference.

2. Stochastic losses: losses on calls or on time in an absolutely error-free functioning environment due to locks. The subject of study in teletraffic theory is only stochastic losses.

Mathematical model of teletraffic. Initial parcels.

- The system tends to a state of statistical equilibrium.

- We will consider the stream of calls as the simplest telephone stream with the properties of stationarity, singleness and the absence of aftereffects.

- As the initial data for the calculation, we take the measured or estimated parameters of the NNP.

The employment state of the ESL beam. A line can be in one of two states: it can be either free or busy. The discrete random variable X (t) "The busy state of the N-line beam at time t" is determined by the number of simultaneous studies of X (t) = (0,1,2, ... N) lines. The probability of occupying Q (x, t) is the probability that x lines are occupied at time t. For a stationary process, Q (x, t) = Q (x). The served load can be found as the mathematical expectation of a random variable x:
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For a fully accessible line bundle, if x = N, the full load relation holds and the value G = Q (N) is a dangerous time. The Poisson distribution in telephony is usually given in the following formulation:

- the probability that there will be j calls in the time interval t is:
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(with the number of users interested in using the network of subscribers is assumed to be infinitely large M ( ();

- the distribution of employment states for a Poisson distribution has the form: 
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 (in this case, the capacity of the ESL beam is assumed to be infinitely large N → ().

The operating principle of the switching device is determined by the transition probabilities p (z, x) of the Markov chain. Erlang distribution for QMS with losses:
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Load distribution from a finite number of sources. Load distribution in the system without losses. The flow of "pauses" for a time 
[image: image149.wmf]ñð

t

 from one source:


[image: image150.wmf](

)

11

ñðñð

ñðñð

tt

q

ft

r

r

rr

×

===

--


The binomial law of distribution of employment states:
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Load distribution in a fully accessible beam of N lines in a system with losses. The structure of the passage of the input flow through the switching field of the SMO is shown in Fig. 13.5.
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Fig. 13.5. Passage of load flows through the CS

The following relations hold:
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where B is the probability of call blocking.

Engset's distribution:
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Losses over time determine the probability that all lines are busy; there must be a call to make a lock. In (probability of blocking calls) there is a dangerous time in the system with the number of sources reduced by one (M - 1):
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For M ( (, the distribution of Engset becomes the distribution of Erlang.
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System with expectation. Waiting systems are designed to serve all incoming traffic. The main assumptions adopted in the analysis of QMS with expectation are:

1. The amount of incoming teletraffic should be less than the number of serving devices (A <N).

2. As a rule, all incoming load is serviced by the system (A = Y); the load reduction (Y <A) can be caused either by a finite amount of memory for storing requirements, or by voluntary removal of requirements by "tired" subscribers.

3. The number of sources in the system is assumed to be infinitely large (M ( ().

4. Theoretically, in a system without losses with M ( (, the queue must be infinitely long, but in practice only the final queues are realized.

5. The total time of the requirement stay in the system is divided by the waiting time and the duration of the service (this term is understood here as the average time of the session taken in the analysis of systems with losses).

6. The operation of the system depends on the distribution of the duration of the service. Real systems function with some intermediate distribution between deterministic law and random. As a deterministic law, a constant distribution of the length of service is accepted, and as an accidental one it is an exponential distribution.

7. The queue servicing discipline (the way to select calls waiting in the queue) is usually selected from the following list:

- on the principle of "first come, first served" (F.I.F.O.),

- cyclic interrogation of sources (the queue is served in the order of the sequence of appearance of pending calls);

- random selection of waiting calls,

- choice according to the discipline of priorities.

The main purpose of QS analysis with expectation is to determine the distribution of the probabilities of waiting time and the finding on the basis of it of the mean waiting time, as well as the probability that this time will exceed a certain predetermined value.

Distribution of busy states of a fully accessible beam.
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Fig. 13.6. Laws of the distribution of busy states for a fully accessible line bundle

Classification of D.G. Kendall. Fig. 13.7 shows the expanded version of the classifier format.
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Fig. 13.7. Notations adopted in the QMS with expectation

The Erlang model M / M / N. The second Erlang formula (Erlang's C-formula):
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where E1,N(A) - is the first Erlang formula for a system with losses, the B-formula.

Served traffic is calculated by the formula Y = A ∙ (1 - B).

4. General information from graph theory
The first telephone systems did not use switching stations. An example of such a solution is shown on the left-hand side of Fig. 13.8. The corresponding key is used to communicate with the telephone of the called subscriber. The totality of such keys can be considered as a hub. A significant disadvantage of this method of communication organization is the significant number of lines included at the output of the concentrator. To communicate with N subscribers in each hub, it is necessary to include N-1 lines.
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Fig. 13.8. Two options for organizing telephone communications for four subscribers

Obviously, this way of organizing communication does not allow you to connect a large number of terminals. On the right-hand side of Fig. 13.8 shows the variant of communication organization, which implies the installation of a switching station. In this case, only one line is laid from each terminal to the station.

To determine the term "network structure," it is advisable to use a mathematical model in the form of a graph. A graph consists of a set of vertices that are connected by means of edges. Usually the tops of the graph are mapped to switching stations or terminals. The communication lines are conveniently represented by the edges of the graph. Examples of different graphs with six vertices are shown in Figure 13.9. The vertices of the graph are denoted by the symbols ai.
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Fig. 13.9. Four examples of structures for a graph with six vertices

Option (a) illustrates the graph of a star-shaped structure. The center of the graph is the vertex a4. The graph of the tree structure is shown as an option (b). Option (c) corresponds to the ring topology. A graph in which all vertices are connected in pairs are called mesh. Such a graph is shown as an option (d). The vertices of a graph connected by edges are said to be adjacent. For variant (a), all vertices with numbers 1, 2, 4, 5, 6 are adjacent only to vertex a4. For ring topology - option (c) - for each vertex aj two vertices will always be adjacent: aj-1 and aj+1 (in this case, for the sixth vertex j +1 = 1).

The number of edges incident to a vertex is called the rank of the vertex. For example, all vertices in a fully connected graph have a rank that is one less than the total number of vertices. For a star-like structure, the rank of a4 is five (in general, it is also one less than the total number of vertices), and all other vertices have rank equal to one. Such vertices are called dead-end ones - no transit routes pass through them. The edge that starts and ends at the same vertex is called a loop. Usually, in the theory of communication networks, mathematical models in the form of graphs with loops are not used.

By μxy, between the vertices ax and ay is an ordered sequence of edges. In it, each vertex of a graph can occur only once. The path rank for each pair of vertices is usually determined by the number through which these vertices are connected. It is obvious that for a fully connected graph the rank of the path is equal to one. For tree topology - option (b) - for vertices a3 and a5, the path rank is four.

Sometimes in networks, information can only be transmitted in one direction. Then the model in the form of an oriented graph is used - option (a) in Figure 13.10. In an oriented graph, each edge is equipped with an arrow (one or two) to indicate the direction of communication. If the graph is undirected, then the arrows are not used. An example of such a graph is shown as an option (b). Variant (c) illustrates an example of a mixed graph. It uses both oriented and undirected edges.
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Fig. 13.10. Oriented, undirected and mixed graphs

One of the classical problems of choosing a network structure, solved with the help of graph theory, is connected with finding the Steiner point. This point allows you to build a tree topology in which the sum of the lengths of the edges is minimal. For a graph with three vertices that form an equilateral triangle, the Steiner point is formed by lines converging at an angle of 120 degrees - Fig. 13.11. For the graph of an arbitrary structure, algorithms for finding a Steiner point are developed.
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Fig. 13.11. An example of finding a Steiner point

Control questions

1. What is the load on the subscriber line?

2. What is the load on the connecting line?

3. Purpose of the concentrator.

4. What is the difference between a hub and a switching module?

5. The difference of the substation from the automatic telephone station.

6. Possible configurations of concentrators with multiple access.
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