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This chapter is designed to provide the student with

OBJECTIVES:

Upon completion of this chapter the student will be able to:

· list the five levels in the European version of PDH

· explain why SDH was introduced as successor to PDH

· explain the different alternatives of mapping PDH signals into SDH transport modules

· explain the four steps in the SDH multiplexing structure

· calculate the STM-1 frame bit rate

· explain the SDH logical and physical network

· list three protection methods in a SDH network

· explain how ATM can accommodate different services like voice, data and video

· list the main difference between VC and VP switching in ATM

· list three transport alternatives for an ATM frame

· draw a picture of the PSTN access network and explain which connections can be used in a PLMN access network

· explain the main difference between the PSTN access network and the narrowband ISDN access network

· explain why the Abis and Ater interfaces imply additional requirements if transmitted over a satellite connection

· explain requirements on interfaces if transmitted over a satellite connection

· list one PLMN requirement on a CATV modem
· state the transfer mode features of X.25

· state the transfer mode features of Frame Relay

· state where, in a PLMN, frame relay is used

· explain why two different transport layer protocols exist in Internet

· explain the two parts in an IP address

· explain the routing procedure

· explain how QoS can be introduced in IP networks
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Plesiochronous Digital Hierarchy (PDH), which was developed in the 1950s and 1960s and brought into use worldwide in the 1970s, is the predominant multiplexing technique today. 

Figure 4-

 SEQ Figure \* ARABIC 1 Pulse Code Modulation (PCM)
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The main objective was to digitalize communication networks that had previously carried analog voice communication.  The voice coding was based on sampling at 8000 Hz with 256 quantization levels (8bit) resulting in 64 kb/s per traffic channel. Frequencies 300 to 3400 Hz was considered to be sufficient for good voice quality. According to the sampling theorem  frequencies up to half of the sampling frequency can be reconstructed, that is 8 kHz sampling supports up to 4 kHz signal ideally.  

Figure 4-

 SEQ Figure \* ARABIC 2 The PCM Frame

The European plesiochronous hierarchy is based on a 2048 kbps digital signal which may come from a PCM30 system, a digital exchange, or from any other device, in accordance with the interface standard (ITU-T recommendation G.703). In the frame time slot zero (TS0) is reserved for frame synchronization (ITU-T recommendation G.704) and in PSTN networks TS16 is reserved for channel associated signaling (CAS). 
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Figure 4-

 SEQ Figure \* ARABIC 3 PDH multiplexing structure.

The name plesiochronous refers to the network synchronization, in which nodes are allowed to be synchronized by standalone clocks with an accuracy of 50 ppm. In the case of two channels, one at 2.048 kbps and one at 2047.95 kbps, the slow channel has additional justification bits, while the other remains at 2.048 kbps. This procedure allows successful bit interleaving of several channels to produce a single higher-rate channel at the multiplexer output. Control bits are used to inform the receiver whether or not the corresponding justification bit is used.

PDH multiplexing is achieved over a number of hierarchical levels, for example, first order, second order and so on. In the European PDH each level is created by bit interleaved multiplexing of 4 lower order channel except for 1st level.
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Three plesiochronous digital hierarchies.
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PDH standards evolved independently in Europe, North America and Japan. The multiplying factor for the bit rates is greater than four, as additional bits for pulse frame generation and other additional inf§ormation are inserted for each hierarchy level. The plesiochronous hierarchy used in North America and Japan is based on a 1544 kbps digital signal (PCM24).

Figure 4-

 SEQ Figure \* ARABIC 5 Multiplexing and Demultiplexing into and from PDH level 2.

To summarize PDH the main problem areas are:

· Expensive, bit interleaved and asynchronous multiplexing.

· Limited network management and maintenance support capabilities.

· Not a worldwide standard

· Inflexible in terms of expansion and higher bandwidth.

sdh

Synchronous Digital Hierarchy (SDH) is replacing the older PDH systems. PDH systems have been the mainstay of telephony switching and require significant space to accommodate them. The advantages of higher bandwidth, greater flexibility and scalability make SDH ideal system for ATM networks. SDH forms the basic bit delivery systems of the Broadband Integrated Services Digital Network (B-ISDN), and hence for Asynchronous Transfer Mode (ATM). These transmission systems were designed as add-drop multiplexer systems for operators, and the SDH line format contains significant management bytes to monitor line quality and usage. 

The history behind SDH starts with SONET. Initially, the objective of SONET standards work was to establish a North American standard that would permit interworking of equipment from multiple vendors. This took place between 1985 and 1987. Subsequently, the CCITT body was approached with the goal of migrating this proposal to a worldwide standard. Despite the considerable difficulties arising from the historical differences between the North American and European digital hierarchies, this goal was achieved in 1988 with the adoption of the SDH standards. In SDH, a general structure is defined to facilitate transport of tributary signals. While there are commonalities between SDH and SONET, particularly at the higher rates, there are significant differences at the lower multiplexing levels. These differences exist in order to accommodate the requirement of interworking the differing regional digital hierarchies. Like SONET, SDH uses a layered structure that facilitates the transport of a wide range of tributaries, and streamlines operations.

The smallest SDH building block is an STM-1 frame, where STM is acronym of synchronous transport module. SDH frames and SONET frames are similar in concept. STM-1 is a specific sequence of 2430 bytes, which again includes various overhead bytes and payload. With the same frame repetition rate as PDH (125 microseconds or 8000 frames per second), STM-1 has a bit rate of 155.5 Mbps. Next hierarchy is STM-4, which has exactly 4 times more bytes than STM-1 in a frame. The resulting bit rate is 622 Mb/s. The following hierarchies are STM-16 and STM-64 that corresponds to 2.5 Gb/s and 10 Gb/s, respectively. 
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Mapping of PDH into SDH

SDH is a byte-synchronous multiplexing system. However SDH also has to support the transport of plesiochronous data streams, primarily so that providers can continue to support their legacy circuits as they install an SDH backbone system. Controlling and keeping track of the variable bit rate data within a constant bit rate frame requires a relatively large overhead of control bytes. The number of PDH channels that can be multiplexed into SDH is shown in Figure 4-6. Note that one 140 Mb/s equals 64 times 2 Mb/s. Multiplexing 2 Mb/s PDH channels directly into SDH allows 63 times 2 Mb/s. In the latter case any 2 Mb/s can be easily be extracted out of the STM-1 without the need of complicated demultiplexing.
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The procedure to transport a PDH channel in SDH can be divided into four steps.

Figure 4-

 SEQ Figure \* ARABIC 7 Container (C).

First a container is created that can handle PDH channels running at different synchronization clocks.

Figure 4-
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Virtual Container (VC).

Second step is to add a path overhead. Path overhead provides for communication between the point of creation of a frame and its point of disassembly. This overhead supports functions such as performance monitoring, signal label, path status and path trace.

[image: image17.wmf]Payload, 47 bytes (376 bits)

Header, 5 bytes

SNP

SN

4

4

SNP

SN

4

4

SNP

SN

4

4

SN, Sequence Number, 3 bits are used

to detect loss of cells

SN, Sequence Number, 3 bits are used

to detect loss of cells

SNP, Sequence Number Protection

SNP, Sequence Number Protection


Figure 4-

 SEQ Figure \* ARABIC 9 Tributary/Administrative Unit (TU/AU).

The virtual container is allowed to float withing a tributary uit or a administrative unit by adding a pointer that shows where in the payload the virtual container starts.
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SDH multiplexing structure

The last step is multiplexing. The figure above shows the different steps to multiplex PDH into SDH depending on the order. Figure 4-11 gives an example of a 2 Mb/s PDH multiplexed into STM-1
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Figure 4-

 SEQ Figure \* ARABIC 11 From 2Mb/s to STM-1 (simplified).
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General transport module, STM-N.

The STM-1 frame consists of overhead plus payload. The first nine columns of the STM-1 frame are for the transport overhead. The three columns contain 9 bytes each. The remaining 261 columns constitute the payload capacity. The frame of STM-N can be depicted as an Nx270-column by 9-row structure.

For communication between SDH network nodes the section overhead is used (SOH). The SOH is overhead accessed, generated, and processed by section terminating equipment. This overhead supports functions such as performance monitoring, local orderwire, data communication channels to carry information for OAM&P and framing. Section terminating equipment might be two regenerators, line terminating equipment (multiplexers) and a regenerator, or two sets of line terminating equipment. The notation is RSOH and MSOH (regenerator  / multiplexer) is used.
Figure 4-

 SEQ Figure \* ARABIC 13

 VC-4 positioning within the STM-1.

The flexible floating of virtual containers enabled by pointers is visualized in Figure 4-13.  

Figure 4-

 SEQ Figure \* ARABIC 14

 Calculation of STM-1 line rate.

The order of transmission of bytes is row-by-row from top to bottom and from left to right (most significant bit first). The STM-1 transmission rate can be calculated as follows:

270 x 90 (bytes per frame) x 8 (bits per byte) x 8000 (frames per second) = 51,840,000 bps = 155.5 Mbps. The calculation of  STM-4 and STM-16 is visualized in .

Figure 4-

 SEQ Figure \* ARABIC 15

 The calculation of STM-4 line rate.

Figure 4-

 SEQ Figure \* ARABIC 16

 The calculation of STM-16 line rate.

Thus, the corresponding bit rate for STM-N is exactly N times the bit rate for STM-1. The STM-N frame are drawn using 9 rows. The length of both SOH and payload changes.

SDH advantages

· Worldwide standard

· Cost efficient and flexible networking
· Built in capacity for advanced network management and maintenance capabilities

· Simplified multiplexing and demultiplexing

· Low rate tributaries visible within the high speed signal. Enables direct access to these signals.

· Ability to transport existing digital hierarchies and future signals, e.g. ATM

· Cost efficient allocation of bandwidth

· Fault isolation and management

· Byte interleaved multiplexing and demultiplexing
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 SEQ Figure \* ARABIC 17 Sections and paths.

The physical layer consists of sections according to Figure 4-17 that are divided into multiplexer sections and regenerator sections, depending on the type of terminating node. The logical layer is divided into Higher Order Path and Lower Order Path that define paths for VC of high and low order, respectively. One main difference between the physical and logical network is that the former is already modified manually on-site while the logical network is always modified by management system or signaling.

[image: image22.wmf]AU pointer

ATM cell

RSOH

MSOH

P

O

H

9 rows

N • 9

1

3

5

9

N • 261

N • 270 columns

AU pointer

ATM cell

RSOH

MSOH

P

O

H

9 rows

N • 9

1

3

5

9

N • 261

N • 270 columns


Figure 4-

 SEQ Figure \* ARABIC 18 Multiplexers and digital cross-connects (DXC).

The physical network nodes are crossconnects (DXC),  Add-Drop multiplexers (ADM) and terminal multiplexers (TM) as shown in Figure 4-18.
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Figure 4-

 SEQ Figure \* ARABIC 19 Logical and physical network.

The difference between the logical and physical network is further visualized in Figure 4-19.

Protection methods

Redundancy can be implemented both in the physical and the logical network. Protection methods for the physical layer include multiplexer section protection (MSP) and self healing ring (SHR) implemented as:

· MSP 1+1 hot standby, that is 1 standby link for one working link.

· MSP 1 + N cold standby, that is 1 standby communication links for N working communication links.

· MS-USHR, multiplexer section unidirectional SHR. The direction refers to in which direction the traffic is routed.

· MS-BSHR, multiplexer section bi-directional SHR, which is equivalent to MS-SPRING, shared protection ring. 

The protection can be implemented as hot standby, that is there is transmission in the standby link, which results in very short protection switching time since protection switching is only needed at the receiving side. In cold standby there is no transmission in the standby link.

The logical protection is implemented as subnetwork connection protection (SNCP). It is the only protection method if: 

· not all traffic on a link needs protection.

·  the connection passes through several subnetworks

As in the case of physical protection SNCP can be implemented as 1+1 hot standby or 1+N cold standby.
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Figure 4-

 SEQ Figure \* ARABIC 20 MS-SPRING, a typical topology in the core network.

ATM – Broadband iSDN
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 SEQ Figure \* ARABIC 21 Characteristics to consider regarding transfer modes.

Asynchronous Transfer Mode (ATM) is a very flexible bearer technology which can carry any application with guaranteed quality of service. ATM was developed to support the ITU’s Broadband ISDN (B-ISDN) concept, which is defined as a service requiring transmission channels that support rates greater than the present ISDN PRI rate (1.544 Mbps and 2.048 Mbps). The names B-ISDN and ATM are synonymous - The name ATM will be used for this class. The word asynchronous in the name ATM indicates that the recurrence of cells from an individual user is not necessarily periodic as shown in Figure 4-22.  Notice the difference from network synchronization that is referred to in the acronym SDH. 

Figure 4-

 SEQ Figure \* ARABIC 22

 Labeled multiplexing of ATM.

Prior to ATM, each application required its own network. The main reason for this development was that the different services placed very different requirements on the transmission medium. For example, a bandwidth of 3.1 kHz is adequate for transmitting voice signals. The delay in transmitting the voice signals must, however, be small and remain constant. The transmission of data between computers is a completely different story. The bandwidth requirements have grown enormously with the passage of time. As a result, only small quantities of data can be effectively transmitted using the telephone network. The manner of communication between computers is also vastly different to human conversation. Data transfer is characterized by bursts. In other words, there can be a long period of inactivity before data is transmitted for a few seconds at rates of several Mbit/s. The time delay is relatively unimportant. A constant time frame reference between the spoken and the received message is absolutely essential to communications.

With TDM, each user is assigned to a time slot, and no other station can send in that time slot. If a station has a lot of data to send, it can send only when its time slot comes up, even if all other time slots are empty. If, however, a station has nothing to transmit when its time slot comes up, the time slot is sent empty and is wasted. Because ATM multiplexing is asynchronous, time slots are available on demand with information identifying the source of the transmission contained in the header of each ATM cell. It should be noted that two directly connected ATM switches are synchronized at a transmission level, it is the ATM multiplexing that is asynchronous.

The ATM Forum (ATMF), formed in 1991, provides standards for ATM. The ATMF represents over 600 ATM equipment vendors, service providers and users. Although not a formal standards body, the ATMF is the driving force in developing standards for ATM. The differences between ITU-T Recommendations and ATMF specifications primarily involve slight naming variations. The IETF has a working group called the IETF IPATM WG that is active in developing requirements for ATM. Many of its members are also members of the ATMF.

The Atm Cell

Generally cell refers to small and fixed size, while packet refer to variable size and any size. The total fixed number of bytes in an ATM cell is 53. The story goes that the Americans, who were orientated towards data, wanted a payload of 64 bytes. The Europeans, who saw ATM as a potential voice technology, wanted a payload of 36 bytes. They agreed to compromise, and ended up with a payload of 48 bytes. A 5 byte header was added to make 53 bytes.
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The user network node interface (UNI) and network node interface (NNI) interfaces are standards that describes the protocols used for signaling, for example a connection setup. The difference between a UNI and NNI cell, as shown in Figure 4-23, is that a UNI cell contains the additional 4-bit Generic Flow Control (GFC) field. This is not an important difference as the GFC field is unused and set to 0. The UNI is the name given by the ATMF for the interface between an ATM network and the customer premise equipment (CPE). If the interface names UNI and NNI are preceded with the letter P it denotes private ATM interfaces (PUNI and PNNI).

The different fields in the header are:

· The GFC 4-bit field was designed (reserved) to be compatible with the legacy IEEE 802.6 DQDB MAN standard. It is unused and is always set equal to zero. If defined later, it will have only local significance.

· The virtual path identifier (VPI) field has 8 bits for cells across the UNI because of the presence of the GFC. The VPI field for cells across the NNI has 12 bits, which yield 4096 addresses.

· The virtual channel identifier (VCI) field has 16 bits for cells across both the UNI and NNI which gives 65536 addresses. The logical function of VPIs and VCIs is to perform multiplexing. The combination of the VPI and VCI uniquely identifies a connection and it is this value that an ATM switch uses to switch cells. Also, preassigned VPIs and VCIs are used to convey operation, administration and maintenance (OAM) messages.

· The Payload Type Indicator (PTI) field has 3 bits to signal information. If the high-order bit is equal 1, it is management information. Otherwise, equal 0, it is user generated information. Bit 2 for user information indicates forward congestion notification, similar to the FECN bit with Frame Relay. PTI is also responsible for flagging of last cell in AAL5.

· The cell loss priority (CLP) bit may be set by the ATM network to indicate eligibility for discard, which is similar to the DE bit in Frame Relay.

· The Header Error Control (HEC) octet provides CRC protection for the header only.
Protocol model
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ATM is considered to be an OSI layer 2 technology. Below follows an analysis of the protocol model:

· The Physical Layer has two functions, the physical medium (PM) function and the transmission convergence (TC) function. The PM is responsible for the actual transmission of bits between ATM equipment, including end user devices, private ATM switches or the public network. It is dependent on the physical medium used, which is defined by the ITU-T only in terms of rates supported. The rates supported are T1 to 2.5 Gbit/s. The TC sublayer deals with medium independent functions such as framing and error control (detection and reporting).

· The ATM Layer is the heart of ATM. It provides multiplexing based on an identifier in the ATM 5-octet header. The ATM layer is where the switching of ATM cells takes place.

· The ATM Adaptation Layer (AAL) is the highest layer on the ATM stack. It is primarily responsible for chopping up higher layer data so that it fits into ATM cells. Notice that the AAL is only used at the source and destination.
ATM Adaptation layer

In the network core switching is done at the ATM layer. ATM was designed to be able to handle voice, data and video information. The nature of each of these is different. The digitization of voice is based on sampling the analogue signal at 8000 Hz and converting each sample into an 8-bit word, thus producing a data speed of 64000 bit/s (or 64 kbit/s). This data is time-sensitive and synchronous. As the bit rate does not change, neither on a single channel nor on a number of multiplexed channels, it is referred to as Constant Bit Rate (CBR). Other traffic varies in speed; compressed video or data, for example, is bursty by nature and requires a high bandwidth, but only for a short period of time. This type of traffic is Variable Bit Rate (VBR).
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Adapting different service classes to ATM.

The ATM adaptation layer (AAL) is responsible for chopping traffic up so that it fits into ATM cells for transmission. AAL is responsible for segmenting and reassembling the information at the sending and receiving ends. As there are many possible traffic types there are several different types of AAL.
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 ATM Adaptation Layer 1 (AAL1).

AAL1 is used for uncompressed voice, such as running E1/T1 circuits transparently across an ATM network. It takes 47 times 125us (approximately 6 ms) to fill one cell and this becomes the initial delay if only one user is using the cell.
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 ATM Adaptation Layer 2 (AAL2)

AAL2 is used for realtime compressed services, such as compressed voice and video. AAL2 also performs multiplexing functions which means several users can fill the cell at the same time and thus reducing the initial delay. Each user inserts then a variable size minipacket with an identity CID. The error control HEC is only checking the mini-packet header.

AAL3/4 has only one application, Switched Multimegabit Data Service (SMDS) which is a legacy MAN technology. Both SMDS and AAL3/4 can be considered dying.
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 ATM Adaptation Layer 5 (AAL5).

AAL5 is crucially important as it is used for all packet data including IP which has a maximum packet size 65535 bytes. The error check (CRC) checks the whole payload for errors.
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The adaptation layer is a function of the edge device and typically not configurable buy the user. For example, a router with an ATM interface uses AAL5, an ATM circuit emulation (voice) interface uses AAL1.
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In between end users only the ATM header is processed. There is no error checking or processing of the 48 byte content of the ATM-cell until it reaches the end user.

ATM in the physical layer
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ATM cells are stuffed in the payload of VC-4. If higher hierarchies of SDH are used, for instance STM-4,  the VC-4 payloads are byte-interleaved and the ATM cells are subsequently spread out in the payload as shown in Figure 4-33. Note that the byte-interleaving is not shown in detail. In order to simplify the multiplexing, the STM-4 payload can be concatenated which makes the multiplexing and demultiplexing more simple.
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ITU-T specification G.804 describes how to transport ATM cells in a PDH frame. PDH level 1 (2Mb/s) transport of ATM cells is shown in Figure 4-35. 
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ATM cells transported in PCM frames.

ATM connections
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 ATM bearer network

ATM networks are fundamentally connection oriented, which means that a virtual channel (VC) must be set up across the ATM network prior to any data transfer. There is a two-level multiplexing hierarchy with ATM connections, virtual paths and virtual channels. A physical link may contain many virtual paths, each of which may contain many virtual channels. A virtual path is a bundle of virtual channels, all of which are switched transparently across the ATM network on the basis of the common VPI. All VCIs and VPIs, however, have only local significance across a particular link and are remapped, as appropriate, at each switch.
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The network can support connection setup via signaling by using a 20 byte global ATM address. The connection then called a Switched Virtual Connection (SVC). If the connection has to be setup by the management system the connection is called a Permanent Virtual Connection (PVC). This is the kind of connection that is supported by the WCDMA access transport network. A soft PVC (SPVC) is a connection that can be setup by signaling combined with the management system. In order to emphasize if the connection is a channel or a path the notation VCC or VPC is used (virtual channel connection or virtual path connection. In WCDMA Systems access transport network the Ericsson notation PVP is used (permanent virtual path). 

A physical link may have several virtual connections, each with different delivery characteristics. One virtual connection may handle data packets from a router while another virtual connection handles a voice or video transmission. Each virtual connection is simplex. That is, it is unidirectional - not bi-directional as with other virtual connections such TCP/IP or X.25. To visualize this, think of a single TCP connection. It consists of two sockets (one for each end point) that define a connection. Now consider two subconnections to the TCP connection, one for the transmit and one for the receive. This is conceptually the connection oriented service provided by ATM.
Figure 4-
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 VP and VC switching

An ATM switch is essentially a simple hardware device with a lookup table and an output queue for each port. The incoming cell contains a connection identifier (VPI/VCI value) which relates the cell to a particular incoming connection. The switch looks up the connection identifier in the lookup table and routes the cell to the appropriate output cell queue where it is allocated a connection identifier for the onward connection. Two levels of switching is recognized VP and VC switching depending on which level switching is performed. An example of VP switching is if all virtual channels of a virtual path belong to the end terminals, which is the case in RNC and NodeB in WCDMA systems. Queues are required, as it is possible that cells from a number of different input connections may arrive at the switch at the same time and be routed to the same output port. 
Figure 4-
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 ATM switch routing table.

Links and connections in an ATM network is defined as shown in Figure 4-40. The local adrresses are valid inside the link while the connection defines the start and end of a connection. VC connection and VP connection is analogue to Low Order Path and High Order Path in an SDH network.
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Service classes

The ATMF defines the following types of connection that may be set up are:

· Constant bit rate (CBR) - A CBR service emulates circuit switching and used for time sensitive data such as voice or video.

· Variable bit rate (VBR) - A VBR service allows mixed time sensitive data with non-sensitive data. For example, teleconferencing and information retrieval containing portions or voice or video.

· Available bit rate (ABR) - An ABR service is designed for non-sensitive data, such as Frame Relay or X.25 traffic.

· Unspecified bit rate (UBR) - A UBR service is designed for applications with non-isochronous data and not sensitive to cell loss, such as IP traffic. In addition to having many connection types, ATM connections can be of arbitrary bandwidth.

Each ATM connection has a defined quality of service (QoS) that can be expressed in terms of the following characteristics:¨

· Cell Error Ratio

· Cell Loss Ratio

· Cell Delay

· Cell Delay Variation

· Throughput

In order to guarantee QoS there are a number of tools:

· The connection admission control (CAC) enables rejection or acceptance of additional connections depending on the usage of each link along the connection. The parameters to take into consideration are the constraints put on each individual connection: Peak Cell Ratio, Average Cell Ratio, Burst Size, Burstiness, Soure Type

· Network monitoring. Each connection is monitored concerning the parameters mentioned in the previous point. If a user exceeds its limits then the Cell Loss Priority in the ATM header can be set to Low Priority. This means that the cell will be discarded in case there is congestion.

· Network Resource Management enables grouping and rerouting of traffic according to traffic characteristics and quality.
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The management system of ATM will use approximately one cell out of 27 for management purposes. That equals less than four percent.
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ATM conclusions

The characteristics of ATM are:

· Connection oriented technique; fill information buffers and send away

· Cells always arrive in the same order as sent

· Smaller cells than other packet-switched techniques makes it suitable for voice

· Assumed high quality transmission links eliminating need for error correction

· No space between cells. Unassigned cells are transported in idle periods

· Semantic independence: ATM does not process or know structure of payload 
· Time independent: no relationship between network clock and source timing
PSTN & Narrowband ISDN
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The oldest and hitherto largest telecommunications network in existence is the public switched telephone network (PSTN) which has in excess of 700 million subscribers. For a long time, the PSTN was the only bearer network available for telephony. Today, many people choose the mobile telephone for their calls. Other bearer networks for voice transmission include integrated service digital network (ISDN), asynchronous transfer mode (ATM), frame relay and the Internet.

Figure 4-

 SEQ Figure \* ARABIC 43 Subscriber lines connected to a PSTN local exchange.
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The exchange hierarchy has developed from 5-7 levels to 3 levels in modern networks.

Different techniques in the access network.
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narrowband ISDN

Figure 4-
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 Basic ISDN concepts.

Basics

The Integrated Services Digital Network (ISDN) is both a set of digital transmission standards, a network infrastructure that allows digital transmission over existing telephone wiring, as provided by public network service providers. The ITU-T, defines ISDN as “a network, evolved from the telephony network, that provides end-to-end digital connectivity to support a wide range of services, including voice and non-voice, to which users have a limited set of multiple-use user interfaces.”

ISDN history

The demand for ISDN first emerged in the mid-1970s when international telecommunications usage began to push existing analog networks to their limits. Advanced applications involving voice, data, and image transmission required higher speeds, better performance, integrated management and flexibility. The vision of a single network handling all of a user’s communications needs, an integrated suite of services using the latest in digital transmission techniques, resulted in the standards that have become ISDN. In 1984, a set of ITU-T standards were published that specified the details of what an ISDN network is and how it works. The standards have since evolved and been adopted as a global standard by most ISDN providers. The result is a universally consistent service that is well-defined, broadly accepted and efficient. At its most basic, ISDN consists of a user-network interface and a means for digitally transporting user data and signalling information across multiple providers’ networks. At the user premises, the service connects to a network line terminator (known as an NT-1). The digital signal travels from the NT-1 through an ISDN Terminal Adapter to reach the end user’s device. Some or all of these components can be packaged together.

Types of Service

Two types of ISDN have been defined: Narrowband ISDN (N-ISDN or simply ISDN) and Broadband ISDN (B-ISDN) which provides for very high speed transmission using Asynchronous Transfer Mode (ATM) technology. 

ISDN provides a digital network all the way to the subscriber. The standard called Basic access has 2 traffic channels (B-channels) at 64 kbit/s and 1 signaling channel (D-channel) at 16 kbit/s. This interface is also called 2B+D. An analogue telephone is connected to a B-channel via a Terminal Adapter (TA). Primary access contains 30 B-channels, 1 D-channel (now at 64 kbit/s) and 1 synchronization channel. This is also called 30B+D. The bandwidth is 144 kbit/s for basic and 2 Mbit/s for primary access. (In North America 23B+D is used as primary access.)

The B-channels are treated in a circuit switched mode at the exchange. If packet data is carried, the traffic can be sent to a packet network via an inter-working unit (IWU). The D-channel is treated in a packet oriented mode. Besides the signaling, it might also carry data traffic from the subscriber (e.g. alarms).

At the beginning ISDN wasn’t that popular since there was a lack of driver. Today there is Internet access and home working driving the growth. Also for small business ISDN might be used for reducing the number of subscriptions. Up to 8 terminals can share a basic rate access, even though only two can use the line at one time. The terminals might for example be normal and coin box telephones, computers, credit card readers, alarms and fax machines.

Primary access is used for connecting a PBX (which can attach an optional number of terminals). It is also be used for connecting modem pools (or rather network access servers, NAS) for an Internet Service Provider, ISP.
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Operators that owns cable could offer connection to its network with the help of cable modems. A common such service is to offer broadband service to home subscribers via cable network.
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x.25 & frame relay

X.25

Figure 4-
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 OSI model for X.25 session.

X.25 was the primary wide area interface ITU standard, providing reliable endtoend packet transmission between Data Terminal Equipment (DTE) and the Data Circuit-Terminating Equipment (DCE) over Public Switched Telephone Network (PSTN).

The X.25 recommendation includes procedures for:

· Connection establishment.

· Data exchange

· Connection close.

Data exchange procedures include functions such as,  acknowledging packets, requesting retransmissions of error packets, and providing flow control. X.25 does not describe the user’s data terminal or the packet data network, but reveals a great deal about what the terminal and the network must be able to do.
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 Packet node structure.

Frame relay
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 Frame Relay user data sent through the network.

Frame Relay is a standard described under the ITU’s I-series recommendations as 1988 I.122 “Framework for additional Packet Mode Bearer Services.” The term frame-mode bearer service (FMBS) has been used to describe services offered to the user and Frame Relay used to describe the protocol. Nowadays, Frame Relay refers to both. Since 1988, the ITU has come out with two interim recommendations and the ANSI has issued a standard described under ANSI T1S1/88-2242 as “Frame Relay Bearer Service.” Many Frame Relay equipment vendors support ITU or ANSI or both. In fact, the Frame Relay Implementer's Forum was formed for the purpose of accelerating the acceptance and implementation of the Frame Relay standards. To this end, they developed an additional standard, the LMI specification. Frame Relay frames can vary from a few bytes to well over a thousand bytes. While this feature is ideal for LANs, it makes implementation for voice or video more complex. Delay varies proportionately with the length of the frame. Voice and compressed video are intolerant of variable delays. For this reason, the ANSI committee has recommended Frame Relay for data only. Many vendors have overcome the delay issue with voice and video, and offer Frame Relay as a transport for them.
Frame Relay characteristics:

· A Fast Packet technology that eliminates error correction at each network node.

· Well-suited for LAN applications due to support for sporadic bursts of traffic without dedicated bandwidth.

· Allows variable length frames. In most environments you will not see frames more than 2K in length.

· Supports Permanent Virtual Circuits (PVCs).

· Switched Virtual Circuits (SVCs) are also supported, but generally not used within a Frame Relay environment.
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The Datalink Connection Identifier (DLCI) is the primary field within a Frame Relay header. The DLCI identifies the frame’s logical connection number within the multiplexed physical channel, thus the DLCI serves the same function as the VPI/VCI in ATM. It allows multiple logical Frame Relay connections to be multiplexed over a single channel. As in ATM, the connection identifier has only local significance; each end of the logical connection assigns its own DLCI. An Frame Relay switch is essentially a simple hardware device with a lookup table and an output queue for each port. The incoming frame contains a connection identifier (DLCI) which relates the frame to a particular incoming connection. The switch looks up the connection identifier in the lookup table and routes the frame to the appropriate output frame queue where it is allocated a connection identifier for the onward connection.

Comparison with X.25

Frame relay was designed to eliminate much of the overhead associated with the earlier X.25 technology. Both Frame Relay and X.25 have intermediate nodes that forward the frames. With X.25, error correction and flow control are done at each node along the way. These services are the responsibility of the upper-layer protocols (like TCP) of the end devices, if implemented with Frame Relay.
tcp/ip
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 Internet, a network of networks.

All the protocols used by the Internet are collectively described as the TCP/IP protocol suite and are standardized under the auspices of the Internet Society (ISOC), a non-profit, international body. The name is often shortened to TCP/IP stack, and more recently to simply IP stack.

There are many implementations of the TCP/IP protocol suite in private networks that are not connected to the Internet. To differentiate these from the Internet, they are called intranets, or internets (not capitalized).

The same specifications used for the Internet are also used for intranets. Specifications for the Internet are contained in documents called Request for Comments (RFCs) that are numbered from 1 to “n”. As a new standard protocol is developed, it is simply given the next sequential number. RFC numbers are issued for several other purposes than for standards, ranging from informational to political gripes. The RFC series was started in 1969 during the original Internet development and contains literally thousands of documents. For the few that actually define a standard, they are also given a special STD number. Draft RFCs are used for protocol development, and along with standard RFCs, may be found on several Internet sites. They are free, unlike the ITU, ISO, IEEE and other standards. Maintenance of the Internet specifications is the responsibility of the Internet Assigned Numbers Authority (IANA), under the auspices of the Internet Society (ISOC). This responsibility has been delegated to the Network Information Centre (NIC) at Network Solutions, Inc.
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 SEQ Figure \* ARABIC 56 Comparison between the OSI model and TCP/IP Note that IP contains portions from both the network and data-link layers.

The Internet Protocol (IP) is the focal point for entrance to the Internet and exit from the Internet. It is the heart of the Internet and provides a connectionless service that is on a best-effort basis between end points of the Internet.
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IP is unreliable, datagrams may arrive out of order (if at all), delayed or intentionally fragmented to permit a node with limited buffer space to handle the IP datagram. In the latter case, IP is responsible to reassemble the fragmented datagram and deliver it as originally accepted (again, on a best-effort basis). IP may silently discard a datagram in some error situations, with or without notification to the originator. The vehicle used to notify the originator is the Internet Control Message Protocol (ICMP). This protocol is an integral part of IP, although it gains control and data in the same manner as a Transport Layer protocol. It is described in this module as part of IP. The specifications for IP and ICMP are contained in RFC 791 and RFC 792, respectively. (Defined in IETF Standard #5.)
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Applications protocols

The Upper Layer protocols are divided into two groups, those that provide a utility function to the Internet and those that provide a service directly to the end user. Those that provide a direct end user service are:

· HTTP (Hypertext Transfer Protocol) WWW information retrieval, accounting for over one half of all Internet activity.

· SMTP (Simple Message Transfer Protocol) - Electronic mail capability.

· TELNET - A remote logon capability.

· FTP (File Transfer Protocol) - A reliable file transfer capability. It allows you to get access to files stored in the disk directory of a remote computer that is connected to the Internet.
· TFTP (Trivial File Transfer Protocol) - A simplified file transfer capability.
Many Internet applications do not provide a service that is directly utilized by an end user. For example, the management function of gathering operational statistics is not a service between a user and server. Likewise, a directory lookup service to translate a domain name to an IP address is not typically accessed by a user directly. These programs function in the same manner as user applications and are called utility applications. The following is a list of typical upper layer utility applications. 

· SNMP (Simple Network Management Protocol) - Provides network management information. SNMP is based on a client-server model, termed a Manager-Agent model in RFC1157.

· BOOTP (Boot Protocol)/DHCP (Dynamic Host Configuration Protocol) - Provides remote loading and configuration capability for diskless workstations. 

· ARP (Address Resolution Protocol) - Provides a physical address from an IP address.

· RARP (Reverse Address Resolution Protocol) - Provides an IP address from a physical device address. 

· IARP (Inverse Address Resolution Protocol) - Provides an IP address from a logical device address.

· DNS (Domain Name Service) - Provides directory assistance for IP addresses using local (symbolic) names.
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The responsibility for domain names is with the Internet Assigned Numbers Authority (IANA), although day-to-day handling of domain names, IP addresses, autonomous system numbers and others are handled by the Internet Registry (IR). There are two main divisions in the hierarchy of domain names. The first is for organizationally based domains and the second is for geographically based domains.

There are seven organizationally based domains assigned, as follows:

· com - Commercial enterprises (e.g., ericsson.com)

· edu - Educational institutions (e.g., usc.edu)

· gov - Government organizations (e.g., whitehouse.gov)

· mil - Military (e.g., army.mil)

· net - Network organizations (e.g., internic.net)

· org - non government or commercial organizations (e.g., ieee.org)

· int - International organizations (e.g., itu.int)

The IR uses the 2-letter abbreviations assigned in ISO 946 for country identifiers, for example Sweden (se), Russia (ru), Brazil (br), Spain (es) and Poland (pl), etc. The 3-letter organizational identifiers and the 2-letter country identifiers are called Top-Level Domain names (TLDs) and each organization with a TLD can assign sublevel domain names. For example, the TLD “ericsson” has a sublevel domain called “xxxxxxx” for the mail server. Hence, the domain name for the  mail server is xxxxxxx.ericsson.com.
Note: The real name was replaced with “xxxxxxx” for security reasons.

Transport protocol

The Transport Layer protocols used are the User Datagram Protocol (UDP) and the Transmission Control Protocol (TCP).

UDP is used for sending a fixed-sized single message in a simplex manner. That is, it is sent in one direction with no channel for a response and referred to as connectionless.

Messages sent with TCP may be segmented and each octet of each segment is acknowledged. That is, it is sequenced and referred as a connection oriented protocol.

An analogy to using UDP versus TCP is that of sending a post card by regular mail (UDP) versus using the telephone to call someone (TCP). One is connectionless (mail/UDP) and the other is connection oriented (telephone/TCP).

Network protocol

The Internet Layer has only one protocol, the Internet Protocol (IP). It is the focal point for all Internet messages. All traffic, with exceptions, is sent and received through the IP. IP is a connectionless network protocol that provides an end-to-end, datagramstyle, unreliable message delivery service. The datagrams sent may or may not arrive at the destination, or may arrive damaged, out of order or duplicated.
Other protocols

ICMP, IGMP and OSPF do not actually provide a general transport layer service. They, along with RIP, OSPF and BGP are utility functions that use the mechanism of protocol numbers and port numbers to gain access and to send and receive data.
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Internet Control Message Protocol (ICMP) is actually an integral part of IP and provides response messages from the destination. Line commands such as “ping” and “traceroute” in UNIX or DOS make use of the ICMP protocol.

Internet Group Management Protocol (IGMP) is a utility that controls group membership to group codes.
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Routing Information Protocol (RIP), Open Shortest Path First (OSPF) and Border Gateway Protocol (BGP) are all dynamic routing protocols, and again, simply use the mechanism of port and protocol numbers to gain access and to send and receive data.
IP packet
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As with any protocol, the format of its header is revealing as to the operation and features provided. This module describes each field in the IP header. The descriptions include the physical identification and function of each field.

· The version field occupies 4 bits. Although the range of values is 0 to 15, the value used by IP version 4 (IPv4) is equal to 4. By means of this field, different versions of the IP could operate in the Internet. When using IPv6 the value of this field is equal to 6. The only other assigned value is five, which defines ST Datagram Mode, an experimental stream mode. All other values are reserved or unassigned.

· The IP header length field occupies 4 bits. The value represents the number of octets in the header divided by four, which makes it the number of 4-octet groups in the header. The header length is used as a pointer to the beginning of data and is usually equal to 5, which defines the normal, 20-octet header without options. When options are used, padding may be required to make the total size of the header an even multiple of 4-octet groups. The range of value for the header length is 5 to 15.

· The Type of Service field occupies 8 bits and specifies the precedence and priority of the IP datagram. Traditionally, the Type of Service field was unused. In recent years an IETF technology called “Diffserv” has been developed which makes use of this field, see Figure 4-62.
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 SEQ Figure \* ARABIC 62 Differentiated services, A set of buffer management and packet scheduling mechanisms in each router to enable per-hop service differentiation between traffic classes. 
· The total length field is used to identify the number of octets in the entire datagram. The field has 16 bits and the range is between 0 and 2^16-1 (65,535) octets. Since the datagram is typically contained in an Ethernet frame, the size will usually be less than 1,500 octets. Larger datagrams may be handled by some intermediate networks of the Internet, but are segmented if a network router is unable to handle the larger size. (See fragmentation description that follows.) The IP specification sets a minimum size of 576 octets that must be handled by routers without fragmentation. Datagrams larger than this are subject to fragmentation.

· The identification field is a 16-bit sequential number assigned by the originating host. The numbers cycle between 0 and 2^16-1 (65,535), which when combined with the originating host address makes it a unique number in the Internet. The number is used to aid in the assembling of a fragmented datagram.

· The fragment offset field is used when the size of a datagram exceeds the maximum of an intermediate network and segmentation takes place. The 13-bit fragment offset field represents the displacement (in increments of eight octets) of this segment from the beginning of the entire datagram. Since the value represents groups of eight octets, the effective range of the offset is between zero and 65,535 ((2^13 * 2^3)-1)) octets. The resulting fragments are treated as complete datagrams and remain that way until they reach the destination host where they are reassembled into the original datagram. Each fragment has the same header as the original header except for the fragment offset field, identification field and the flags field. Since the resulting datagrams may arrive out of order, these fields are used to assemble the collection of fragments into the original datagram.

· The flags field occupies 4 bits and contains two flags. The low order bit is used to denote the last fragmented datagram when set to zero. That is, intermediate (non-last) datagrams have the bit set equal to one to denote more datagrams are to follow. The high order bit is set by an originating host to prevent fragmentation of the datagram. When this bit is set and the length of the datagram exceeds that of an intermediate network, the datagram is discarded by the intermediate network and an error message returned to the originating host via the ICMP.

· The Time To Live (TTL) field represents a count (in seconds) set by the originator that the datagram can exist in the Internet before being discarded. Hence, a datagram may loop around an internet for a maximum of 2^8-1 or 255 seconds before being discarded. The current recommended default TTL for the IP is 64. Since each router handling a datagram decrements the TTL by a minimum of one, the TTL can also represent a hop count. However, if the router holds the datagram more than one second, it decrements the TTL by the number of seconds held. The originator of the datagram is sent an error message via the ICMP when the datagram is discarded.

· The protocol field is used to identify the next higher layer protocol using the IP. It will normally identify either the TCP (value equal to 6) or UDP (value equal to 17) Transport Layer, but may identify up to 255 different Transport Layer protocols. An upper layer protocol using the IP must have a unique protocol number. (See RFC 1700, Assigned Numbers, for a list of all assigned protocol numbers.)

· The checksum field is 16 bits and it provides assurance that the header has not been corrupted during transmission. The checksum includes all fields in the IP header, starting with the version number and ending with the octet immediately preceding the IP data field, which may be a pad field if the option field is present. The checksum includes the checksum field itself, which is set to zero for the calculation. The checksum represents the 16-bit, one’s complement of the one’s complement sum of all 16-bit groups (double octet pairs) in the header. An intermediate router that changes a field in the IP header (e.g., time-to-live) must recalculate the checksum before forwarding it. Users of the IP must provide their own data integrity, since the IP checksum is only for the header.

· The source and destination IP address 32 bit fields contains the network and host identifiers of the originating and destination end points, respectively. The source IP address may be a class A, B or C type address. The destination IP address may be class A, B, C or D type address.

· The options fields presence is determined from the value of the header length field. If the header length is greater than five, at least one option is present. Although it is not required that a host set options, it must be able to accept and process options received in a datagram. The options field is variable in length.

· The pad field, when present, consists of 1 to 3 octets each equal to zero to make the total number of octets in the header divisible by four.

· The data field contain the Transport Layer header and its data field.

IP Address
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An IP version address consists of four octets (32 bits), which include both a network and a host address. The high order bits of the first octet transmitted are used to define how the other bits within the IP address are partitioned. The first byte decides which class the IP address belongs to which determines the size of the network.

When first bit of the first octet is equal zero, a Class A address is defined as shown in Figure 4-63. Class A addresses use the remainder of bits in the first octet to define the network, and the remaining three octets to define the host. That will make 126 networks with 16777214 hosts each.

When the first bit of the first octet is equal to one and the second bit is equal to zero, a Class B address is defined. Class B addresses use the remainder of the first octet and all bits from the second octet to define the network and the remaining two octets to define the host. That will make 16382 networks with 65534 hosts each.

In the same way a Class C address is defined. Class C addresses use the remainder of bits in the first octet and all bits from the second and third octets to define the network and the last (fourth) octet to define the host. That will make 2097150 networks with 254 hosts each.

Class D addresses are used for multicasting. That is, a single address from this space is used to direct a datagram to multiple unicast addresses. There is also a Class E address space reserved for experimental work and is not used.

Note that IP addresses are not permitted to use the value zero or all bits set to one for either the host portion or the network portion of the address because these addresses are reserved for special situations. This is why the value –2 was used in the above calculations of number of supported networks and hosts.
Subnet Mask

The purpose of subnet addressing is to extend the possible network numbers of a particular class of IP address. It does this by robbing the necessary bits from the host portion of the address. Someone with only 1 network address and many host addresses could effectively extend the number of their network numbers by converting some of the bits allocated for the host address into network bits.

TCP / UDP
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TCP

TCP provides a full featured FDX connection-oriented communications service to Upper Layer protocols. It is a sequenced protocol with a sequence number for each octet of a message and a positive acknowledgement is required for every octet. TCP maintains a window size to provide flow control and a 16-bit cyclic redundancy check to assure data integrity. The window size may be dynamically changed and a connection may be initiated simultaneously from both ends - unlike the Transport Layer protocols from less robust protocol stacks. Again, TCP is full featured and fire hardened as it has been in widespread use around the world for many years. Port Numbers To explain TCP, lets start with a brief description of the header format. The first two 16-bit fields are used for the source and destination port numbers. The first 1,024 destination port numbers are permanently assigned to applications such as; FTP (20 and 21), Telnet (23), DNS (53), TFTP (69), POPv3 (110) and SNMP (161). These are referred to as well-known port numbers. The remainder may be dynamically assigned by the Port Mapper Protocol (PMP) to avoid contention.  The two 32-bit sequence numbers field are used to account for every octet of a message (called a stream). The sequence number is the ordinal position to the stream of the last octet of this segment. The acknowledgement sequence number is the last ordinal position to the steam being received by the sender. With send and receive variables at each end, 100% accountability is attained. Header Length The 4-bit header length field identifies the number of 4-octet groups in the TCP header. For example, the typical header has 20 octets and the header length field is equal to 5.
UDP

User Datagram Protocol (UDP) is the simplest of the Transport Layer protocols and provides the least service. It is basically a datagram type service that is connectionless, unreliable and efficient. (No connection opening or closing - Just aim and shoot). The use of UDP is equivalent to calling someone on the telephone, delivering a short message and hanging up. Not very sociable, but if you only want to deliver a message without waiting for a reply, OK. It is ideal for TFTP and DNS. Actually, TFTP and DNS do require more than the basics provided by UDP, but they do not need the full blown service provided by TCP. Hence, they opt to use UDP for the basics and perform only the desired TCP features themselves. Protocol number 17 is assigned to UDP, which enables it to receive control and data directly from IP. UDP uses the destination port number in its header to identify the recipient of the data. The UDP header is compact and contains only the minimum information necessary to perform its multiplexing function. There are 4 fields in the UDP header. They are identified as follows. Source port Identifies the requesting application program. Destination port Identifies the destination application program. Message length Defines the length in octets of the entire UDP segment, which includes the 8-octet header. Checksum The checksum is the 16-bit one’s complement of the one’s complement sum of the UDP header, UDP data field and some fields from the IP header (called pseudo header). The pseudo header precludes UDP using any Network Layer protocol other than IP. It was done originally to assure integrity, but at this stage it amounts to “trap code”.
Routing protocols

RIP

The first Interior Gateway Protocol (IGP) used by early routers called Internet Message Processors (IMPs), was called Gateway-to-Gateway Protocol (GGP). An IMP would periodically broadcast to all other gateways in its autonomous group a routing table containing the destinations that it was able to address with the associated vector distance for each (vector distance in the form of number of hops). Gateways able to receive the routing table assumed that any IMP that the sender could reach, it could also. The hop count to the sender was added to the hop count of the advertised route for the new metric. The process could take minutes before all IMPs were able to obtain an accurate route table. This is called the convergence time. The mechanism is based on the Bellman-Ford algorithm, which shows convergence on the optimum path with the limited update between neighbours only. Because of the amount of time required for convergence, the maximum number of hops that can be supported with the vector distance protocols is 15. The amount of time is not linear with regard to the number of hops. The Routing Information Protocol (RIP, the replacement for GGP) is an IGP developed several years after GGP. It is based on Xerox’s Palo Alto Routing Information Protocol (PRIP), which was generalized to cover multiple network families and called RIP. The UNIX implementation of RIP is called "routed" and was originally part of the Berkeley UNIX distribution. This made it a defacto standard for many universities.

RIP functions two layers above IP. Hence, its messages are encapsulated in UDP segments. Unlike the other IGPs that use IP directly with the protocol number 9 in the IP header, RIP uses a UDP header with the destination port number equal to 520 for requests. The response has the source port number equal to 520 to identify it as a RIP response. Unsolicited routing update messages have both the source and destination port numbers equal to 520.
OSPF

The newest IGP is called Open Shortest Path First (OSPF) and is available in published literature (no license fees). OSPF is a link state protocol that was first used during the ARPANET era and is the basis for all other link state protocols, including NetWare Link Services Protocol (NLSP). (Link state refers to the status of a link, and not to the state or stateless protocol operation.) OSPF quickly detects topological changes and has a fast convergence time, relative to RIP. It is CIDR compliant and offers many new features, summarized as follows.

· Paths based on cost, rather than just the number of hops.

· Load balancing of multiple paths with equal metrics.

· Subnetting within an autonomous group.

· Authentication schemes to prohibit a bogus advertisement of a nonexistent route.

· Designated routers to minimize broadcast messages and enhance security.

· Virtual network paths (may cross a transient subnet).

· Exchange of routing information learned from other autonomous systems.

· Multicast capabilities for bandwidth reduction.

OSPF was designed to dynamically provide current path information for any route in a single autonomous system (AS). Each router in the AS maintains an identical data base to all other routers and calculates its RT from that database. When a new route is added (or deleted) at one router, the change is propagated with OSPF messages throughout the AS. New physical links (or failed links) are handled in the same manner. This results in an identical database modification in each router. Each router, seeing itself at the centre of all paths, updates its RT to reflect any change to the database.

OSPF operates at the Transport Layer and places its messages directly in IP datagrams. It receives messages in the same manner. That is, directly from the IP with Protocol number 9, as illustrated. Some older literature may cite protocol number 89 for OSPF because that is the number originally assigned. It was assigned to OSPF’s predecessor called OSPFIG. If you are looking at an analyser and running either OSPFv2 or OSPFv4, the protocol number in the IP header is 9.
BGP

OSPF with multiple areas can handle very large networks, but all the areas are under a single administrative domain and constitute a single AS. The Border Gateway Protocol (BGP) is an inter-Autonomous System (inter-AS) routing protocol. An AS may contain multiple routing domains, each with its own intraautonomous routing protocol and possibly more than one. Within an AS there may be multiple BGP speakers that communicate with the speakers of other ASs, or one speaker may be elected to assure a consistent reporting of routing information for the autonomous system. (A speaker is the BGP program in a router.) In either case, an AS appears to other ASs consistently with the same network reachability information. Hence, no tree structure. BGP is not restricted to routers - Hosts may exchange routing information with a border router in another AS.

A key feature of BGP is Path Attributes. The optional path attribute (AS-PATH) results in a list of ASs traversed for each route, similar to an IP trace route option. A route here is defined as a unit of information that pairs a destination with the attributes of a path to that destination. Path attributes provide for the straightforward and fast suppression of routing loops. BGP does not place topological restrictions on the interconnection of ASs. There may be stub ASs (no pass through), multihomed ASs (pass through blocked by policy) and transit ASs (designed to permit pass through). BGP Version 4 (BGP-4) is CIDR compliant and routes may be aggregated to reduce the size of routing tables. BGP also enforces policy based route selection as defined by the AS administrator who may, for example, choose to permit transit traffic from one AS but not from another. BGP identifies all paths for each address prefix and assigns an index (non-negative integer) to each. The index values may be administratively set.

BGP is an Upper Layer program and uses the Transport Layer TCP, "wellknown" port number 179, as illustrated. This adds a little overhead but provides reliability and solves the packet loss problem with the earlier EGP (attributed to the slow or lack of convergence on routing routes). Overall the worst performance of BGP during congestion is equivalent to the average performance of the earlier EGP.

multi protocol label switching (MPLS)

Figure 4-
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 IP based transport network using MPLS and associated signaling used for dynamic resource reservation for delay sensitive traffic.

MPLS is a implementing quality of service functionality in IP networks. The terminology used is:

· LSP: Label Switched Path

· LSR: Label Switching Router

· LER: Label Edge Router

· LDP: Label Distribution Protocol
· RSVP: Resource Reservation Protocol
LER is responsible for setting up a path through the network using signaling protocol LDP and RSVP. When the path is setup the LSP are responsible to make fast forwarding of packets that have MPLS labels, that is the IP header is not processed in the router as shown in Figure 4-66.   
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MPLS is not dependent on any technology in the backbone. In Figure 4-66 MPLS is implemented in a IP over ATM network. The MPLS functionality will be implemented by making use of  the ATM header.

IP version 6

The main objectives for IPv6 or IPng (new generation) are:

· Current IP version 4 was developed in 1970’s

· UMTS Mobile IP will be implemented using IPv6, Mobile IPv6 is being finalized now

· IPv4 Address range is too small (32 bits), IPv6 has 128 bits

· IPv6 Addressing & Routing is faster

· IPv6 will give guaranteed Quality of Service (QoS)

· IPv6 connection setup is simpler

· IPv6 includes enhanced security

· IPv6 supports real-time Multimedia 

Mobile IP is needed because both ends of a TCP session (connection) need to keep the same IP address for the life of the session. However, IP address must change when a mobile end user moves and connects to a new part of the global network.  Mobile IP solves the routing part of the mobility problem by making use of double IP protocol stack, one for the mobile: the home address and one for the network node: the care-of address. It then associates (binds) the home address to the care-of address and dynamically updates this binding.

The status for Ipv6 for cellular telephony is as follows:

· 3GPP has specified IPv6 as a mandatory protocol in Release 5 IM CN (IP Multimedia Core Network).

· MWIF recommendation for IPv6 (Mobile Wireless Internet Forum).

· IETF design team designated for fast/smooth/seamless handover.

· AAA adaptation layer for HLR(HSS) under consideration.

· Smooth evolution from GPRS envisioned.

· ROHC working group considering header compression.

Figure 4-67 and Figure 4-68 show possible IPv6 migration scenarios. The starting point is GPRS and WCDMA networks that make use of IPv4. In the first phase there will be islands of IPv6 networks and nodes that support dual stack IP v4 and IP v6 sill be installed. In second phase there is mainly IPv6 nodes, however, dual stack is supported in all nodes and  network address translation nodes needed to convert addresses (NAT). In the last phase only small islands of IPv4 is left. NAT is normally not used.
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IPv6 summary

· Future Internet is largely wireless/mobile

· IPv6 addressability needed for billions of wireless devices

· Key drivers: fun, sharing, personalization, community

· IP as common convergence layer (IPv6, MIPv6, IPSEC)

· Competition moving towards applications & service layer

· Hot spots needed (new radio technologies)

· Mobile IPv6 is better and more efficient than Mobile IPv4

· Autoconfiguration is suitable for the mobile Internet

· Security is a key component for success

· Seamless handover needed for VoIPv6

· AAA has a big role to play for cellular rollout

conclusion
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