DIRECT LINK NETWORKS
2. DIRECT LINK MREŽE

It is a mistake to look too far ahead. Only one link in the chain of destiny can be handled at a time.
To je pogreška gledati predaleko naprijed. Samo jedna karika u lancu sudbine mogu biti obrađene na vrijeme.

 - Winston Churchill
- Winston Churchill

PROBLEM: Physically Connecting Hosts
PROBLEM: Spajanje Fizički Hosts

The simplest network possible is one in which two hosts are directly connected by some physical medium. The medium be a length of wire, a piece of optical fiber, or a medium (such as air or even free space) through which electromagnetic radiation (e.g., radio waves) can be transmitted. It may cover a small area (e.g., an office building) or a wide area (e.g., transcontinental). Connecting two or more nodes with a suitable medium is only the first step, however. There are five additional problems that must be addressed before the nodes can successfully exchange packets:
Najjednostavniji mreže moguće je onaj u kojemu dvoje domaćini su izravno povezani su neki fizički medij. Srednja biti duljina žice, komad s optičkim vlaknima, ili medij (kao što su zrak ili čak slobodnog prostora), putem kojeg elektromagnetskog zračenja (npr. radio valovima) mogu biti odaslani. To može pokriti malu površinu (npr., poslovna zgrada) ili širokog područja (npr., interkontinentalne). Povezivanje dva ili više čvorova uz prikladan medij je samo prvi korak, međutim. Postoji pet dodatne probleme koji se moraju riješiti prije čvorovi mogu uspješno razmjenjivati pakete:

The first is encoding bits onto the transmission medium so that they can be understood by a receiving host.;
1. Prvi je kodiranje bita na medij prijenosa, tako da oni mogu razumjeti primanje domaćin.

Second is the matter of delineating the sequence of bits transmitted over the link into complete messages that can be delivered to the end node. This is called the framing problem, and the messages delivered to the end hosts are often called frames.;
2. Drugo je pitanje prikazivanja slijeda bitova prenose preko veza u potpuni poruka koje mogu biti isporučena do kraja čvor. To se naziva problem okvira, a poruka isporučena do kraja domaćini su se često naziva okvira.

Third, because frames are sometimes corrupted during transmission, it is necessary to detect these errors and take the appropriate action; this is the error detection problem.;
3. Treće, jer okviri ponekad su oštećene tijekom prijenosa, potrebno je otkriti te pogreške i poduzeti odgovarajuće radnje, to je problem otkrivanje pogrešaka.

The fourth issue is making a link appear reliable in spite of the fact that it corrupts frames from time to time.;
4. Četvrti problem je što link pojaviti pouzdan unatoč činjenici da ga kvari okvira s vremena na vrijeme.

Finally, in those cases where the link is shared by multiple hosts - as opposed to a simple point-to-point link - it is necessary to mediate access to this link. This is the media access control problem.
5. Konačno, u onim slučajevima gdje je link dijeli više domaćini - za razliku od jednostavnog point-to-point link - potrebno je posredovati pristup na ovaj link. To je kontrola pristupa mediju problem.

Although these five issues:
Iako je ovih pet pitanja:

encoding,
• kodiranje,

framing,
• kadriranje,

error detection,
• otkrivanje pogrešaka,

reliable delivery, and
• pouzdanu isporuku, a

access mediation,
• pristup posredovanja,

can be discussed in the abstract, they are very real problems that are addressed in different ways by different networking technologies. This chapter considers these issues in the context of four specific network technologies:
može raspravljati u apstraktnim, one su vrlo stvarne probleme koje su upućene na različite načine i različite mrežne tehnologije. Ovo poglavlje razmatra ta pitanja u kontekstu četiri specifične mrežne tehnologije:

point-to-point links,
• point-to-point linkove,

carrier sense multiple access (CSMA) networks (of which Ethernet is the most famous example),
• nosioca višestruki pristup (CSMA) mreža (Ethernet koji je najpoznatiji primjer),

token rings (of which IEEE Standard 802.5 and FDDI are the most famous examples), and
• znak prstenovi (od čega je 802,5 IEEE i FDDI su najpoznatiji primjeri), i

wireless networks (for which 802.11 is the most widespread standard
).
• bežične mreže (za koju je 802,11 najrašireniji standard).

The goal of this chapter is simultaneously to survey the available network technology and to explore these five fundamental issues.
Cilj ovog poglavlja je istovremeno anketa raspoloživih mrežnih tehnologija i istraživanje tih pet temeljnih pitanja.

Before tackling the specific issues of connecting hosts, this chapter begins by examining the building blocks that will be used: nodes and links. We then explore the first three issues - encoding, framing, and error detection - in the context of a simple point-to-point link. The techniques introduced in these three sections are general and therefore apply equally well to multiple-access networks. The problem of reliable delivery is considered next. Since link-level reliability is usually not implemented in shared-access networks, this discussion focuses on point-to-point links only. Finally, we address the media access problem in the context of CSMA, token rings, and wireless.
Prije rješavanju specifičnih pitanja povezivanja domaćina, ovo poglavlje započinje pregledom zgrada blokovi koji će se koristiti: čvorovi i linkovi. Mi smo zatim istražite prva tri pitanja - kodiranje, kadriranje, i otkrivanje pogrešaka - u kontekstu jednostavan point-to-point linka. Tehnike uvedena u ove tri dijela su općenito i stoga se jednako primjenjuju i na višestrukog pristupa mrežama. Problem pouzdane isporuke smatra se sljedeći. Budući da link na razini pouzdanosti obično se ne provode podijeljenim pristup mrežama, ova rasprava fokusira se na point-to-point veze samo. Konačno, mi se riješio problem pristup medijima u kontekstu CSMA, tokena prstenje, i bežični.

2.1 Hardware Building Blocks
1,1. 2,1 HARDWARE Building Blocks

As we saw in Chapter 1, networks are constructed from two classes of hardware building blocks: nodes and links. This statement is just as true for the simplest possible network - one in which a single point-to-point link connects a pair of nodes - as it is for a worldwide internet. This section gives a brief overview of what we mean by nodes and links and, in so doing, defines the underlying technology that we will assume throughout the rest of this book.
Kao što smo vidjeli u Poglavlju 1, mreže su izgrađene od dvije vrste hardvera građevnih blokova: čvorovi i linkovi. Ova izjava je jednako vrijedi i za najjednostavnije moguće mreže - onaj u kojem jedan point-to-point veza povezuje par čvorova - kao što je za svjetski internet. Ovaj odjeljak daje kratak pregled onoga što mi podrazumijevamo pod čvorova i veza, te na taj način, definira temeljne tehnologije koje ćemo pretpostaviti kroz ostatak ove knjige.

2.1.1 Nodes
1.1.1. 2.1.1 Čvorovi

Nodes are often general-purpose computers, like a desktop workstation, a multiprocessor, or a PC. For our purposes, let’s assume it’s a workstation-class machine. This workstation can serve as a host that users run application programs on, it might be used inside the network as a switch that forwards messages from one link to another, or it might be configured as a router that forwards internet packets from one network to another. In some cases, a network node - most commonly a switch or router inside the network, rather than a host - is implemented by special-purpose hardware. This is usually done for reasons of performance and cost: It is generally possible to build custom hardware that performs a particular function faster and cheaper than a general-purpose processor can perform it. When this happens, we will first describe the basic function being performed by the node as though this function is being implemented in software on a general-purpose workstation, and then explain why and how this functionality might instead be implemented by special hardware.
Čvorovi su često računala opće namjene, kao što su desktop radnih stanica, višeprocesorski, ili PC. Za naše svrhe, dozvoljava 'pretpostaviti da je workstation-klasa stroj. Ova radna stanica može poslužiti kao domaćin koji korisnici pokrenu aplikacijskih programa, možda će se koristiti unutar mreže, kao prekidač koji prosljeđuje poruke iz jedne veze u drugu, ili to može biti konfiguriran kao router da proslijedi internet pakete sa jedne mreže na drugu . U nekim slučajevima, medučvorišno - najčešće switch ili router unutar mreže, a ne domaćin - provodi posebne namjene hardver. To se obično radi iz razloga učinkovitosti i troškova: to je općenito moguće izgraditi prilagođeni hardver koji obavlja određenu funkciju brže i jeftinije nego opće namjene procesor može izvesti. Kada se to dogodi, prvo ćemo opisati osnovne funkcije se vrši čvor kao da ovu funkciju provodi se softver opće namjene stanicu, a zatim objasnite zašto i kako je tu funkciju umjesto može se provoditi poseban hardver.

Although we could leave it at that, it is useful to know a little bit about what a workstation looks like on the inside. This information becomes particularly important when we become concerned about how well the network performs. Figure 2.1 gives a simple block diagram of the workstation-class machine we assume throughout this book.
Iako bismo mogli ostaviti ga na to, to je korisno znati malo o tome što izgleda kao na stanicu iznutra. Ovaj podatak postaje osobito važno kada smo postali zabrinuti o tome kako dobro obavlja mreže. Slika 2.1 daje jednostavna blok dijagram workstation-klasa stroj pretpostavljamo kroz ovu knjigu.

Two aspects of the memory component are important to note. First, the memory on any given machine is finite. It may be 64 MB or it may be 1 GB, but it is not infinite. As pointed out in Section 1.2.2, this is important because memory turns out to be one of the two scarce
 resources in the network (the other is link bandwidth) that must be carefully managed if we are to provide a fair amount of network capacity to each user. Memory is a scarce resource because, on any node that forwards packets, those packets must be buffered in memory while waiting their turn to be transmitted over an outgoing link.
Dva aspekta memorije komponente su važno imati na umu. Prvo, sjećanje na bilo kojem stroju je konačan. To može biti 64 MB ili to može biti 1 GB, ali to nije beskonačna. Kao što je istaknuto u Odjeljku 1.2.2, ovo je važno, jer memorija Ispada da se jedan od dva oskudnih resursa u mreži (drugi link bandwith) koji mora biti pažljivo upravlja, ako želimo osigurati pošteno iznos kapacitet mreže za svakog korisnika. Memorija je rijedak resurs, jer, na bilo koji čvor koji prosljeđuje pakete, ti paketi moraju biti bufferom u memoriju dok čekaju svoj red da se prenose preko odlazni link.

Second, while CPUs are becoming faster at an unbelievable pace, the same is not true of memory. Recent performance trends show processor speeds doubling every 18 months, but memory latency improving at a rate of only 7% each year. The relevance of this difference is that as a network node, a workstation runs at memory speeds, not processor speeds, to a first approximation. This means that the network software needs to be careful about how it uses memory and, in particular, about how many times it accesses memory as it processes each message. We do not have the luxury of being sloppy just because processors are becoming infinitely fast.
Drugo, dok su CPU postaje brži na nevjerojatnom brzinom, isto ne vrijedi memorije. Najnoviji trendovi uspješnosti pokazuju procesora brzina udvostručuje svakih 18 mjeseci, ali sjećanje latencija poboljšanje po stopi od samo 7% svake godine. Važnost ove razlike je u tome što je mrežni čvor, radnu stanicu radi na memoriju brzine, a ne brzina procesora, na prvoj aproksimaciji. To znači da mreže softver treba biti oprezan o tome kako se koristi memoriju i, posebice, o tome koliko je puta pristupa memoriji, jer procesi svaku poruku. Mi nemamo luksuz da bude neuredan samo zato što procesori postaju beskonačno brzo.

Figure 2.1 Example workstation architecture.
Slika 2.1 Primjer radna arhitekture.

The workstation’s network adaptor component connects the rest of the workstation to the link. More than just a physical connection, it is an active intermediary between node and link, with its own internal processor. Its role is to transmit data from the workstation onto the link, and receive data from the link, storing it for the workstation. The adaptor implements nearly all the networking functionality, to be discussed in the course of this chapter, that makes it possible to convey data over a dumb wire (or radio airwaves) between adaptors. For example, adaptors break data into frames that the link can transport, detect errors introduced as a frame travels over the link, and follow fairness rules that allow a link to be shared by multiple workstations.
Radna mrežni prilagodnik komponenta povezuje ostatak radne stanice na link. Više od samo fizičke veze, to je aktivni posrednik između čvorova i veza, s vlastitim unutarnjim procesor. Njegova uloga je prijenos podataka iz radne stanice na link, i primati podatke iz veza, pohranjivanja za radne stanice. Adapter provodi gotovo sve umrežavanje funkcionalnost, da se raspravlja u toku ovog poglavlja, što ga čini moguće prenijeti podatke preko žice glupi (ili radio valovima) između adaptera. Na primjer, adapteri break podataka u okvire da je veza može prometa, detektirati pogreške uveden kao okvir putuje preko veze, i slijedite pravila pravednosti koji omogućuju vezu da se dijele po više radnih stanica.

A network adaptor can be thought of as having two main components: a bus interface that understands how to communicate with the host and a link interface that understands how to use the link. There must also be a communication path between these two components, over which incoming and outgoing data is passed. A simple block diagram of a network adaptor is depicted in Figure 2.2.
Mrežni prilagodnik može biti misao kao imaju dvije glavne komponente: bus sučelje koje razumije kako komunicirati s domaćinom i link sučelje koje razumije kako da koristite link. Također mora biti komunikaciju put između ove dvije komponente, nad kojim dolazne i odlazne podatke je prošlo. Jednostavna blok dijagram mrežnog prilagodnika prikazana je na slici 2.2.

Figure 2.2 Block diagram of a typical network adaptor.
Slika 2.2 Blok dijagram tipičan mrežni prilagodnik.

Different kinds of links require network adaptors with very different link interfaces. In this chapter we will see the tasks performed by the link interface for a variety of link technologies. Different I/O buses likewise require different adaptors. From the perspective of the host, however, bus interfaces tend to be similar to each other. Typically, the adaptor exports a control status register (CSR) that is readable and writable from the CPU. The CSR is typically located at some address in the memory, thereby making it possible for the CPU to read and write just like any other memory location. Software on the host - a device driver - writes to the CSR to instruct it to transmit and/or receive data and reads from the CSR to learn the current state of the adaptor. To notify the host of an asynchronous event such as the reception of a frame, the adaptor interrupts the host.
Različite vrste veza je potrebna mrežna adaptera s vrlo različitim link sučelja. U ovom poglavlju ćemo vidjeti zadatke obavlja na link sučelje za različite veze tehnologije. Različite I/O autobusa također zahtijevaju različite adaptere. Iz perspektive domaćina, međutim, autobus sučelja imaju tendenciju da se slični jedni druge. Tipično, adapter izvoza registar kontrolnom statusu (DOP) koji je čitljiv i snimanje iz CPU-a. DOP-a obično se nalazi na nekoj adresi u memoriji, čineći ga moguće za CPU čitati i pisati baš kao i svako drugo mjesto u memoriji. Softver na domaćina - driver - piše CSR uputiti ga prenositi i/ili primanje podataka i čita iz DOP-a kako bi naučili trenutnom stanju adaptera. O tome obavijestiti domaćin nesinkroni događaja kao što je primanje okvira, adapter prekida domaćina.

One of the most important issues in network adaptor design is how bytes of data are transferred between the adaptor and the host memory. There are two basic mechanisms: direct memory access (DMA) and programmed I/O (PIO). With DMA, the adaptor directly reads and writes the host’s memory without any CPU involvement; the host simply gives the adaptor a memory address and the adaptor reads from (or writes to) it. With PIO, the CPU is directly responsible for moving data between the adaptor and the host memory: To send a frame, the CPU executes a tight loop that first reads a word from host memory and then writes it to the adaptor; to receive a frame, the CPU reads words from the adaptor and writes them to memory.
Jedno od najvažnijih pitanja u mrežni prilagodnik dizajn je kako bajtova podataka se prenose između adaptera i domaćin memorije. Postoje dva osnovna mehanizma: izravan pristup memoriji (DMA) i ja programirane/O (PIO). Sa DMA, adapter direktno čita i piše host memorije bez sudjelovanja procesora, domaćin jednostavno daje adapter memorijske adrese i adapter čita iz (ili piše da) ga. Uz PIO, CPU je izravno odgovoran za kretanje podataka između adaptera i domaćin memorije: Da biste poslali okvir, CPU izvršava uske petlje da prvi čita riječi iz memorije računala, a zatim ga piše na adapter, za primanje okvira , CPU čita riječi iz adapter i da ih piše u memoriju.

As noted earlier, host memory performance is often the limiting factor in network performance. Nowhere is this possibility more critical than at the host/ adaptor interface. To help drive this point home, consider Figure 2.3.
Kao što je već spomenuto, domaćin memorije i performanse je često ograničavajući faktor u performanse mreže. Nigdje je to mogućnost važnija nego na host/adapter sučelja. Kako bi se voziti ovom trenutku dom, razmislite o slici 2.3.

Figure 2.3 Memory bandwidth on a modern PC-class machine.
Slika 2.3 memorijsku propusnost na moderan PC-klasa stroj.

This diagram shows the bandwidth available between various components of a modern PC. While the I/O bus is fast enough to transfer frames between the network adaptor and host memory at gigabit rates, there are two potential problems.
Ovaj dijagram pokazuje propusnost dostupna između različitih komponenti modernog računala. Dok je I/O sabirnicu je dovoljno brzo za prijenos okvira između mrežni adapter i domaćin memorije na gigabit cijene, postoje dva potencijalna problema.

The first is that the advertised I/O bus speed corresponds to its peak bandwidth; it is the product of the bus’s width and clock speed (e.g., a 64-bit-wide bus running at 133 MHz has a peak transfer rate of 8,512 Mbps). The real limitation is the size of the data block that is being transferred across the I/O bus, since there is a certain amount of overhead involved in each bus transfer. On some architectures, for example, it takes 8 clock cycles to acquire the bus for the purpose of transferring data from the adaptor to host memory. This overhead is independent of the number of data bytes transferred. Thus, if you want to transfer a 64-byte payload across the I/O bus - this happens to be the size of a minimum Ethernet packet - then the whole transfer takes 16 cycles: 8 cycles to acquire the bus and 8 cycles to transfer the data. (The bus is 64 bits wide, which means that it can transfer 8 bytes during each clock cycle; 64 bytes divided by 8 bytes per cycle equals 8 cycles.) This means that the maximum sustained bandwidth you can achieve for such packets is only half the peak (i.e., 4,256 Mbps).
Prvi je da se oglašava I/O sabirnicu brzine odgovara svom vrhuncu bandwith, to je proizvod od autobusnog širine i takt (npr. 64-bitni-wide bus trči na 133 MHz ima vrh prijenosa od 8.512 Mb/s ). Pravi ograničenje je veličina bloka podataka koji se prenose preko I/O sabirnicu, jer postoji određena količina nadzemne uključeni u svakoj transfer autobusom. Na nekim arhitekturama, na primjer, to traje 8 sat ciklusa za stjecanje autobus u svrhu prijenosa podataka iz adaptera na host memorije. Ovo nadzemne je neovisna o broju prenesenih podataka u bajtovima prenose. Dakle, ako želite prenijeti 64-byte nosivosti preko I/O sabirnicu - se to dogodi, biti veličine od najmanje Ethernet paketa - onda cijeli transfer traje 16 ciklusa: 8 ciklusa za stjecanje autobusnog i 8 ciklusa za prijenos podataka. (Autobus je 64 bita široke, što znači da se može prenijeti 8 bajtova tijekom svakog sata ciklusa;. 64 bytes podijeljen 8 bajtova po ciklusu je jednak 8 ciklusa) To znači da maksimalna propusnost pretrpio možete postići za takvim paketima je samo pola vrha (tj. 4.256 Mb/s).

The second problem is that the memory/CPU bandwidth, which in this example is 3,200 MBps (25.6 Gbps), is the same order of magnitude as the bandwidth of the I/O bus. Fortunately, this is a measured number rather than an advertised peak rate. The ramification is that while it is possible to deliver frames across the I/O bus and into memory and then to load the data from memory into the CPU’s registers at network bandwidths, it is impractical for the device driver, operating system, and application to go to memory multiple times for each word of data in a network packet, possibly because it needs to copy the data from one buffer to another. In particular, if the memory/CPU path is crossed n times, then it might be the case that the bandwidth your application sees is 3,200/» MBps. (The performance might be better if the data is cached, but often caches don’t help with data arriving from the network.) For example, if the various software layers need to copy the message from one buffer to another four times - not an uncommon situation - then the application might see a throughput of 800 MBps (6,400 Mbps), less than the 8,512 Mbps that the I/O bus can support.
Drugi problem je da je memorija/procesora propusnost, koja u ovom primjeru iznosi 3.200 Mb/s (25,6 Gbps), je istog reda veličine kao širina pojasa na I/O sabirnicu. Srećom, ovo je mjeren broj nego reklamirao vrh stopa. Grananje je da, iako je moguće isporučiti okvire preko I/O sabirnicu te u memoriju, a zatim učitati podatke iz memorije u CPU-a registrira na mrežu bandwidths, to je nepraktičan za upravljački program uređaja, operativnog sustava, te aplikacija za Idi na pamćenje više puta za svaku riječ podataka u mrežu, vjerojatno zato što treba kopirati podatke iz jedne u drugu tampon. Konkretno, ako je memorija/procesora put je prešao n puta, onda to može biti slučaj da je propusnost vaše prijave vidi se 3200/»Mbps. (Predstava može biti bolje ako podaci su iz međuspremnika, ali često ne sprema pomoći s podacima koji dolaze iz mreže.) Na primjer, ako različitih razina softvera trebate kopirati poruku od jednog do drugog tampon četiri puta - ne neuobičajeno stanje - onda aplikacija može vidjeti propusnost od 800 Mb/s (6400 Mb/s), manje od 8.512 Mb/s što I/O sabirnicu može podržati.

As an aside, it is important to recognize that there are many parallels between moving a message to and from memory and moving a message across a network. In particular, the effective throughput of the memory system is defined by the same two formulas given in Section 1.5.
Kao stranu, važno je prepoznati da postoje mnoge paralele između pokretnih poruku i iz memorije i kreće poruke preko mreže. In particular, učinkovit propusnosti memorije sustava definiran je dvije iste formule date u Odjeljku 1.5.

Throughput = TransferSize/TransferTime

TransferTime = RTT+ 1/Bandwidth x TransferSize

In the case of the memory system, however, the transfer size corresponds to how big a unit of data we can move across the bus in one transfer (i.e., cache line versus small cells versus large message), and the RTT corresponds to the memory latency, that is, whether the memory is on-chip cache, off-chip cache, or main memory. Just as in the case of the network, the larger the transfer size and the smaller the latency, the better the effective throughput. Also similar to a network, the effective memory throughput does not necessarily equal the peak memory bandwidth (i.e., the bandwidth that can be achieved with an infinitely large transfer).
U slučaju memorije sustava, međutim, prijenos veličina odgovara kako velik jedinica podataka možemo se kreću autobusom u jednom prijenosu (tj. cache line u odnosu na male stanice u odnosu na velika poruka), a RTT odgovara memoriju latencija, to jest, da li je memorija na čipu cache, off-chip cache, ili glavne memorije. Baš kao u slučaju mreže, prijenos veće veličine i manje latencije, bolje učinkovit propusnost. Također slične mreže, učinkovit memorije propusnosti ne mora nužno jednaka vrh memorijsku propusnost (tj. propusnost koja se može postići s beskonačno velikim prijenos).

The main point of this discussion is that we must be aware of the limits memory bandwidth places on network performance. If carefully designed, the system can work around these limits. For example, it is possible to integrate the buffers used by the device driver, the operating system, and the application in a way that minimizes data copies. The system also needs to be aware of when data is brought into cache, so it can perform all necessary operations on the data before it gets bumped from the cache. The details of how this is accomplished are beyond the scope of this book, but can be found in papers referenced at the end of the chapter.
Težište ove rasprave je da moramo biti svjesni ograničenja memorijsku propusnost mjesta na performanse mreže. Ako je pažljivo dizajniran, sustav može raditi oko na te limite. Na primjer, moguće je integrirati odbojnika koristi upravljački program uređaja, operativni sustav, te aplikacija na način da se smanji podataka primjeraka. Sustav također treba biti svjestan kada se podaci doveo u cache, tako da može obavljati sve potrebne radnje na podacima prije nego što ga dobiva nabasao iz predmemorije. Pojedinosti o tome kako je to postignuto su izvan opsega ove knjige, ali mogu se naći u radovima upućuje na kraju poglavlja.

Finally, there is a second important lesson lurking in this discussion: when the network isn’t performing as well as you think it should, it’s not always the network’s fault. In many cases, the actual bottleneck in the system is one of the machines connected to the network. For example, when it takes a long time for a web page to appear on your browser, it might be network congestion, but it’s just as likely the case that the server at the other end of the network - which may be trying to serve many users at the same time as you - can’t keep up with the workload.
Konačno, tu je drugi važan sat vreba u ovoj raspravi: kad mreža ne radi, kao i vi mislite da bi trebalo, to nije uvijek mrežu's fault. U mnogim slučajevima, stvarni usko grlo u sustavu je jedan od strojeva spojen na mrežu. Na primjer, kada je potrebno dugo vremena za web stranice će se pojaviti na vašem pregledniku, to bi moglo biti mrežnog zagušenja, ali to je samo da je vjerojatno u slučaju da je poslužitelj na drugom kraju mreže - koji može biti težak služiti mnogim korisnici u isto vrijeme kao i vi - ne može držati korak s posla.

Frames, Buffers, and Messages
1.1.1.1. Okviri, Odbojnici, i poruke

As this section has suggested, the network adaptor is the place where the network comes in physical contact with the host. It also happens to be the place where three different worlds intersect: the network, the host architecture, and the host operating system. It turns out that each of these has a different terminology for talking about the same thing. It is important to recognize when this is happening.
Kao što je ovaj dio je predložio, mrežni adapter je mjesto gdje mreže dolazi u fizičkom kontaktu s domaćinom. Također se događa da se na mjestu gdje su tri različita svijeta sijeku: mreže, domaćin arhitekture, i domaćin operativni sustav. Ispada da je svaki od njih ima različite terminologije za pričaju istu stvar. Važno je prepoznati kada se to događa.

From the network’s perspective, the adaptor transmits frames from the host and receives frames into the host. From the perspective of the host architecture, each frame is received into or transmitted from a buffer, which is simply a region of main memory of some length and starting at some address. Finally, from the operating system’s perspective, a message is an abstract object that holds network frames. Messages are implemented by a data structure that includes pointers to different memory locations (buffers). We saw an example of a message data structure in Chapter 1.
Iz mreže perspektive, adapter prenosi okvira od domaćina i prima okvira u domaćina. Iz perspektive domaćina arhitekture, svaki okvir je primljena u ili prenositi iz tampon, koji je jednostavno područje glavne memorije neke duljine i s početkom u adresi. Konačno, iz operativnog sustava perspektive, poruka je apstraktan objekt koji drži mrežu okvira. Poruke se provodi struktura podataka koja sadrži pokazivače na različite memorijske lokacije (odbojnici). Vidjeli smo primjer strukture poruku podataka u Poglavlju 1.

2.1.2 Links
1.1.2. 2.1.2 Linkovi

Network links are implemented on a variety of different physical media, including:
Mrežni linkovi provode na različite fizičke medije, uključujući:

twisted pair (the wire that your phone connects to),
1. upletena parica (žica da se telefon povezuje s),

coaxial cable (the wire that your TV connects to),
2. koaksijalni kabel (žica da spaja na TV),

optical fiber (the medium most commonly used for high-bandwidth, long-distance links), and
3. optičko vlakno (medij najčešće koriste za visoke propusnosti, dugo-udaljenost veze), i

space (the stuff that radio waves, microwaves, and infrared beams propagate through).
4. prostor (stvari koje radiovalova, mikrovalova i infracrvenih zraka propagirati kroz).

Whatever the physical medium, it is used to propagate signals. These signals are actually electromagnetic waves traveling at the speed of light. (The speed of light is, however, medium dependent - electromagnetic waves traveling through copper and fiber do so at about two-thirds the speed of light in a vacuum.)
Bez obzira na fizički medij, ona se koristi za propagirati signale. Ovi signali su zapravo elektromagnetski valovi putuju brzinom svjetlosti. (Brzina svjetlosti je, međutim, srednje ovisan - elektromagnetski valovi putuju kroz bakrene ili optičke učiniti na oko dvije trećine brzina svjetlosti u vakuumu.)

One important property of an electromagnetic wave is the frequency, measured in hertz, with which the wave oscillates. The distance between a pair of adjacent maxima or minima of a wave, typically measured in meters, is called the wave’s wavelength. Since all electromagnetic waves travel at the speed of light, that speed divided by the wave’s frequency is equal to its wavelength. We have already seen the example of a voice-grade telephone line, which carries continuous electromagnetic signals ranging between 300 and 3,400 Hz; a 300-Hz wave traveling through copper would have a wavelength of 
Jedan je važno svojstvo elektromagnetskog vala je frekvencija, mjereno u Hertz, s kojim val oscilira. Razmak između par susjednih maksimuma ili minimuma od vala, obično u metrima, zove se val je valna duljina. Budući da su svi elektromagnetski valovi putuju brzinom svjetlosti, da se brzina dijeli vala je frekvencija jednaka je njegova valna duljina. Već smo vidjeli primjer govorne telefonske linije, koja nosi kontinuirani elektromagnetski signali u rasponu između 300 i 3400 Hz, 300 Hz-val koji putuje kroz bakar bi imati valnu duljinu od
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Generally, electromagnetic waves span a much wider range of frequencies, ranging from radio waves, to infrared light, to visible light, to X-rays and gamma rays. Figure 2.4 depicts the electromagnetic spectrum and shows which media are commonly used to carry which frequency bands.
Općenito, elektromagnetski valovi obuhvaćaju mnogo širi spektar frekvencija, u rasponu od radio valova, na infracrveno svjetlo, na vidljivu svjetlost, za X-zrake i gama zrake. Slika 2.4 prikazuje elektromagnetskog spektra, a pokazuje koji mediji se najčešće koriste za nošenje koja frekvencijskim pojasevima.

Figure 2.4 Electromagnetic spectrum
Slika 2.4 elektromagnetski spektar

So far we understand a link to be a physical medium carrying signals in the form of electromagnetic waves. Such links provide the foundation for transmitting all sorts of information, including the kind of data we are interested in transmitting - binary data (1s and 0s). We say that the binary data is encoded in the signal. The problem of encoding binary data onto electromagnetic signals is a complex topic. To help make the topic more manageable, we can think of it as being divided into two layers. The lower layer is concerned with modulation - varying the frequency amplitude, or phase of the signal to effect the transmission of information. A simple example of modulation is to vary the power (amplitude) of a single wavelength. Intuitively, this is equivalent to turning a light on and off. Because the issue of modulation is secondary to our discussion of links as a building block for computer networks, we simply assume that it is possible to transmit a pair of distinguishable signals - think of them as a "high" signal and a "low" signal - and we consider only the upper layer, which is concerned with the much simpler problem of encoding binary data onto these two signals. Section 2.2 discusses such encodings.
Do sada mi razumijemo vezu da bude fizički medij signali u obliku elektromagnetskih valova. Takve veze osiguravaju temelj za prijenos svih vrsta informacija, uključujući i vrstu podataka zainteresirani smo u prijenosu - binarne podatke (1s i 0s). Kažemo da je binarni podaci kodirani u signal. Problem kodiranja binarnih podataka na elektromagnetskih signala je složen temu. Pomoći kako bi temu lakše rukovanje, možemo misliti o njemu kao podijeljen u dva sloja. Donji sloj se bavi modulacije - različite frekvencije amplitude, ili fazu signala da se učinak prijenosa informacija. Jednostavan primjer modulacije je mijenjati vlast (amplituda) pojedinog valne duljine. Intuitivno, ovo je ekvivalent za pretvaranje svjetla i isključivanje. Budući da je pitanje modulacije je sekundarno na našu raspravu o vezama, kao sastavni blok za računalne mreže, mi jednostavno pretpostaviti da je moguće prenijeti par razlikuje signala - Razmišljajte o njima kao "high" signal i "niske" signal - i uzmemo u obzir samo gornji sloj, koji se bavi mnogo jednostavniji problem kodiranje binarnih podataka na ta dva signala. Odjeljak 2,2 raspravlja o takvim kodiranja.

Another attribute of a link is how many bit-streams can be encoded on it at a given time. If the answer is only one, then the nodes connected to the link must share access to the link. This is the case for the multiple-access links described in Sections 2.6 and 2.7. For point-to-point links, however, it is often the case that two bit-streams can be simultaneously transmitted over the link at the same time, one going in each direction. Such a link is said to be full-duplex. A point-to-point link that supports data flowing in only one direction at a time - such a link is called half-duplex - requires that the two nodes connected to the link alternate using it. For the purposes of this book, we assume that all point-to-point links are full-duplex.
Drugi atribut veze koliko bit-stream može biti kodiran na njemu u određenom trenutku. Ako je odgovor samo jedan, onda čvorovi spojeni na link moraju dijeliti pristup link. To je slučaj za višestrukog pristupa linkove opisano u odjeljcima 2.6 i 2.7. Za point-to-point linkove, međutim, to je često slučaj da su dvije bit-struje mogu se istovremeno prenose preko veza u isto vrijeme, jedna ide u svakom smjeru. Takva veza se kaže da je full-duplex. Point-to-point link koji podržava podaci teče samo u jednom smjeru u isto vrijeme - takvu vezu se zove half-duplex - zahtijeva da se dva čvora spojen na link alternativni ga koristi. Za potrebe ove knjige, pretpostavljamo da su sve točke do točke veze su full-duplex.

The only other property of a link that we are interested in at this stage is a very pragmatic one - how do you go about getting one? The answer depends on how far the link needs to reach, how much money you have to spend, and whether or not you know how to operate earth-moving equipment. The following is a survey of different link types you might use to build a computer network.
Jedini druge imovine link da smo zainteresirani za u ovoj fazi je vrlo pragmatičan jednom - kako idete o uzimajući jedan? Odgovor ovisi o tome koliko daleko link treba doći, koliko novaca morate potrošiti, i da li ili ne znate kako da rade zemlje u pokretu opreme. Sljedeći je pregled različitih vrsta veze možete koristiti za izgradnju računalne mreže.

Cables
1.1.2.1. Kabeli

If the nodes you want to connect are in the same room, in the same building, or even on the same site (e.g., a campus), then you can buy a piece of cable and physically string it between the nodes. Exactly what type of cable you choose to install depends on the technology you plan to use to transmit data over the link; we’ll see several examples later in this chapter. For now, a list of the common cable (fiber) types is given in Table 2.1.
Ako čvorovi se želite povezati u istoj sobi, u istoj zgradi, ili čak na istom mjestu (na primjer, kampus), onda možete kupiti komad kabela i fizički ga string između čvorova. Točno kakvu vrstu kabela odlučite instalirati ovisi o tehnologiji namjeravate koristiti prijenos podataka preko veze, a mi ćemo vidjeti nekoliko primjera kasnije u ovom poglavlju. Za sada, popis zajedničkih kabela (fiber) vrste prikazan je u tablici 2.1.

Table 2.1 Common types of cables and fibers available for local links.
Tablica 2.1 Uobičajene vrste kablova i vlakana na raspolaganju za lokalne veze.

Of these, Category 5 (Cat-5) twisted pair - it uses a thicker gauge than the twisted pair you find in your home - is quickly becoming the within-building norm. Because of the difficulty and cost in pulling new cable through a building, every effort is made to make new technologies use existing cable; Gigabit Ethernet, for example, has been designed to run over Cat-5 wiring. Fiber is typically used to connect buildings at a site.
Od tih, Kategorija 5 (Mačka-5) upletena parica - koristi deblji kolosijek od uvrnutim paricama ćete naći u vašem domu - brzo postaje u izgradnji norme. Zbog poteškoća i troškova u povlačenjem novi kabel kroz zgradu, svaki napor je je napravio kako bi nova tehnologija koristiti postojeći kabel, Gigabit Ethernet, na primjer, je dizajniran da pregaziti Mačka-5 ožičenje. Vlakna se obično koristi za povezivanje zgrada na mjestu.

Leased Lines
1.1.2.2. Iznajmljenih vodova

If the two nodes you want to connect are on opposite sides of the country, or even across town, then it is not practical to install the link yourself. Until recently, your only option was to lease a dedicated link from the telephone company. Table 2.2 gives the common "leased line" services that can be obtained from the average phone company.
Ako dva čvora kojim se želite povezati se na suprotnim stranama te zemlje, ili čak i kroz grad, onda to nije praktično instalirati na link sami. Do nedavno, jedina mogućnost je zakup posvećen link iz telefonsko poduzeće. Tabela 2.2 daje zajedničko "iznajmljena linija" usluge koje se mogu dobiti od prosječnog telefona tvrtke.

Table 2.2 Common bandwidths available from the carriers.
Tablica 2.2 Zajednički bandwidths dobiti od prijevoznika.

Again, more details are given throughout this chapter.
Opet, više pojedinosti su dati u cijelom ovom poglavlju.

While these bandwidths appear somewhat arbitrary, there is actually some method to the madness. DS1 and DS3 (they are also sometimes called T1 and T3, respectively) are relatively old technologies that were originally defined for copper-based transmission media. DS1 is equal to the aggregation of 24 digital voice circuits of 64 Kbps each, and DS3 is equal to 28 DS1 links. All the STS-N links are for optical fiber (STS stands for Synchronous Transport Signal). STS-1 is the base link speed, and each STS-N has N times the bandwidth of STS-1. An STS-N link is also sometimes called an OC-N link (OC stands for optical carrier). The difference between STS and OC is subtle: The former refers to the electrical transmission on the devices connected to the link, and the latter refers to the actual optical signal that is propagated over the fiber.
Dok su ove bandwidths pojaviti nešto proizvoljna, tu je zapravo neki način do ludila. DS1 i DS3 (oni su također ponekad nazivaju T1 i T3, respektivno) su relativno stara tehnologija koja izvorno su definirane na bazi bakra prijenos medija. DS1 jednak je agregacije od 24 digitalnih sklopova od 64 Kbps svaki, i DS3 je jednaka 28 DS1 linkove. Svi STS-N linkovi su za optičko vlakno (STS zalaže za digitalni kanal). STS-1 je osnovni brzina veze, a svaki STS-N je N puta propusnost STS-1. STS-N link je također ponekad naziva OC-N link (OC zalaže za optički nosilac). Razlika između OPS i OC je suptilna: bivši odnosi se na električne prijenos na drugi uređaji priključeni na vezu, a drugi se odnosi na stvarni optički signal koji se propagira više vlakana.

More recently, many providers, both traditional telephone companies and some upstart competitors, have started to offer a range of alternatives to leased lines based on Ethernet, a technology we will discuss in detail in Section 2.6. One consequence of this development is a proliferation of different access speeds beyond those in Table 2.2.
U novije vrijeme, mnogi pružatelji usluga, kako tradicionalnih telefonskih kompanija i neke laktaš konkurenata, su počeli nude niz mogućnosti za iznajmljene linije temelji se na Ethernet, tehnologija ćemo raspraviti u detalj u Odjeljku 2.6. Jedna od posljedica ovakvog razvoja je proliferacija različitih pristupa brzine izvan onih u tablici 2.2.

Keep in mind that the phone company does not implement the "link" we just ordered as a single, unbroken piece of cable or fiber. Instead, it implements the link on its own network. Although the telephone network has historically looked much different from the kind of network described in this book - it was built primarily to provide a voice service and used circuit-switching technology - the current trend is toward the style of packet-switched networking described in this book. This is not surprising - the potential market for carrying data, voice, and video on one packet-switched network is huge.
Imajte na umu da je telefon tvrtka ne provesti "link" mi upravo naručio kao singl, neprekinuta komad kabela ili vlakana. Umjesto toga, ona provodi link na vlastitu mrežu. Iako je telefonska mreža ima povijesno izgledao mnogo razlikuje od vrste mreže opisane u ovoj knjizi - to je bio sagrađen prije svega pružiti glasovne usluge i koristi circuit-switching tehnologija - trenutni trend je prema stilu packet-switched mreža je opisano u ovom knjigu. To i ne čudi - potencijalno tržište za nošenje podataka, glasa i video na jednom komutirana paketna mreža je ogroman.

In any case, whether the link is physical or a logical connection through the telephone network, the problem of building a computer network on top of a collection of such links remains the same. So, we will proceed as though each link is implemented by a single cable/fiber, and only when we are done will we worry about whether we have just built a computer network on top of the underlying telephone network, or the computer network we have just built could itself serve as the backbone for the telephone network.
U svakom slučaju, da li je link je fizička ili logička veza putem telefonske mreže, problem izgradnje računalne mreže na vrhu zbirka takvih veza ostaje ista. Dakle, mi ćemo nastaviti kao da je svaka veza koju provodi jedan kabel/vlakna, i to samo kada smo učinili ćemo brinuti o tome da li smo upravo izgradili računalne mreže na vrhu osnovne telefonske mreže ili računalne mreže imamo samo sagradio bi se poslužiti kao okosnica za telefonske mreže.

Last-Mile Links
1.1.2.3. Zadnji put Mile-Linkovi

If you can’t afford a dedicated leased line - they range in price from several hundred dollars a month for a DS1 link across the United States to "if you have to ask, you can’t afford it" - then there are less expensive options available. We call these "last-mile" links because they often span the last mile from the home to a network service provider. These services, which are summarized in Table 2.3, typically connect a home to an existing network. This means they are probably not suitable for use in building a complete network from scratch, but if you’ve already succeeded in building a network - and "you" happen to be either the telephone company or the cable company - then you can use these links to reach millions of customers.
Ako si ne možete priuštiti posvećena iznajmljena linija - oni u rasponu cijena od nekoliko stotina dolara mjesečno za DS1 link diljem Sjedinjenih Država kako bi "ako morate pitati, ne možete priuštiti" - tada su jeftiniji opcije na raspolaganju. Pozivamo ovim "last mile" linkove, jer oni često span posljednji kilometar od kuće do davatelj mrežnih usluga. Ove usluge, koji su sažeti u tablici 2.3, obično povezuju dom postojeće mreže. To znači da vjerojatno nisu pogodne za uporabu u građevinarstvu kompletnu mrežu od nule, ali ako ste već uspjeli u izgradnji mreže - i "vi" se dogoditi da se ni na telefon tvrtke ili kabel tvrtke - onda možete koristiti ove linkovi do milijuna klijenata.

The first option is a conventional modem over POTS. Today it is possible to buy a modem that transmits data at 56 Kbps over a standard voice-grade line for less than a hundred dollars. The technology is already at its bandwidth limit, however, which led to the development of the second option: Integrated Services Digital Network (ISDN). An ISDN connection includes two 64-Kbps channels, one that can be used to transmit data and another that can be used for digitized voice. (A device that encodes analog voice into a digital ISDN link is called a CODEC, for coder/decoder.) When the voice channel is not in use, it can be combined with the data channel to support up to 128 Kbps of data bandwidth.
Prva opcija je konvencionalni modem preko POTS. Danas je moguće kupiti modem koji odašilje podatke u 56 Kbps preko standardne govorne linije za manje od sto dolara. Tehnologija je već na svojoj ograničenje propusnosti, međutim, što je dovelo do razvoja drugu opciju: Digitalna mreža integriranih usluga (ISDN). ISDN veza uključuje dva 64-Kbps kanala, koji se može koristiti za prijenos podataka i drugi koji se može koristiti za digitalizirani glas. (Uređaj koji kodira analogni glas u digitalni ISDN vezu se zove CODEC, za koder/dekoder.) Kada je glas kanal nije u uporabi, može se kombinirati s podacima kanal za podršku i do 128 Kbps propusnost podataka.

For many years ISDN was viewed as the future for modest bandwidth into the home. ISDN, however, has now been largely overtaken by two newer technologies: digital subscriber line (xDSL) and cable modems. The former is actually a collection of technologies that are able to transmit data at high speeds over the standard twisted pair lines that currently come into most homes in the United States (and many other places). The one in most widespread use today is asymmetric digital subscriber line (ADSL). As its name implies, ADSL provides a different bandwidth from the subscriber to the telephone company’s central office (upstream) than it does from the central office to the subscriber (downstream). The exact bandwidth depends on the length of the line running from the subscriber to the central office. This line is called the local loop, as illustrated in Figure 2.5, and runs over existing copper.
Dugi niz godina ISDN je pregledan kao budućnost za skromnih propusnost u kući. ISDN, međutim, sada je u velikoj mjeri zauzela dva novijim tehnologijama: digitalna pretplatnička linija (xDSL) i kabelski modemi. Bivši je zapravo zbirka od tehnologija koje su u stanju prenijeti podatke na visokim brzinama preko standardne uvrnutim paricama linije koje trenutno dolaze u većini domova u SAD-u (i mnogim drugim mjestima). Jedan u većini rasprostranjenog korištenja danas je nesimetrična digitalna pretplatnička linija (ADSL). Kao što je njegovo ime implicira, ADSL pruža drugačiji propusnost od pretplatnika na telefonske tvrtke središnjeg ureda (uzvodno) nego što se od središnjeg ureda do pretplatnika (nizvodno). Točan propusnost ovisi o duljini linije izvodi iz pretplatnik na središnji ured. Ova linija je pozvao lokalne petlje, kao što je prikazano na slici 2.5, a pokreće preko postojećih bakar.

Figure 2.5 ADSL connects the subscriber to the central office via the local loop.
Slika 2.5 ADSL povezuje pretplatnik Središnjeg ureda preko lokalne petlje.

Downstream bandwidths range from 1.544 Mbps (18,000 feet) to 8.448 Mbps (9,000 feet), while upstream bandwidths range from 16 to 640 Kbps.
Nizvodno bandwidths u rasponu od 1,544 Mbps (18.000 stopa) do 8,448 Mbps (9000 metara), dok je uzvodno bandwidths rasponu 16 do 640 Kbps.

An alternative technology that has yet to be widely deployed - very high data rate digital subscriber line (VDSL) - is symmetric, with data rates ranging from 12.96 to 55.2 Mbps. VDSL runs over much shorter distances - 1,000 to 4,500 feet - which means that it will not typically reach from the home to the central office. Instead, the telephone company would have to put VDSL transmission hardware in neighborhoods, with some other technology (e.g., STS-N running over fiber) connecting the neighborhood to the central office, as illustrated in Figure 2.6.
Alternativne tehnologije koja tek treba biti široko raspoređeni - vrlo visoka brzina prijenosa podataka digitalna pretplatnička linija (VDSL) - je simetrična, s podacima stopama u rasponu 12,96 do 55,2 Mbps. VDSL prolazi preko mnogo kraće udaljenosti - od 1.000 do 4.500 metara - što znači da obično ne će doći od kuće do središnjeg ureda. Umjesto toga, tvrtka telefon bi morao staviti VDSL prijenos hardver u susjedstvu, s nekim drugim tehnologije (npr., STS-N trčanje preko vlakana) koji povezuje susjedstvu u središnjem uredu, kao što je prikazano na slici 2.6.

Figure 2.6 VDSL connects the subscriber to the optical network that reaches the neighborhood.
Slika 2.6 VDSL povezuje pretplatnik na optičke mreže koje dopire do susjedstvo.

This is sometimes called "fiber to the neighborhood" (contrasting with more ambitious schemes such as "fiber to the home" and "fiber to the curb").
To se ponekad naziva "vlakno u susjedstvu" (u kontrastu s više ambiciozne sheme kao što su "optičko vlakno do doma" i "optičko vlakno do rubnik").

Cable modems are an alternative to the various types of DSL. As the name suggests, this technology uses the cable TV (CATV) infrastructure, which currently reaches 95% of the households in the United States. (Only 65% of U.S. homes actually subscribe.) In this approach, some subset of the available CATV channels are made available for transmitting digital data, where a single CATV channel has a bandwidth of 6 MHz. CATV, like ADSL, is used in an asymmetric way, with downstream rates much greater than upstream rates. The technology is currently able to achieve 40 Mbps downstream on a single CATV channel, with 100 Mbps as the theoretical capacity. The upstream rate is roughly half the downstream rate (i.e., 20 Mbps) due to a 1,000-fold decrease in the signal-to-noise ratio. It is also the case that fewer CATV channels are dedicated to upstream traffic than to downstream traffic. Unlike DSL, the bandwidth is shared among all subscribers in a neighborhood (a fact that led to some amusing advertising from DSL providers). This means that some method for arbitrating access to the shared medium - similar to the 802 standards described later in this chapter - needs to be used. Finally, like DSL, it is unlikely that cable modems will be used to connect arbitrary node A at one site to arbitrary node B at some other site. Instead, cable modems are seen as a means to connect node A in your home to the cable company, with the cable company then defining what the rest of the network looks like.
Kabelski modemi su alternativa za razne vrste DSL. Kao što ime sugerira, ova tehnologija koristi kabelska TV (CATV) infrastrukture, koja trenutno doseže 95% kućanstava u SAD-u. (Samo 65% američkih domova zapravo pretplatiti.) U ovom pristupu, neki podskup od dostupnih CATV kanali su dostupni za prijenos digitalnih podataka, gdje se jedan kanal CATV ima propusnost od 6 MHz. Kabelska televizija, kao što su ADSL, koristi se u asimetričnim način, nizvodno stope znatno je veća od stope uzvodno. Tehnologija je trenutno u stanju postići 40 Mbps nizvodno na jednoj CATV kanal, sa 100 Mb/s što je teoretski kapacitet. Uzvodno stopa je upola manje nizvodno stopu (tj. 20 Mbps) s obzirom na 1000-fold smanjenje u signal-šum. To je također slučaj da su manje CATV kanale posvećene uzvodno nego nizvodno promet. Za razliku od DSL, propusnost se dijeli među svim pretplatnicima u susjedstvu (činjenica koja je dovela do neke zabavne reklame od DSL usluga). To znači da neka metoda za arbitražu pristup zajednički prijenosni medij - slično 802 standarde opisane kasnije u ovom poglavlju - treba koristiti. Konačno, kao što je DSL, malo je vjerojatno da kabelski modemi će se koristiti za povezivanje proizvoljnog čvora na jednom mjestu samovoljnom čvor B na neke druge stranice. Umjesto toga, kabelski modemi su vidjeli kao sredstvo za povezivanje čvor A u svoj dom na kabel tvrtke, s kabelom Tvrtka je tada definira ono što ostatak mreže izgleda.

Shannon’s Theorem Meets Your Modem
1.1.2.4. Shannon-ov teorem zadovoljava vaše modem

There has been an enormous body of work done in the related areas of signal processing and information theory, studying everything from how signals degrade over distance to how much data a given signal can effectively carry. The most notable piece of work in this area is a formula known as Shannon’s theorem. Simply stated, Shannon’s theorem gives an upper bound to the capacity of a link, in terms of bits per second (bps), as a function of the signal-to-noise ratio of the link, measured in decibels (dB).
Tu je ogroman tijelo rad u srodnim područjima procesiranja signala i teorija informacija, proučavajući sve što je od signala kako degradiraju na daljinu na to koliko podataka dati signal može učinkovito nositi. Najznačajniji dio rada u ovom području je poznata kao formula Shannon-ov teorem. Jednostavno rečeno, Shannon-ov teorem daje gornju granicu na kapacitet veze, u smislu bita u sekundi (bps), u funkciji signal-šum omjer veze, mjereno u decibelima (dB).

Shannon’s theorem can be used to determine the data rate at which a modem can be expected to transmit binary data over a voice-grade phone line without suffering from too high an error rate. For example, we assume that a voice-grade phone connection supports a frequency range of 300 to 3,400 Hz.
Shannon-ov teorem može se koristiti za određivanje brzina prijenosa podataka na kojem modemu se može očekivati za prijenos binarnih podataka preko govorne telefonske linije, bez koje pate od prevelike pogreške stopi. Na primjer, pretpostavimo da govorne telefonski priključak podržava frekvencijskom opsegu od 300 do 3.400 Hz.

Shannon’s theorem is typically given by the following formula:
Shannon-ov teorem obično se daje po formuli:

where C is the achievable channel capacity measured in hertz, B is the bandwidth of the line (3,400 Hz ( 300 Hz = 3,100 Hz), S is the average signal power, and is the average noise power. The signal-to-noise ratio (S/N) is usually expressed in decibels, related as follows:
gdje je C postići kapacitet kanala mjeri u Hz, B je propusnost linije (3400 ( Hz 300 Hz = 3.100 Hz), S je prosječni signal snage, te je prosječna snaga šuma. Signal-to-šum (S/N), obično se izražava u decibelima, odnose se kako slijedi:

Assuming a typical decibel ratio of 30 dB, this means that S/N = 1,000. Thus, we have
Uz pretpostavku tipičan decibel omjer od 30 dB, to znači da je S/N = 1.000. Dakle, imamo

which equals approximately 30 Kbps, roughly the limit of a 28.8-Kbps modem.
što iznosi oko 30 kb/s, otprilike granicu od 28,8-Kbps modemom.

Given this fundamental limit, why is it possible to buy 56-Kbps modems at any electronics store? One reason is that such rates depend on improved line quality, that is, a higher signal-to-noise ratio than 30 dB. Another reason is that changes within the phone system have largely eliminated analog lines that are bandwidth limited to 3,400 Hz.
S obzirom na to temeljno ograničenje, zašto je to moguće kupiti 56-Kbps modema u bilo koje elektronike trgovine? Jedan od razloga je da je takve stope ovise o poboljšanju kvalitete linija, koja je, veći signal-šum od 30 dB. Drugi razlog je da su promjene u telefonski sustav u velikoj mjeri eliminiran analogne linije koje su širina pojasa ograničena na 3.400 Hz. 

Wireless Links
1.1.2.5. Wireless Linkovi

Up to this point we have discussed links that channel signals through a physical medium like a wire or optical fiber. Wireless links transmit electromagnetic signals - radio, microwave, infrared, or even visible light - through space, even through vacuum. Wireless communication is used not only by computer networks, of course. The ability to exchange signals without physical connectivity is what makes mobile communication devices possible. The further ability to broadcast that signal, and the fact that the hardware and power burden
 is primarily on the transmitting end, makes wireless communication well-suited to television and radio broadcasting.
Do ove točke imamo razgovarali linkove taj kanal signala kroz fizički medij poput žica ili optičkih vlakana. Wireless veza prenositi elektromagnetske signale - radio, mikrovalna pećnica, infracrveni, ili čak vidljiva svjetlost - kroz prostor, čak i kroz vakuum. Bežična komunikacija je koristi ne samo računalnih mreža, naravno. Sposobnost za razmjenu signala bez fizičkog povezivanja je ono što čini mobilnih komunikacijskih uređaja moguće. Daljnja mogućnost za emitiranje signala da, i činjenica kako je hardver i moći teret je prvenstveno na prijenos kraju, čini bežične komunikacije dobro pogodna za televizijske i radio emitiranje.

Because wireless links all share the same wire, so to speak, the challenge is to share it efficiently, without unduly interfering with each other. Most of this sharing is accomplished by dividing the "wire" along the dimensions of frequency and space. Exclusive use of a particular frequency in a particular geographic area may be allocated to an individual entity such as a corporation. It is feasible to limit the area covered by an electromagnetic signal because such signals weaken, or attenuate, with the distance from their origin. To reduce the area covered by your signal, reduce the power of your transmitter.
Budući da bežične veze svi dijele iste žice, da tako kažemo, izazov je to podijeliti efikasno, bez nepotrebnog uplitanja sa svaki ostali. Većina ovog dijeljenje postiže dijeljenjem "žice" uz dimenzije frekvencije i prostor. Ekskluzivni korištenje određenoj frekvenciji u određenom zemljopisnom području mogu biti dodijeljeni pojedinim subjektima kao što je korporacija. To je moguće ograničiti područje koje obuhvaća elektromagnetski signal jer takvih signala oslabiti, ili razrijediti, s udaljenosti od njihovog porijekla. Da bi se smanjila površina pokriva signalom, smanjiti snagu svojih odašiljača.

These allocations are determined by government agencies, such as the Federal Communications Commission (FCC) in the United States. Specific bands (frequency ranges) are allocated to certain uses. Some bands are reserved for government use. Other bands are reserved for uses such as AM radio, FM radio, television, satellite communication, and cell phones. Specific frequencies within these bands are then licensed to individual organizations for use within certain geographical areas. Finally, there are several frequency bands, set aside for "license-exempt" usage - bands in which a license is not needed.
Te doznake se određuju vladine agencije, kao što su savezno povjerenstvo za komunikacije (FCC) u Sjedinjenim Državama. Specifične bendova (frekvencijskim područjima), dodjeljuju određene koristi. Neki bendovi su rezervirani za vladu koristiti. Ostali bendovi su rezervirani za namjene kao što su AM radio, FM radio, televizija, satelitska komunikacija, i mobiteli. Posebni frekvencije unutar tih bendova tada su ovlašteni za pojedine organizacije za uporabu unutar određenih zemljopisnih područja. Konačno, postoji nekoliko frekvencijskim pojasevima, izdvojiti za "dozvola oslobođen" korištenje - bendovi u kojima dozvola nije potrebna.

Devices that use license-exempt frequencies are still subject to certain restrictions to make that otherwise unconstrained sharing work. The first is a limit on transmission power. This limits the range of a signal, making it less likely to interfere with another signal. For example, a cordless phone might have a range of about 100 feet.
Uređaji koji koriste licence izuzete frekvencije još uvijek podliježu određenim ograničenjima da bi se to inače slobodan dijeljenje rad. Prva je ograničenje na prijenos snage. To ograničava spektar signala, što je manje vjerojatno da će utjecati na još jedan signal. Na primjer, bežični telefon može imati raspon od oko 100 metara.

The second restriction requires the use of spread spectrum techniques. The idea behind spread spectrum is to spread the signal over a wider frequency band than normal in such a way as to minimize the impact of interference from other devices. (Spread spectrum was originally designed for military use, so these "other devices" were often attempting to jam the signal.) For example, frequency hopping is a spread spectrum technique that involves transmitting the signal over a random sequence of frequencies, that is, first transmitting at one frequency, then a second, then a third, and so on. The sequence of frequencies is not truly random, but is instead computed algorithmically by a pseudorandom number generator. The receiver uses the same algorithm as the sender - and initializes it with the same seed - and hence is able to hop frequencies in sync with the transmitter to correctly receive the frame. This scheme reduces interference by making it unlikely that two signals would be using the same frequency for more than the infrequent isolated bit.
Drugi ograničenje zahtijeva korištenje proširenim spektrom tehnika. Ideja iza raspršenog spektra je širenje signala na širi frekvencijski pojas nego što je normalno na takav način da se minimiziraju utjecaj smetnji od drugih uređaja. (Raspršenog spektra izvorno je bio dizajniran za vojnu uporabu, pa su ovi "drugim uređajima" često su pokušavali jam signal.) Na primjer, poskakivanje frekvencije je tehnika raspršenja spektra koji uključuje prijenos signala preko slučajni niz frekvencija, to jest, prvi emitira na jednoj frekvenciji, a zatim i drugi, zatim treći, i tako dalje. Slijed frekvencija nije stvarno slučajan, ali je umjesto toga izračunava algoritamski strane generatora pseudoslučajnih brojeva. Prijemnik koristi isti algoritam kao pošiljatelj - i inicijalizira s istim sjemena - i stoga je u mogućnosti hop frekvencija u sync sa odašiljača pravilno primiti okvir. Ova shema smanjuje smetnje tako što je malo vjerojatno da su dva signala bi se pomoću iste frekvencije za više od rijetke izolirane malo.

A second spread spectrum technique, called direct sequence, adds redundancy for greater tolerance of interference. Each bit of data is represented by multiple bits in the transmitted signal so that, if some of the transmitted bits are damaged by interference, there is usually enough redundancy to recover the original bit. For each bit the sender wants to transmit, it actually sends the exclusive-OR of that bit and n random bits. As with frequency hopping, the sequence of random bits is generated by a pseudorandom number generator known to both the sender and the receiver. The transmitted values, known as an n-bit chipping code, spread the signal across a frequency band that is n times wider than the frame would have otherwise required. Figure 2.7 gives an example of a 4-bit chipping sequence.
Drugi postupak raspršenja spektra, naziva izravnim nizom, dodaje zalihost za veću toleranciju smetnji. Svako malo podataka predstavlja više bita u šalju signal, tako da, ako su neki od bitova prenose oštećeni smetnje, tu je obično dovoljno da se oporavim zalihost originalne malo. Za svaki bit pošiljatelj želi prenijeti, to je zapravo šalje isključivo-ILI toga malo i n slučajnih bitova. Kao i kod poskakivanje frekvencije, slijed slučajnih bitova generira generator pseudoslučajnih brojeva zna da su pošiljatelj i primatelj. Prenose vrijednosti, poznata kao n-bitni kod odlomci, širenje signala preko frekvencijskog pojasa koja je n puta širi od okvira koje bi inače bilo potrebno. Slika 2.7 daje primjer 4-bitni parčad slijed.

Figure 2.7 Example 4-bit chipping sequence.
Slika 2.7 Primjer 4-bitni parčad slijed.

It is these license-exempt frequencies, with their spread spectrum techniques and limited range, that are used by 802.11 (Wi-Fi), 802.15.1 (Bluetooth), and some flavors of 802.16 (WiMAX). These technologies are discussed further in Section 2.8.
To je ta licenca oslobođen frekvencija, sa svojim tehnike raspršenog spektra, te ograničeni izbor, koji se koristi 802,11 (Wi-Fi), 802.15.1 (Bluetooth), a neke okuse 802,16 (WiMAX). Te tehnologije su raspravljati u Odjeljku 2.8.

Different parts of the electromagnetic spectrum have different properties, making some better suited to communication, and some less so. For example, some can penetrate buildings and some cannot. Governments regulate only the prime communication portion: the radio and microwave ranges. As demand for prime spectrum increases, there is great interest in the spectrum that will become available when analog television is phased out in favor of digital. There is also an effort to devise a wireless network technology that could squeeze into the currently unused frequencies that separate television channels without interfering with them.
Različitim dijelovima elektromagnetskog spektra imaju različita svojstva, stvaranje neke bolje prilagođen za komunikaciju, a neki manje. Na primjer, neki mogu prodrijeti zgrade, a neke ne mogu. Vlada regulira samo glavni dio komunikacije: radio i mikrovalna pećnica rasponima. Kao što je potražnja za premijera spektar povećava, postoji veliki interes u spektru da će postati dostupna kad analogne televizije je phased out u korist digitalnog. Tu je i nastojanje da zamišlja bežičnu mrežu tehnologiju koja bi mogla ugurati u trenutno neiskorištenim frekvencijama koje zasebne televizijske kanale, bez uplitanja sa njima.

Among the unregulated spectra are the infrared and visual light ranges, which cannot penetrate walls. Infrared is widely used in remote controls for television and the like. Increasingly, it is also used in a variety of short-range data exchange applications, based on standards established by the Infrared Data Association (IrDA). For example, IrDA has defined a standard for "Point & Pay," using infrared to conduct a financial transaction between a handheld device, such as a mobile phone or PDA, and a stationary financial terminal such as a cash register. Visual light or infrared can also be focused by a laser to provide a high-bandwidth link between two stationary points - even though no mobility is involved - in situations where a wired link is less practical for some reason. For example, two buildings belonging to the same organization but separated by a busy highway could communicate using lasers.
Među neregulirana spektri su infracrvene i vizualne svjetlo raspona, koja se ne može probiti zidove. Infracrveno je naširoko koristi u daljinski upravljači za televiziju i slično. Sve više, ona je također se koristi u različitim kratkog dometa razmjenu podataka aplikacije, na temelju standarda koje su uspostavili infracrvenog podataka Udruge (IrDA). Na primjer, IrDA je definirala standard za "Point & platiti", pomoću infracrvenih provesti financijske transakcije između ručni uređaj, kao što je mobilni telefon ili PDA, kao i stacionarnim financijske terminala, kao što su blagajne. Visual svjetlosti ili infracrvenog također mogu biti usmjereni prema laser za pružanje visoke propusnosti veza između dviju stacionarnih točaka - iako nema mobilnost se bavi - u situacijama u kojima žičnu vezu je manje praktično za neki razlog. Na primjer, dvije zgrade koje pripadaju istoj organizaciji, ali odvojena prometnoj autocesti mogli komunicirati pomoću lasera.
2.2 Encoding (NRZ, NRZI, Manchester, 4B/5B)
1,2. 2,2 KODIRANJE (NRZ, NRZI, Manchester, 4B/5B)

The first step in turning nodes and links into usable building blocks is to understand how to connect them in such a way that bits can be transmitted from one node to another. As mentioned in the preceding section, signals propagate over physical links. The task, therefore, is to encode the binary data that the source node wants to send into the signals that the links are able to carry, and then to decode the signal back into the corresponding binary data at the receiving node. We ignore the details of modulation and assume we are working with two discrete signals: high and low. In practice, these signals might correspond to two different voltages on a copper-based link, or two different power levels on an optical link.
Prvi korak u pretvaranju čvorovi i linkovi na korisna građevni blokovi je razumjeti kako ih povezati na takav način da bita mogu biti odaslani iz jednog čvora na drugi. Kao što je spomenuto u prethodnom odjeljku, signali propagiraju više fizičkih veza. Zadatak je, dakle, na koji će kodirati binarni podaci da je izvor čvor želi poslati u signale koji linkovi su u stanju nositi, a zatim da dekodira signal natrag u odgovarajuće binarne podatke na primanje čvor. Zanemarimo detalje modulacije, a preuzeti radimo s dvije odvojene signala: visoke i niske. U praksi, ovi signali mogu odgovarati na dva različita napona na bazi bakra link, ili dvije različite razine vlasti na optički link.

As we have said, most of the functions discussed in this chapter are performed by a network adaptor - a piece of hardware that connects a node to a link. The network adaptor contains a signaling component that actually encodes bits into signals at the sending node and decodes signals into bits at the receiving node. Thus, as illustrated in Figure 2.8, signals travel over a link between two signaling components, and bits flow between network adaptors.
Kao što smo rekli, većina funkcija je objašnjeno u ovom poglavlju izvode mrežni adapter - komad hardvera koji povezuje čvor na link. Mrežni prilagodnik sadrži signalna komponenta koja zapravo kodira bitova u signal na slanje čvora i dekodira signale u komadiće na primanje čvor. Dakle, kao što je prikazano na slici 2.8, signali putuju preko veza između dva signala komponente, i komadići protok između mrežnih prilagodnika.

Figure 2.8 Signals travel between signaling components; bits flow between adaptors.
Slika 2.8 Signali putuju između signalizacija komponenti; bita toka između adaptera.

Let’s return to the problem of encoding bits onto signals. The obvious thing to do is to map the data value 1 onto the high signal and the data value 0 onto the low signal. This is exactly the mapping used by an encoding scheme called, cryptically enough, non-return to zero (NRZ). For example, Figure 2.9 schematically depicts the NRZ-encoded signal (bottom) that corresponds to the transmission of a particular sequence of bits (top).
Let's povratak na problem kodiranje bita na signale. Očigledna stvar za učiniti je da se karta podatke vrijednost 1 na povišen signal i podatke o vrijednosti 0 na niskim signala. To je točno preslikavanje koristi kodiranje program zvan, šifrirano dovoljno, nevraćanje na nulu (NRZ). Na primjer, slika 2.9 shematski je prikazan NRZ-kodiran signal (dna) koji odgovara za prijenos određenog niza bitova (vrh).

Figure 2.9 NRZ encoding of a bitstream.
Slika 2.9 NRZ kodiranje bitstream.

The problem with NRZ is that a sequence of several consecutive 1s means that the signal stays high on the link for an extended period of time, and similarly, several consecutive 0s means that the signal stays low for a long time. There are two fundamental problems caused by long strings of 1s or 0s:
Problem s NRZ je da je slijed nekoliko uzastopnih 1s znači da signal ostaje visoko na link za produžen razdoblje od vrijeme, i slično, nekoliko uzastopnih 0s znači da signal ostaje niska za dugo vremena. Postoje dva temeljna problema zbog duge nizove od 1s ili 0s:

The first is that it leads to a situation known as baseline wander. Specifically, the receiver keeps an average of the signal it has seen so far, and then uses this average to distinguish between low and high signals. Whenever the signal is significantly lower than this average, the receiver concludes that it has just seen a 0, and likewise, a signal that is significantly higher than the average is interpreted to be a 1. The problem, of course, is that too many consecutive 1s or 0s cause this average to change, making it more difficult to detect a significant change in the signal.
1. Prvi je da to dovodi do situacije poznat kao osnovica luta. Naime, prijemnik čuva prosjeka signal je vidio do sada, a onda koristi taj prosjek za razliku između niske i visoke signala. Kad god je signal znatno niže od ovog prosjeka, prijamnik zaključuje da je upravo vidio 0, i isto tako, signal da je značajno više od prosjeka je tumačiti kao 1. Problem je, naravno, da je previše uzastopnih 1s ili 0s uzrok ovoga prosjeka za promjenu, čineći ga teško otkriti značajne promjene u signalu.

The second problem is that frequent transitions from high to low and vice versa are necessary to enable clock recovery. Intuitively, the clock recovery problem is that both the encoding and the decoding processes are driven by a clock - every clock cycle the sender transmits a bit and the receiver recovers a bit. The sender’s and the receiver’s clocks have to be precisely synchronized in order for the receiver to recover the same bits the sender transmits. If the receiver’s clock is even slightly faster or slower than the sender’s clock, then it does not correctly decode the signal. You could imagine sending the clock to the receiver over a separate wire, but this is typically avoided because it makes the cost of cabling twice as high. So instead, the receiver derives the clock from the received signal - the clock recovery process. Whenever the signal changes, such as on a transition from 1 to 0 or from 0 to 1, then the receiver knows it is at a clock cycle boundary, and it can resynchronize itself. However, a long period of time without such a transition leads to clock drift. Thus, clock recovery depends on having lots of transitions in the signal, no matter what data is being sent.
2. Drugi problem je da česti prijelazi od visoke do niske i obrnuto su potrebne kako bi oporavak takta. Intuitivno, sat oporavak problem je u tome što su oba kodiranje i dekodiranje procesi vođeni sat - svakih sat ciklus pošiljatelj odašilje malo i prijemnik oporavi malo. Pošiljatelja i primatelja satovi moraju biti sinkronizirane upravo kako bi prijemnik da se oporavim isti bitovi pošiljatelj odašilje. Ako se prijemnik sat je čak i malo brže ili sporije od pošiljatelja sat, onda to ne ispravno dekodiranje signala. Mogli biste zamisliti slanje sat prijemnik preko zasebne žice, ali to je obično izbjegavaju jer se čini trošak kabliranje dvostruko veća. Dakle, umjesto toga, prijemnik dolazi na sat iz primljeni signal - sat proces oporavka. Kad god je signal promjene, kao što je na prijelaz 1 - 0 ili 0 do 1, a zatim prijemnik zna da je na sat ciklus granica, i ona može sama resinkronizirati. Međutim, dugo razdoblje bez takve tranzicije dovodi do sat drift. Dakle, obnova takta ovisi o tome imaju puno prijelaza u signal, bez obzira što se podaci šalju.

One approach that addresses this problem, called non-return to zero inverted (NRZI), has the sender make a transition from the current signal to encode a 1 and stay at the current signal to encode a 0.
Jedan od pristupa koji rješava ovaj problem, zove nevraćanje na nulu obrnute (NRZI), ima pošiljatelj napraviti prijelaz iz tekućeg signal kodira 1 i boravak u trenutnoj signal kodira 0.

This solves the problem of consecutive 1s, but obviously does nothing for consecutive 0s. NRZI is illustrated in Figure 2.10.
To rješava problem uzastopnih 1s, ali očito ne radi ništa za redom 0s. NRZI je prikazan na slici 2.10.

Figure 2.10 Different encoding strategies.
Slika 2.10 Različite strategije kodiranja.

An alternative, called Manchester encoding, does a more explicit job of merging the clock with the signal by transmitting the exclusive-OR of the NRZ-encoded data and the clock. (Think of the local clock as an internal signal that alternates from low to high; a low/high pair is considered one clock cycle.) The Manchester encoding is also illustrated in Figure 2.10. Observe that the Manchester encoding results in 0 being encoded as a low-to-high transition and 1 being encoded as a high-to-low transition. Because both 0s and 1s result in a transition to the signal, the clock can be effectively recovered at the receiver. (There is also a variant of the Manchester encoding, called differential Manchester, in which a 1 is encoded with the first half of the signal equal to the last half of the previous bit’s signal and a 0 is encoded with the first half of the signal opposite to the last half of the previous bit’s signal.)
Alternativa, zove manchestersko kodiranje, nema više eksplicitno posao spajanjem sat sa signalom, dostavljajući ekskluzivni-ili o NRZ-kodirani podatci i sat. (Mislim na lokalne sat kao unutarnji signal da se mijenja od niske do visoke,. Visoku/nisku par smatra se jednim sat ciklus) manchestersko kodiranje je također ilustrirana na slici 2.10. Obratite pažnju da je Manchester kodiranje rezultate u 0 se kodira kao low-to-high tranzicije i 1 se kodira kao high-na-nisko tranzicije. Budući da obje 0s 1s i dovesti u tranziciji do signala, sat može biti učinkovito vratiti na prijemnik. (Također postoji i varijanta manchestersko kodiranje, zove diferencijal Manchesteru, u kojem jedan je kodiran s prve polovice signala jednaka je posljednjih pola prethodnog malo signala, a 0 je kodiran s prve polovice signala nasuprot posljednjih pola prethodnog bitni signal.)

The problem with the Manchester encoding scheme is that it doubles the rate at which signal transitions are made on the link, which means that the receiver has half the time to detect each pulse of the signal. The rate at which the signal changes is called the link’s baud rate. In the case of the Manchester encoding, the bit rate is half the baud rate, so the encoding is considered only 50% efficient. Keep in mind that if the receiver had been able to keep up with the faster baud rate required by the Manchester encoding in Figure 2.10, then both NRZ and NRZI could have been able to transmit twice as many bits in the same time period.
Problem sa shemom Manchester kodiranje je da udvostručuje brzinu kojom signal prijelazi su napravljeni na link, što znači da prijemnik ima pola vremena da otkrije svaki puls signala. Stopa po kojoj se signal mijenja se zove link na brzinu prijenosa. U slučaju Manchester kodiranje, brzina prijenosa je pola baud rate ", pa kodiranje se smatra samo 50% učinkovita. Imajte na umu da, ako je prijemnik bio u mogućnosti to držati korak s brže brzina prijenosa zahtijeva Manchester kodiranje u slici 2.10, a zatim i NRZ i NRZI bi bili u mogućnosti prenijeti dvostruko više bitova u istom vremenskom razdoblju.

A final encoding that we consider, called 4B/5B, attempts to address the inefficiency of the Manchester encoding without suffering from the problem of having extended durations of high or low signals. The idea of 4B/5B is to insert extra bits into the bitstream so as to break up long sequences of 0s or 1 s. Specifically, every 4 bits of actual data are encoded in a 5-bit code that is then transmitted to the receiver; hence the name 4B/5B. The 5-bit codes are selected in such a way that each one has no more than one leading 0 and no more than two trailing 0s. Thus, when sent back-to-back, no pair of 5-bit codes results in more than three consecutive 0s being transmitted. The resulting 5-bit codes are then transmitted using the NRZI encoding, which explains why the code is only concerned about consecutive 0s - NRZI already solves the problem of consecutive 1s. Note that the 4B/5B encoding results in 80% efficiency.
Konačna kodiranje koje smatramo, zove 4B/5B, pokušava da riješi neučinkovitost manchestersko kodiranje bez pate od problema s proširene trajanja visoke ili niske razine signala. Ideja 4B/5B je umetnuti dodatni bitovi u bitstream kako bi se razbiti dugo sekvence 0s ili 1 s. Naime, svaka 4 bita stvarnih podataka su kodirane u 5-bitni kod koji se zatim prenose na prijemnik, otud ime 4B/5B. 5-bitne kodove su odabrane na takav način da svaki od njih ima više od jednog od vodećih 0 i ne više od dvije prateće 0s. Dakle, kada poslao back-to-back, nema par 5-bitni koda rezultate u više od tri uzastopna 0s se prenose. Rezultat 5-bitni kodovima tada se prenose koristeći NRZI kodiranje, što objašnjava zašto kod brine samo o uzastopnih 0s - NRZI već rješava problem uzastopnih 1s. Imajte na umu da 4B/5B kodiranje rezultate u 80% učinkovitosti.

Table 2.4 gives the 5-bit codes that correspond to each of the 16 possible 4-bit data symbols.
Tablica 2.4 daje 5-bitni kodova koji odgovaraju svakoj od 16 mogućih 4-bitne podatke simbola.

Table 2.4 4B/5B encoding.
Tablica 2.4 4B/5B kodiranje.

Notice that since 5 bits are enough to encode 32 different codes, and we are using only 16 of these for data, there are 16 codes left over that we can use for other purposes. Of these, code 11111 is used when the line is idle, code 00000 corresponds to when the line is dead, and 00100 is interpreted to mean halt. Of the remaining 13 codes, 7 of them are not valid because they violate the "one leading 0, two trailing 0s," rule, and the other 6 represent various control symbols. As we will see later in this chapter, some framing protocols (e.g., FDDI) make use of these control symbols.
Obavijest da je od 5 bitova su dovoljno kodirati 32 različitih kodova, a mi koristimo samo 16 od tih podataka, nalazi se 16 kodovi lijevo preko koje možemo koristiti u druge svrhe. Od tih, kod 11111 se koristi kada je linija u stanju mirovanja, šifra 00000 odgovara kada je linija mrtvih, a 00.100 je tumačiti da znači zaustaviti. Od preostalih 13 kodove, 7 njih ne vrijede jer krši "jednog od vodećih 0, dvije prateći 0s," pravilo, a drugih 6 predstavljaju različite kontrole simboli. Kao što ćemo vidjeti kasnije u ovom poglavlju, neki uokvirivanje protokoli (npr., FDDI) čine korištenje tih simbola kontrole.

Bit Rates and Baud Rates
1.2.1.1. Bit Cijene i Baud stope

Many people use the terms bit rate and baud rate interchangeably, even though as we see with the Manchester encoding, they are not the same thing. While the Manchester encoding is an example of a case in which a link’s baud rate is greater than its bit rate, it is also possible to have a bit rate that is greater than the baud rate. This would imply that more than one bit is encoded on each pulse sent over the link.
Mnogi ljudi koriste pojmove stopa malo i baud rate naizmjenično, iako kao što smo vidjeli sa Manchester kodiranje, oni nisu ista stvar. Iako je Manchester kodiranje je primjer slučaj u kojem je link je brzina prijenosa veća od brzina prijenosa, također je moguće da imaju malo stopi koja je veća od brzina prijenosa podataka. To bi podrazumijevalo da više od jednog bita je kodiran na svaki impuls poslan preko veze.

To see how this might happen, suppose you could transmit four distinguished signals over a link rather than just two. On an analog link, for example, these four signals might correspond to four different frequencies. Given four different signals, it is possible to encode two bits of information on each signal. That is, the first signal means 00, the second signal means 01, and so on. Now, a sender (receiver) that is able to transmit (detect) 1,000 pulses per second would be able to send (receive) 2,000 bits of information per second. That is, it would be a 1,000-baud/2,000-bps link.
Da biste vidjeli kako se to moglo dogoditi, recimo da mogu prenijeti četiri razlikovati signale preko veze, a ne samo dva. Na analogni vezu, na primjer, ta četiri signali mogu odgovarati na četiri različite frekvencije. S obzirom na četiri različita signala, moguće je kodiranje dva bita informacije o svakom signala. To je, prvi signal znači 00, drugi signal znači 01, i tako dalje. Sada, pošiljatelj (prijemnik) koji je u stanju prenijeti (otkrivanje) 1.000 impulsa po drugi će biti u mogućnosti slati (primati) 2000 bitova informacija u sekundi. To je, da će to biti 1000 baud/2.000 bps link.

2.3 Framing
1,3. 2,3 UOKVIRIVANJE
Now that we have seen how to transmit a sequence of bits over a point-to-point link - from adaptor to adaptor - let’s consider the scenario illustrated in Figure 2.11.
Sada kada smo vidjeli kako prenijeti niz bitova nad point-to-point veza - od adapter za adapter - Let's uzeti u obzir scenarij prikazani su na slici 2.11.

Figure 2.11 Bits flow between adaptors, frames between hosts.
Slika 2.11 Bits toka između adaptera, okviri između domaćina.

Recall from Chapter 1 that we are focusing on packet-switched networks, which means that blocks of data (called frames at this level), not bitstreams, are exchanged between nodes. It is the network adaptor that enables the nodes to exchange frames. When node A wishes to transmit a frame to node B, it tells its adaptor to transmit a frame from the node’s memory. This results in a sequence of bits being sent over the link. The adaptor on node B then collects together the sequence of bits arriving on the link and deposits the corresponding frame in B’s memory. Recognizing exactly what set of bits constitute a frame - that is, determining where the frame begins and ends - is the central challenge faced by the adaptor.
Podsjetimo iz Poglavlje 1 da smo fokusiranje na komutirana paketna mreža, što znači da su blokovi podataka (tzv. okviri na ovoj razini), ne bitstreams, razmjenjuju između čvorova. To je mrežni adapter koji omogućava čvorovi za razmjenu sličica. Kada čvor A želi prenijeti okvir za čvor B, govori svojim adapter za prijenos okvira od čvora memoriju. To rezultate u slijed bitova se šalje preko veze. Adapter za čvor B tada prikuplja zajedno slijed bitova koji dolaze na link i depozite odgovarajući okvir u B memoriju. Prepoznajući upravo ono što set bitova čine okvir - koji je, određivanje gdje se okvir počinje i završava - je glavni izazov s kojima se suočavaju adapter.

There are several ways to address the framing problem. This section uses several different protocols to illustrate the various points in the design space. Note that while we discuss framing in the context of point-to-point links, the problem is a fundamental one that must also be addressed in multiple-access networks like Ethernet and token rings.
Postoji nekoliko načina za rješavanje problema kadriranje. Ovaj odjeljak koristi nekoliko različitih protokola kako bi ilustrirali različite točke u dizajnu prostora. Imajte na umu da, dok smo razgovarali kadriranje u kontekstu point-to-point linkove, problem je temeljni onaj koji također mora biti upućena u više pristupnih mreža kao Ethernet i Token prstenje.

2.3.1 Byte-Oriented Protocols (PPP)
1.3.1. 2.3.1 Byte-Oriented protokola (PPP)

One of the oldest approaches to framing - it has its roots in connecting terminals to mainframes - is to view each frame as a collection of bytes (characters) rather than a collection of bits. Such a byte-oriented approach is exemplified by older protocols such as the Binary Synchronous Communication (BISYNC) protocol developed by IBM in the late 1960s, and the Digital Data Communication Message Protocol (DDCMP) used in Digital Equipment Corporation’s DECNET. The more recent and widely used Point-to-Point Protocol (PPP) provides another example of this approach.
Jedan od najstarijih pristupa kadriranje - ima svoje korijene u povezivanju terminala do mainframe - je pogled svaki okvir kao zbirka bajtova (znakova), a ne zbirka bita. Takav bajt-orijentirani pristup na primjeru starijih protokola kao što je binarna sinkrona komunikacija (BISYNC) protokol razvijen od strane IBM-a u kasnim 1960-ih, a Digitalni prijenos podataka Message Protocol (DDCMP) koje se koriste u Digital Equipment Corporation je dekodirati. Novije i naširoko koristi Point-to-Point Protocol (PPP) daje još jedan primjer ovog pristupa.

Sentinel-based Approaches
1.3.1.1. Sentinel-based pristupi

Figure 2.12 illustrates the BISYNC protocol’s frame format.
Slika ilustrira 2,12 BISYNC Protokola okvir formatu.

Figure 2.12 BISYNC frame format.
Slika 2.12 BISYNC okvir formatu.

This figure is the first of many that you will see in this book that are used to illustrate frame or packet formats, so a few words of explanation are in order. We show a packet as a sequence of labeled fields. Above each field is a number indicating the length of that field in bits. Note that the packets are transmitted beginning with the leftmost field.
Ova brojka je prvi od mnogih koje ćete vidjeti u ovoj knjizi koje se koriste za ilustraciju okvira ili paketa formata, pa nekoliko riječi objašnjenja su u redu. Ćemo pokazati paket kao niz polja označena. Iznad svakog polja je broj koji označava duljinu tog polja u bitovima. Imajte na umu da se prenose paketi počinju s krajnjem lijevom polju.

BISYNC uses special characters known as sentinel characters to indicate where frames start and end. The beginning of a frame is denoted by sending a special SYN (synchronization) character. The data portion of the frame is then contained between two more special characters: STX (start of text) and ETX (end of text). The SOH (start of header) field serves much the same purpose as the STX field. The problem with the sentinel approach, of course, is that the ETX character might appear in the data portion of the frame. BISYNC overcomes this problem by "escaping" the ETX character by preceding it with a data-link-escape (DLE) character whenever it appears in the body of a frame; the DLE character is also escaped (by preceding it with an extra DLE) in the frame body. (C programmers may notice that this is analogous to the way a quotation mark is escaped by the backslash when it occurs inside a string.) This approach is often called character stuffing because extra characters are inserted in the data portion of the frame.
BISYNC koristi posebne znakove poznat kao stražar znakova za označavanje gdje okviri za početak i kraj. Početak okvir se označava slanjem posebno SYN (sinkronizaciju) karakter. Podaci dio okvira tada nalazi između dva više specijalnih znakova: STX (početak teksta) i ETX (kraj teksta). The SOH (početak zaglavlja) polja služi mnogo istu svrhu kao i STX polje. Problem s stražar pristup, naravno, da je ETX karaktera može se pojaviti u podatkovnom dijelu okvira. BISYNC nadilazi ovaj problem "bježale" The ETX karaktera tako da je prije sa data-link-bijeg (DLE) znak kad se pojavljuje u tijelu okvir; DLE znak je pobjegao (tako da je prije sa extra DLE) u okviru tijela. (C programera može primijetiti da je ovo analogno na način na koji navodnik je pobjegao po crticu kada se pojavljuje u nizu.) Ovaj pristup često se naziva karakter nadev, jer su dodatni znakovi umetnuti u podacima dijelu okvira.

The frame format also includes a field labeled cyclic redundancy check (CRC) that is used to detect transmission errors; various algorithms for error detection are presented in Section 2.4. Finally, the frame contains additional header fields that are used for, among other things, the link-level reliable delivery algorithm. Examples of these algorithms are given in Section 2.5.
Okvir format također uključuje polje provjera cikličke zalihosti (CRC), koja se koristi za otkrivanje prijenosa greške, raznim algoritmima za otkrivanje pogrešaka prikazani su u Odjeljku 2.4. Konačno, okvir sadrži dodatne zaglavlja polja koja se koriste za, između ostaloga, na link razini pouzdane dostave algoritam. Primjeri tih algoritama su dati u Odjeljku 2.5.

The more recent PPP, which is commonly used to carry Internet Protocol packets over various sorts of point-to-point links, is similar to BISYNC in that it also uses sentinels and character stuffing. The format for a PPP frame is given in Figure 2.13.
Novije PPP-a, koji se obično koristi za nošenje Internet Protocol pakete preko raznih vrsta point-to-point linkove, sličan BISYNC po tome što se također koristi Stražari i karakter nadjevom. Format za PPP okvir prikazan je na slici 2.13.

Figure 2.13 PPP frame format.
Slika 2.13 PPP okvira formatu.

The special start-of-text character, denoted as the Flag field in Figure 2.13, is 01111110. The Address and Control fields usually contain default values, and so are uninteresting. The Protocol field is used for demultiplexing: it identifies the high-level protocol such as IP or IPX (an IP-like protocol developed by Novell). The frame payload size can be negotiated, but it is 1,500 bytes by default. The Checksum field is either 2 (by default) or 4 bytes long.
Posebna start-of-tekst karaktera, označena kao zastava polje na slici 2.13, je 01.111.110. Adresu i kontrole polja obično sadrže zadane vrijednosti, pa su nezanimljiv. Protokol polje se koristi za demultipleksiranje: ona identificira protokol visoke razine, kao što su IP ili IPX-a (IP-kao što je protokol razvijen od strane Novell). Veličina okvira nosivost može pregovarati, ali je 1.500 bajtova po defaultu. Checksum polja ili 2 (po defaultu) ili 4 bajta dugo.

The PPP frame format is unusual in that several of the field sizes are negotiated rather than fixed. This negotiation is conducted by a protocol called Link Control Protocol (LCP). PPP and LCP work in tandem: LCP sends control messages encapsulated in PPP frames - such messages are denoted by an LCP identifier in the PPP Protocol field - and then turns around and changes PPP’s frame format based on the information contained in those control messages. LCP is also involved in establishing a link between two peers when both sides detect that communication over the link is possible (e.g., when each optical receiver detects an incoming signal from the fiber to which it connects).
Format PPP okvira je neobična u da je nekoliko polja veličine se pregovara, a ne stalne. Ti su pregovori provodi protokol zove Link Control Protocol (ZKP). PPP i LCP raditi u tandemu: LCP šalje poruke kontrole upakiranog u okvirima JPP-a - takve poruke su obilježeni LCP identifikatora u polje PPP protokola - a zatim se okreće oko sebe i mijenja JPP-a format okvira na temelju podataka sadržanih u tim kontrole poruke. LCP je također uključena u uspostavljanju veza između dvoje vršnjaka, kada obje strane otkriti da je komunikacija preko veze je moguće (npr., kada je svaki optički prijemnik detektira dolazni signal od vlakana za koji ga povezuje).

Byte-Counting Approach
1.3.1.2. Byte-Brojim pristup

As every Computer Sciences 101 student knows, the alternative to detecting the end of a file with a sentinel value is to include the number of items in the file at the beginning of the file. The same is true in framing - the number of bytes contained in a frame can be included as a field in the frame header. The DEC-NET’s DDCMP protocol uses this approach, as illustrated in Figure 2.14.
Kao i svake računalne znanosti 101 studenta zna, alternativa otkrivanje kraj datoteke s sentinel vrijednosti je uključiti broj stavki u datoteku na početku datoteke. Isto vrijedi u oblikovanju - broj bajtova koji se nalazi u okvir može biti uključen kao polje u zaglavlju okvira. The prosinac-NET DDCMP protokol koristi ovaj pristup, kao što je ilustrirano na slici 2.14.

Figure 2.14 DDCMP frame format.
Slika 2.14 DDCMP okvir formatu.

In this example, the COUNT field specifies how many bytes are contained in the frame’s body.
U ovom primjeru, grof polje određuje koliko bajtova sadržani su u okviru tijela.

One danger with this approach is that a transmission error could corrupt the count field, in which case the end of the frame would not be correctly detected. (A similar problem exists with the sentinel-based approach if the ETX field becomes corrupted.) Should this happen, the receiver will accumulate as many bytes as the bad COUNT field indicates and then use the error detection field to determine that the frame is bad. This is sometimes called a framing error. The receiver will then wait until it sees the next SYN character to start collecting the bytes that make up the next frame. It is therefore possible that a framing error will cause back-to-back frames to be incorrectly received.
Jedan od opasnosti s ovog pristupa je da prijenosna pogreška mogla pokvariti računati polje, u kojem slučaju na kraju okvira ne bi ispravno biti otkriven. (Sličan problem postoji s sentinel pristup temeljen ako ETX polje ošteti.) Ako se to dogodi, prijemnik će akumulirati što više bajtova kao loš COUNT polje označava, a zatim koristiti polje otkrivanje pogrešaka kako bi se utvrdilo da je okvir je loš . To se ponekad naziva kadriranje pogreške. Prijamnik tada će pričekati dok se ne vidi pored SYN znak za početak prikupljanja bajtova koje čine sljedeći okvir. Stoga je moguće da kadriranje pogreška će izazvati back-to-back okviri za neispravno biti primljena.

What’s in a Layer?
1.3.1.3. Što je u Layer?

One of the important contributions of the OSI reference model presented in Chapter 1 was to provide some vocabulary for talking about protocols and, in particular, protocol layers. This vocabulary has provided fuel for plenty of arguments along the lines of "Your protocol does function X at layer Y, and the OSI reference model says it should be done at layer Z - that’s a layer violation." In fact, figuring out the right layer at which to perform a given function can be very difficult, and the reasoning is usually a lot more subtle than "What does the OSI model say?" It is partly for this reason that this book avoids a rigidly layerist approach. Instead, it shows you a lot of functions that need to be performed by protocols and looks at some ways that they have been successfully implemented.
Jedan od važnih doprinosa modela OSI referentni prikazana u Poglavlju 1 bio je pružiti neke rječnika za razgovor o protokolima i, posebice, slojevi protokola. Ovaj rječnik je dao goriva za obilje argumenata duž linije "Tvoja protokola ne funkcionira X na sloj Y, a model OSI referentni kaže da bi trebalo biti učinjeno na sloj Z -. To je kršenje sloj" U stvari, figuring out pravo sloj na kojem se obavljaju određene funkcije može biti vrlo teško, a obrazloženje je obično mnogo više suptilan nego "Što OSI modela reći?" To je djelomično zbog toga da je ova knjiga izbjegava strogo layerist pristup. Umjesto toga, to pokazuje vam puno funkcija koje trebaju biti izvršene od strane protokola i gleda na nekoliko načina na koje su uspješno provedene.

In spite of our non-layerist approach, sometimes we need convenient ways to talk about classes of protocols, and the name of the layer at which they operate is often the best choice. Thus, for example, this chapter focuses primarily on link-layer protocols. (Bit encoding, described in Section 2.2, is the exception, being considered a physical-layer function.) Link-layer protocols can be identified by the fact that they run over single links - the type of network discussed in this chapter. Network-layer protocols, by contrast, run over switched networks that contain lots of links interconnected by switches or routers. Topics related to network-layer protocols are discussed in Chapters 3 and 4.
Unatoč našim ne-layerist pristupu, ponekad moramo zgodan način da se govori o klasama protokola i naziv sloja u kojem posluju je često najbolji izbor. Tako, na primjer, ovo poglavlje se fokusira prvenstveno na link-sloj protokola. (Bit kodiranje, opisano u Poglavlje 2.2, je iznimka, se smatra fizički-layer funkcija.) Link-sloj protokola se mogu prepoznati po činjenici da su pokrenuti preko jedne veze - vrstu mreže raspravljalo u ovom poglavlju. Network-sloj protokola, za razliku od, pregaziti prebacio mrežama koje sadrže puno veze međusobno pomoću prekidača ili usmjerivača. Teme se odnose na mrežne protokole sloja se spominju u poglavljima 3 i 4.

Note that protocol layers are supposed to be helpful - they provide helpful ways to talk about classes of protocols, and they help us divide the problem of building networks into manageable subtasks. However, they are not meant to be overly restrictive - the mere fact
 that something is a layer violation does not end the argument about whether it is a worthwhile thing to do. In other words, layering makes a good slave, but a poor master. A particularly interesting argument about the best layer in which to place a certain function comes up when we look at congestion control in Chapter 6.
Imajte na umu da su slojevi protokola bi trebao biti od pomoći - oni pružaju korisne načine da se govori o klasama protokola, i oni pomažu nas dijeli problem izgradnje mreže u rukovanje podzadatke. Međutim, oni nisu trebali biti pretjerano restriktivan - sama činjenica da je nešto sloj kršenje ne završava argument o tome da li je vrijedno stvar za napraviti. Drugim riječima, raslojavanje čini dobar rob, ali loš gospodar. Posebno zanimljiv argument o najboljem sloj u kojem se mjestu određeni funkciju dolazi kada gledamo nadzor zagušenja u poglavlju 6.

2.3.2 Bit-Oriented Protocols (HDLC)
1.3.2. 2.3.2 Bit-Oriented protokoli (HDLC)

Unlike byte-oriented protocols, a bit-oriented protocol is not concerned with byte boundaries - it simply views the frame as a collection of bits. These bits might come from some character set, such as ASCII, they might be pixel values in an image, or they could be instructions and operands from an executable file. The Synchronous Data Link Control (SDLC) protocol developed by IBM is an example of a bit-oriented protocol; SDLC was later standardized by the ISO as the High-Level Data Link Control (HDLC) protocol. In the following discussion, we use HDLC as an example; its frame format is given in Figure 2.15.
Za razliku od byte-orijentirane protokole, jedna bitovno orijentirani protokol ne bavi byte granica - to se jednostavno vidi okvir kao skup bitova. Ti bitovi bi mogle doći iz nekih skupa znakova, kao što su ASCII, one bi mogle biti piksela vrijednosti u slici, ili su mogli biti upute i operanada iz izvršnu datoteku. Link sinkrona podatkovna kontrole (SDLC) protokol razvijen od strane IBM-a je primjer bitovno orijentirani protokol, SDLC kasnije standardiziran od strane ISO kao veza na visokoj razini Data Control (HDLC) protokola. U sljedeće rasprave, mi koristimo HDLC kao primjer, njegov okvir format prikazan je na slici 2.15.

Figure 2.15 HDLC frame format.
Slika 2.15 HDLC okvira formatu.

HDLC denotes both the beginning and the end of a frame with the distinguished bit sequence 01111110. This sequence is also transmitted during any times that the link is idle so that the sender and receiver can keep their clocks synchronized. In this way, both protocols essentially use the sentinel approach. Because this sequence might appear anywhere in the body of the frame - in fact, the bits 01111110 might cross byte boundaries - bit-oriented protocols use the analog of the DLE character, a technique known as bit stuffing.
HDLC označava i početak i kraj okvira s istaknutim malo 01111110 slijed. Taj slijed je također prenosi u bilo koje vrijeme da je veza u stanju mirovanja, tako da pošiljatelj i primatelj može zadržati svoje satove sinkronizirane. Na taj način, oba protokola u osnovi koriste sentinel pristup. Budući da je ovaj redoslijed može se pojaviti bilo gdje u tijelu okvira - u stvari, bitova 01111110 mogu prijeći granice byte - bit-orijentirane protokole koriste analogni na DLE karaktera, tehnika poznata kao umetanje bita.

Bit stuffing in the HDLC protocol works as follows. On the sending side, any time five consecutive 1s have been transmitted from the body of the message (i.e., excluding when the sender is trying to transmit the distinguished 01111110 sequence), the sender inserts a 0 before transmitting the next bit. On the receiving side, should five consecutive 1s arrive, the receiver makes its decision based on the next bit it sees (i.e., the bit following the five 1s). If the next bit is a 0, it must have been stuffed, and so the receiver removes it. If the next bit is a 1, then one of two things is true: Either this is the end-of-frame marker or an error has been introduced into the bitstream. By looking at the next bit, the receiver can distinguish between these two cases: if it sees a 0 (i.e., the last eight bits it has looked at are 01111110), then it is the end-of-frame marker; if it sees a 1 (i.e., the last eight bits it has looked at are 01111111), then there must have been an error and the whole frame is discarded. In the latter case, the receiver has to wait for the next 01111110 before it can start receiving again, and as a consequence, there is the potential that the receiver will fail to receive two consecutive frames. Obviously, there are still ways that framing errors can go undetected, such as when an entire spurious end-of-frame pattern is generated by errors, but these failures are relatively unlikely. Robust ways of detecting errors are discussed in Section 2.4.
Bit nadejv u HDLC protokol radi na sljedeći način. Na slanja strane, bilo koje vrijeme pet uzastopnih 1s su odaslani iz tijela poruke (tj., osim kada je pošiljatelj pokušava prenijeti istaknutih 01111110 slijed), pošiljatelj umeće 0 prije prijenosa sljedeći zalogaj. Na primanje strane, treba pet uzastopnih 1s stići, primatelj donosi rješenje temelji se na sljedeći malo vidi ga (tj., malo nakon pet 1s). Ako je sljedeći zalogaj je 0, to mora biti punjena, i tako prijemnik uklanja ga. Ako je sljedeći zalogaj je 1, a zatim jednu od dvije stvari istinito: Ili je to kraj-od-frame marker ili pogreška je uveden u bitstream. Gledajući na sljedeći zalogaj, prijamnik može razlikovati ova dva slučaja: ako se vidi 0 (tj. posljednjih osam bitova je pogledao su 01.111.110), onda je to end-of-frame marker, ako to vidi 1 (tj. posljednjih osam bitova je pogledao su 01.111.111), onda tu mora da je greška, a cijeli okvir je odbačena. U potonjem slučaju, prijamnik mora čekati za sljedeću 01111110 prije nego što može početi primati opet, i kao posljedica toga, postoji mogućnost da je primatelj neće uspjeti dobiti dva uzastopna okvira. Očito, još uvijek postoje načini da se kadriranje pogreške mogu proći neopaženo, kao kad cijela lažnim kraju okvira uzorka je generirana pogreške, ali ti su kvarovi relativno malo vjerojatno. Robusna načina otkrivanja pogrešaka raspravlja se u Odjeljku 2.4.

An interesting characteristic of bit stuffing, as well as character stuffing, is that the size of a frame is dependent on the data that is being sent in the payload of the frame. It is in fact not possible to make all frames exactly the same size, given that the data that might be carried in any frame is arbitrary. (To convince yourself of this, consider what happens if the last byte of a frame’s body is the ETX character.) A form of framing that ensures that all frames are the same size is described in the next subsection.
Zanimljiva karakteristika umetanje bita, kao i znak punjenje, je da se veličina okvira ovisi o podacima koji se šalju u nosivosti okvira. To je u stvari nije moguće napraviti sve okvire točno iste veličine, s obzirom da se podaci koji bi mogli nositi u bilo koji okvir je proizvoljan. (Da bi se uvjerili u to, razmislite što će se dogoditi ako posljednji bajt okvira tijelo je ETX karaktera.) Oblik kadriranja koji osigurava da su svi okviri su iste veličine je opisano u sljedećem pododjeljku.

2.3.3 Clock-Based Framing (SONET)
1.3.3. 2.3.3 Clock-Based Framing (SONET)

A third approach to framing is exemplified by the Synchronous Optical Network (SONET) standard. For lack of a widely accepted generic term, we refer to this approach simply as clock-based framing. SONET was first proposed by Bell Communications Research (Bellcore), and then developed under the American National Standards Institute (ANSI) for digital transmission over optical fiber; it has since been adopted by the ITU-T. Who standardized what and when is not the interesting issue, though. The thing to remember about SONET is that it is the dominant standard for long-distance transmission of data over optical networks.
Treći pristup kadriranju primjer "digitalna sinkrona optička mreža (SONET) standard. Za nedostatak široko prihvaćen generički pojam, možemo se odnose na ovaj pristup jednostavno kao sat-based kadriranja. SONET je prvi put predložio Bell Communications Research (Bellcore), a zatim razvio pod američki nacionalni institut za standarde (ANSI) za digitalni prijenos preko optičkih vlakana, to jer je usvojen od strane ITU-T. Tko standardizirani što i kada nije zanimljivo pitanje, ipak. Stvar koju treba zapamtiti o SONET je da je dominantan standard za dugo-udaljenost prijenosa podataka preko optičkih mreža.

An important point to make about SONET before we go any further is that the full specification is substantially larger than this book. Thus, the following discussion will necessarily cover only the high points of the standard. Also, SONET addresses both the framing problem and the encoding problem. It also addresses a problem that is very important for phone companies - the multiplexing of several low-speed links onto one high-speed link. We begin with framing and discuss the other issues following.
Važna točka da bi o SONET prije nego što idemo dalje je da je puna specifikacija je znatno veća od ove knjige. Dakle, nakon rasprave nužno će pokriti samo visoke točke norme. Također, SONET adrese i kadriranje problem i kodiranje problem. To također rješava problem koji je vrlo važan za telefon tvrtke - THE multipleksiranja nekoliko niske brzine veze na jedan high-speed vezu. Mi smo počeli s kadriranje i razgovarati o drugim pitanjima sljedeće.

As with the previously discussed framing schemes, a SONET frame has some special information that tells the receiver where the frame starts and ends. However, that is about as far as the similarities go. Notably, no bit stuffing is used, so that a frame’s length does not depend on the data being sent. So the question to ask is, "How does the receiver know where each frame starts and ends?" We consider this question for the lowest-speed SONET link, which is known as STS-1 and runs at 51.84 Mbps. An STS-1 frame is shown in Figure 2.16.
Kao i kod prethodno raspravlja oblikovanje sheme, a SONET okvir ima neke posebne informacije koje govori prijemnika gdje se okvir počinje i završava. Međutim, to je otprilike što se tiče sličnosti ići. Znakovita je, bez umetanje bita koristi, tako da duljina okvira ne ovise o podacima se šalju. Dakle pitanje pitati je, "Kako prijamnik zna gdje svaki okvir počinje i završava?" Smatramo da ovo pitanje za najniže brzine SONET link, koji je poznat kao STS-1 i radi na 51,84 Mbps. STS-1 okvir prikazan je na slici 2.16.

Figure 2.16 A SONET STS-1 frame.
Slika 2.16 SONET STS-1 okvira.

It is arranged as nine rows of 90 bytes each, and the first 3 bytes of each row are overhead, with the rest being available for data that is being transmitted over the link. The first 2 bytes of the frame contain a special bit pattern, and it is these bytes that enable the receiver to determine where the frame starts. However, since bit stuffing is not used, there is no reason why this pattern will not occasionally turn up in the payload portion of the frame. To guard against this, the receiver looks for the special bit pattern consistently, hoping to see it appearing once every 810 bytes, since each frame is 9 ( 90 = 810 bytes long. When the special pattern turns up in the right place enough times, the receiver concludes that it is in sync and can then interpret the frame correctly.
Ona je uređena kao devet redova od 90 bajtova svaki, i prva 3 bytes svaki red pretek su, s ostatkom se na raspolaganju za podatke koji se prenose preko veze. Prva dva bajta okvira sadrži poseban uzorak malo, i to je tih bajtova koji omogućuju prijamniku da odredi gdje se okvir počinje. Međutim, budući da malo nadjev ne koristi, ne postoji razlog zašto se ovaj uzorak ne povremeno će se pretvoriti u teret dijela okvira. Kako biste to spriječili, prijamnik traži posebne malo uzorak dosljedno, u nadi da će vidjeti da se pojavljuju jednom u svakih 810 bytes, budući da svaki okvir je 9 ( 90 = 810 bajtova dugo. Kada je poseban uzorak pretvara se u pravo mjesto dovoljno vremena, prijemnik zaključuje da je u sync i onda mogu protumačiti okvir ispravno.

One of the things we are not describing due to the complexity of SONET is the detailed use of all the other overhead bytes. Part of this complexity can be attributed to the fact that SONET runs across the carrier’s optical network, not just over a single link. (Recall that we are glossing over the fact that the carriers implement a network, and we are instead focusing on the fact that we can lease a SONET link from them and then use this link to build our own packet-switched network.) Additional complexity comes from the fact that SONET provides a considerably richer set of services than just data transfer. For example, 64 Kbps of a SONET link’s capacity is set aside for a voice channel that is used for maintenance.
Jedna od stvari koje mi se ne opisuju s obzirom na složenost SONET je detaljno korištenje svih ostalih pretek bajtova. Dio ovog složenosti može se pripisati činjenici da SONET prometuje preko prijevoznika optička mreža, a ne samo preko jednog linka. (Sjetite se da smo prikrivanju činjenice da prijevoznici implementirati mrežu, a mi umjesto da se usredotočuju na činjenicu da možemo zakup SONET link iz njih, a zatim koristite ovaj link za izgradnju vlastitog komutirana paketna mreža.) Dodatna složenost proizlazi iz činjenice da je SONET pruža znatno bogatiji set usluga nego samo prijenos podataka. Na primjer, 64 kbps SONET link sposobnosti se izdvaja za glasovni kanal koji se koristi za održavanje.

The overhead bytes of a SONET frame are encoded using NRZ, the simple encoding described in the previous section where 1s are high and 0s are low. However, to ensure that there are plenty of transitions to allow the receiver to recover the sender’s clock, the payload bytes are scrambled. This is done by calculating the exclusive-OR (XOR) of the data to be transmitted and by the use of a well-known bit pattern. The bit pattern, which is 127 bits long, has plenty of transitions from 1 to 0, so that XORing it with the transmitted data is likely to yield a signal with enough transitions to enable clock recovery.
Dometnut bajtova SONET okvira su kodirani pomoću NRZ, jednostavna kodiranje opisano u prethodnom odjeljku, gdje su visoke 1s i 0s su niske. Međutim, kako bi se osiguralo da postoji mnogo prijelaza kako bi se omogućilo da se oporavi prijemnik pošiljatelja sat, nosivost bytes su kodirani. To je učinio po izračunu ekskluzivno-ILI (XOR) podataka koji se prenose i korištenje poznatih bitni uzorak. Bit uzorak, što je 127 bita dug, ima dosta prijelaza 1 - 0, tako da XORing s prenosivim podataka je vjerojatno da će prinos signal s dovoljno prijelazima kako bi se omogućilo oporavak takta.

SONET supports the multiplexing of multiple low-speed links in the following way. A given SONET link runs at one of a finite set of possible rates, ranging from 51.84 Mbps (STS-1) to 2,488.32 Mbps (STS-48), and beyond. (See Table 2.2 in Section 2.1 for the full set of SONET data rates.) Note that all of these rates are integer multiples of STS-1. The significance for framing is that a single SONET frame can contain subframes for multiple lower-rate channels. A second related feature is that each frame is 125 (s long. This means that at STS-1 rates, a SONET frame is 810 bytes long, while at STS-3 rates, each SONET frame is 2,430 bytes long. Notice the synergy between these two features: 3 ( 810 = 2,430, meaning that three STS-1 frames fit exactly in a single STS-3 frame.
SONET podržava multipleksiranje višestrukih niske brzine veze na sljedeći način. Određenog SONET link radi u jednom od konačnog skupa mogućih stopa, u rasponu od 51,84 Mbps (STS-1) na 2,488.32 Mbps (STS-48), ali i šire. (Vidi Tablicu 2.2 u Odjeljku 2.1 za cijeli skup SONET brzinu prijenosa podataka.) Imajte na umu da sve ove stope su cjelobrojni višekratnici od STS-1. Značaj za kadriranje je da jedan SONET okvir može sadržavati subframes za više niže stope kanala. Drugi odnose značajka je da svaki okvir je 125 ( s dugim. To znači da je na STS-1 stope, SONET okvir je 810 bajtova, dok su na STS-3 stope, svaki SONET okvir je 2.430 bajtova dugo. Obavijest sinergiju između ove dvije značajke: 3 ( 810 = 2430, što znači da su tri STS-1 okvira stane točno u jednom STS-3 okvira.

Intuitively, the STS-N frame can be thought of as consisting of STS-1 frames, where the bytes from these frames are interleaved, that is, a byte from the first frame is transmitted, then a byte from the second frame is transmitted, and so on. The reason for interleaving the bytes from each STS-N frame is to ensure that the bytes in each STS-1 frame are evenly paced, that is, bytes show up at the receiver at a smooth 51 Mbps, rather than all bunched up during one particular 1/Nth of the 125-(s interval.
Intuitivno, STS-N okvir može biti misao kao koji se sastoji od STS-1 okvira, gdje su bajtovi iz tih okvira su umetkom, koji je, bajt iz prvog okvira se prenosi, a zatim i bajt iz drugog okvira se prenosi, i tako dalje. Razlog za prepletanje su bajtovi iz svake STS-N okvir kako bi se osiguralo da su bajtovi u svakom STS-1 okvira su ravnomjerno tempom, to jest, bajtova pojaviti na prijemnik na glatke 51 Mb/s, a od svih položenih tijekom jedne posebno 1/Nth od 125 - ( s intervalu.

Although it is accurate to view an STS-N signal as being used to multiplex N STS-1 frames, the payload from these STS-1 frames can be linked together to form a larger STS-N payload; such a link is denoted STS-Nc (for concatenated). One of the fields in the overhead is used for this purpose. Figure 2.17 schematically depicts concatenation in the case of three STS-1 frames being concatenated into a single STS-3c frame.
Iako je točno da biste vidjeli STS-N Kao signal se koristi za multipleks N STS-1 okvira, nosivost od tih STS-1 okviri mogu biti povezane u obliku veće STS-N polagano, takvu vezu je označen STS- NC (za ulančani). Jedan od polja u nadzemne se koriste za ovu svrhu. Slika 2.17 shematski je prikazan ulančavanje u slučaju tri STS-1 okviri se ulančani u jednom STS-3C okvir.

Figure 2.17 Three STS-1 frames multiplexed onto one STS-3c frame.
Slika 2.17 Tri STS-1 okvira multipleksno na jedan STS-3C okvir.

The significance of a SONET link being designated as STS-3c rather than STS-3 is that, in the former case, the user of the link can view it as a single 155.25-Mbps pipe, whereas an STS-3 should really be viewed as three 51.84-Mbps links that happen to share a fiber.
Značaj jednog SONET link biće označen kao STS-3c nego STS-3 je da se, u bivšoj slučaju, korisnik može povezati ga vidjeli kao jednu 155,25 Mbps cijevi, dok STS-3 bi trebao stvarno biti pregledan kao tri 51,84 Mbps veze da se dogoditi da udio vlakana.

Finally, the preceding description of SONET is overly simplistic in that it assumes that the payload for each frame is completely contained within the frame. (Why wouldn’t it be?) In fact, we should view the STS-1 frame just described as simply a placeholder for the frame, where the actual payload may float across frame boundaries. This situation is illustrated in Figure 2.18.
Konačno, prethodni opis SONET je pretjerano pojednostavljena u smislu da pretpostavlja da je teret za svaki okvir u potpunosti je sadržana unutar okvira. (Zašto ne bi to bilo?) U stvari, trebali bismo vidjeti STS-1 okvir upravo opisao kao jednostavno rezervirano mjesto za okvir, gdje se stvarni teret može plivati preko okvira granica. Ova situacija ilustrirana je na Slici 2.18.

Figure 2.18 SONET frames out of phase.
Slika 2.18 SONET okvira izvan faze.

Here we see both the STS-1 payload floating across two STS-1 frames, and the payload shifted some number of bytes to the right and, therefore, wrapped around. One of the fields in the frame overhead points to the beginning of the payload. The value of this capability is that it simplifies the task of synchronizing the clocks used throughout the carriers’ networks, which is something that carriers spend a lot of their time worrying about.
Ovdje vidimo kako STS-1 nosivost plutajući preko dva STS-1 okvira, a nosivost pomaknut određeni broj bajtova za pravo i, stoga, omotane oko. Jedan od polja u točkama okvir pretek do početka nosivost. Vrijednost ove mogućnosti je da to pojednostavljuje zadatak sinkronizacije satova koristiti tijekom cijele prijevoznika mreže, što je nešto što prijevoznici potrošiti puno svog vremena brinući o tome.

2.4 Error Detection
1,4. 2,4 OTKRIVANJE POGREŠAKA
As discussed in Chapter 1, bit errors are sometimes introduced into frames. This happens, for example, because of electrical interference or thermal noise. Although errors are rare, especially on optical links, some mechanism is needed to detect these errors so that corrective action can be taken. Otherwise, the end user is left wondering why the C program that successfully compiled just a moment ago now suddenly has a syntax error in it, when all that happened in the interim is that it was copied across a network file system.
Kao što je objašnjeno u Poglavlju 1, bit greške ponekad se uvode u okvire. To se događa, na primjer, zbog električne smetnje ili termički šum. Iako greške su rijetke, posebno na optičke veze, neki mehanizam je potreban da bi se otkriti ove greške, tako da korektivne radnje može poduzeti. Inače, krajnji korisnik je lijevo pitate zašto C program koji uspješno sastavio samo trenutak prije sada odjednom ima sintaktička pogreška u njoj, kada sve što se dogodilo u međuvremenu je da je bio kopiran preko mrežnog sustava datoteka.

There is a long history of techniques for dealing with bit errors in computer systems, dating back to at least the 1940s. Hamming and Reed/Solomon codes are two notable examples that were developed for use in punch card readers and when storing data on magnetic disks and in early core memories. This section describes some of the error detection techniques most commonly used in networking.
Postoji duga povijest tehnike za koje se bave malo grešaka u računalnim sustavima, datira barem 1940. Hammingov i Reed/Salomon koda su dva značajna primjera koji su razvijeni za uporabu u bušena kartica čitatelji, a kada pohranu podataka na magnetnom nositelju i početkom jezgre uspomene. Ovaj odjeljak opisuje neke od tehnika otkrivanja pogrešaka najčešće koristi u umrežavanju.

Detecting errors is only one part of the problem. The other part is correcting errors once detected. There are two basic approaches that can be taken when the recipient of a message detects an error. One is to notify the sender that the message was corrupted so that the sender can retransmit a copy of the message. If bit errors are rare, then in all probability the retransmitted copy will be error free. Alternatively, there are some types of error detection algorithms that allow the recipient to reconstruct the correct message even after it has been corrupted; such algorithms rely on error correcting codes, discussed below.
Otkrivanje pogrešaka je samo jedan dio problema. Drugi dio je ispravljanje pogrešaka jednom otkriti. Postoje dva osnovna pristupa koji se mogu poduzeti kada primatelj poruke otkrije pogreška. Jedan od njih je o tome obavijestiti pošiljatelja da je poruka bila oštećena, tako da pošiljatelj može prenosimo kopiju poruke. Ako malo pogreške su rijetki, a zatim u svim vjerojatnost retransmitted kopija će biti bez grešaka. Alternativno, postoje neke vrste otkrivanje pogrešaka algoritama koji omogućuju primatelj rekonstruirati ispravne poruke čak i nakon što je oštećena, kao što se oslanjaju na Algoritmi za ispravljanje pogrešaka kodova, objašnjeno u nastavku.

One of the most common techniques for detecting transmission errors is a technique known as the cyclic redundancy check (CRC). It is used in nearly all the link-level protocols discussed in the previous section - for example, HDLC, DDCMP - as well as in the CSMA and token ring protocols described later in this chapter. Section 2.4.3 outlines the basic CRC algorithm. Before discussing that approach, we consider two simpler schemes that are also widely used: two-dimensional parity and checksums. The former is used by the BISYNC protocol when it is transmitting ASCII characters (CRC is used as the error code when BISYNC is used to transmit EBCDIC), and the latter is used by several Internet protocols.
Jedan od najčešćih tehnika za otkrivanje pogrešaka prijenos je tehnika poznata kao provjera cikličke zalihosti (CRC). To se koristi u gotovo svim link na razini protokola raspravljalo u prethodnom odjeljku - na primjer, HDLC, DDCMP - kao u CSMA i prsten sa znakom protokole opisane kasnije u ovom poglavlju. Odjeljak 2.4.3 ocrtava osnovne CRC algoritam. Prije opisala taj pristup, smatramo dvije jednostavnije sheme koje su također naširoko koristi: dvodimenzionalnu paritet i checksumova. Bivši se koristi od strane BISYNC protokol kada je prijenos ASCII znakove (CRC se koristi kao šifra pogreške pri BISYNC koristi se za prijenos EBCDIC), a drugi se koristi nekoliko internetskih protokola.

The basic idea behind any error detection scheme is to add redundant information to a frame that can be used to determine if errors have been introduced. In the extreme, we could imagine transmitting two complete copies of the data. If the two copies are identical at the receiver, then it is probably the case that both are correct. If they differ, then an error was introduced into one (or both) of them, and they must be discarded. This is a rather poor error detection scheme for two reasons. First, it sends n redundant bits for an n-bit message. Second, many errors will go undetected - any error that happens to corrupt the same bit positions in the first and second copies of the message.
Osnovna ideja iza bilo shema otkrivanje pogrešaka je da dodate podatke suvišan okvir koji se može koristiti kako bi se utvrdilo ukoliko greške su uvedeni. U krajnjem slučaju, mogli bismo zamisliti emitira dvije kompletne kopije podataka. Ako dvije kopije su identične u prijemnik, onda je vjerojatno slučaj koji su obje ispravne. Ako se razlikuju, onda greška je uveden u jedan (ili oba) od njih, i oni moraju biti odbačena. To je prilično slaba detekcija pogrešaka shemu iz dva razloga. Prvo, on šalje n redundantnih bitova za n-bitnu poruku. Drugo, mnoge pogreške će proći neopaženo - bilo koje greške koje dogodi i ošteti isto malo mjesta u prvom i drugom kopije poruke.

Fortunately, we can do a lot better than this simple scheme. In general, we can provide quite strong error detection capability while sending only k redundant bits for an n-bit message, where k << n. On an Ethernet, for example, a frame carrying up to 12,000 bits (1,500 bytes) of data requires only a 32-bit CRC code, or as it is commonly expressed, uses CRC-32. Such a code will catch the overwhelming majority of errors, as we will see below.
Srećom, možemo učiniti puno bolje od ovoga jednostavnu shemu. Općenito, možemo pružiti vrlo jak sposobnost za otkrivanje pogreške tijekom slanja samo k suvišan bita za n-bitnu poruku, gdje je k <n. Na Ethernet, na primjer, okvir nošenje do 12.000 bita (1500 bytes) podataka zahtijeva samo jedan 32-bitni CRC koda, ili kao što se obično izražava, koristi CRC-32. Takva šifra će uhvatiti velika većina pogrešaka, kao što ćemo vidjeti u nastavku.

We say that the extra bits we send are redundant because they add no new information to the message. Instead, they are derived directly from the original message using some well-defined algorithm. Both the sender and the receiver know exactly what that algorithm is. The sender applies the algorithm to the message to generate the redundant bits. It then transmits both the message and those few extra bits. When the receiver applies the same algorithm to the received message, it should (in the absence of errors) come up with the same result as the sender. It compares the result with the one sent to it by the sender. If they match, it can conclude (with high likelihood) that no errors were introduced in the message during transmission. If they do not match, it can be sure that either the message or the redundant bits were corrupted, and it must take appropriate action, that is, discarding the message, or correcting it if that is possible.
Kažemo da je extra bitovi šaljemo su suvišne jer su dodali nema novih informacija na poruke. Umjesto toga, oni su izvedene direktno iz izvorne poruke koristeći neki dobro definirani algoritam. I pošiljatelj i primatelj znam točno što to je algoritam. Pošiljatelj primjenjuje algoritam za poruke za stvaranje redundantnih bitova. To onda prenosi i poruku i onih nekoliko dodatnih bitova. Kada prijemnik vrijedi isti algoritam za primljenu poruku, to bi trebalo (u nedostatku pogreške) dolazi do isti rezultat kao pošiljatelja. Ona uspoređuje rezultat s jedne poslao ga pošiljatelju. Ako se podudaraju, to može zaključiti (s visokom vjerojatnosti) da nema greške su uvedeni u poruci tijekom prijenosa. Ako oni ne odgovaraju, to možete biti sigurni da ni poruke ili redundantni bitovi su bili korumpirani, te mora poduzeti odgovarajuće radnje, to jest, odbacujući poruku, ili ispravljanje ako je to moguće.

One note on the terminology for these extra bits. In general, they are referred to as error-detecting codes. In specific cases, when the algorithm to create the code is based on addition, they may be called a checksum. We will see that the Internet checksum is appropriately named: It is an error check that uses a summing algorithm. Unfortunately, the word "checksum" is often used imprecisely to mean any form of error detecting code, including CRCs. This can be confusing, so we urge you to use the word "checksum" only to apply to codes that actually do use addition and to use "error detecting code" to refer to the general class of codes described in this section.
Jedna napomena o nazivlju za ove dodatne bitova. Općenito, oni se nazivaju pogrešku otkrivanje šifri. U posebnim slučajevima, kada je algoritam za stvaranje koda se temelji na dodatak, mogu se nazvati checksum. Vidjet ćemo da Internet ček na odgovarajući način se zove: To je pogreška provjerite da koristi zbrajanje algoritam. Nažalost, riječ "ček" se često koristi neprecizno znači bilo koji oblik kod za otkrivanje pogrešaka, uključujući i CRCs. To može biti zbunjujuće, pa molimo vas da koristite riječ "ček" samo da se odnosi na kodove koje zapravo ne koristite dodatak i za korištenje "kod za otkrivanje pogrešaka" koje se odnose na opće klasi kodova opisane u ovom odjeljku.

2.4.1 Two-Dimensional Parity
1.4.1. 2.4.1 Dvodimenzionalni Paritetni

Two-dimensional parity is exactly what the name suggests. It is based on "simple" (one-dimensional) parity, which usually involves adding one extra bit to a 7-bit code to balance the number of 1s in the byte. For example, odd parity sets the eighth bit to 1 if needed to give an odd number of 1s in the byte, and even parity sets the eighth bit to 1 if needed to give an even number of 1s in the byte. Two-dimensional parity does a similar calculation for each bit position across each of the bytes contained in the frame. This results in an extra parity byte for the entire frame, in addition to a parity bit for each byte. Figure 2.19 illustrates how two-dimensional even parity works for an example frame containing 6 bytes of data.
Dvodimenzionalni paritet je upravo ono što ime sugerira. Ona se temelji na "jednostavan" (jednodimenzionalna) paritet, što obično uključuje dodavanje jedan dodatni bit na 7-bitni kod za ravnotežu broj 1s u byte. Na primjer, neparna parnost postavlja osmi bit na 1 ako je potrebno dati neparan broj 1s u byte, pa čak i paritet postavlja osmi bit na 1 ako je potrebno dati čak i broj 1s u byte. Dvodimenzionalni pariteta radi sličan izračun za svaku bitnu poziciju preko svake bajtova sadržanim u kadru. To rezultira u dodatnom paritet bajt za cijeli okvir, uz paritet malo za svaki bajt. Slika 2.19 ilustrira kako dvodimenzionalni paran paritet djela za primjer okvir koji sadrži 6 bajtova podataka.

Figure 2.19 Two-dimensional parity.
Slika 2.19 Dvodimenzionalni pariteta.

Notice that the third bit of the parity byte is 1 since there is an odd number of 1s in the third bit across the 6 bytes in the frame. It can be shown that two-dimensional parity catches all 1-, 2-, and 3-bit errors, and most 4-bit errors. In this case, we have added 14 bits of redundant information to a 42-bit message, and yet we have stronger protection against common errors than the "repetition code" described above.
Obavijest da je treći malo pariteta bajt 1 jer je neparan broj 1s u trećem malo preko 6 bajtova u kadru. Može se pokazati da dvodimenzionalni paritet hvata sve 1 -, 2 - i 3-bitni greške, a najviše 4-bitni pogreške. U ovom slučaju, dodali smo 14 bita viška informacija na 42-bitnu poruku, a ipak imamo jaču zaštitu protiv uobičajenih pogrešaka od "ponavljanja kod" je gore opisano.

2.4.2 Internet Checksum Algorithm
1.4.2. 2.4.2 Internet Checksum Algoritam

A second approach to error detection is exemplified by the Internet checksum. Although it is not used at the link level, it nevertheless provides the same sort of functionality as CRCs and parity, so we discuss it here. We will see examples of its use in Sections 4.1, 5.1, and 5.2.
Drugi pristup za otkrivanje pogrešaka dolazi do izražaja putem Interneta checksum. Iako se ne koristi na link razini, ona ipak nudi istu vrstu funkcionalnosti kao CRCs i pariteta, tako da smo to raspraviti ovdje. Vidjet ćemo primjere njegova uporaba u odjeljcima 4.1, 5.1, i 5.2.

The idea behind the Internet checksum is very simple - you add up all the words that are transmitted and then transmit the result of that sum. The result is called the checksum. The receiver performs the same calculation on the received data and compares the result with the received checksum. If any transmitted data, including the checksum itself, is corrupted, then the results will not match, so the receiver knows that an error occurred.
Ideja Interneta ček je vrlo jednostavan - što dodate sve riječi koje se prenose, a zatim prenijeti rezultat tog iznosa. Rezultat se zove ček. Prijemnik izvodi isti izračun na dostavljene podatke i uspoređuje rezultat s dobivenim checksum. Ako je bilo prenijeti podatke, uključujući ček sama, je oštećen, onda rezultati ne odgovaraju, tako da prijemnik zna da je do pogreške.

You can imagine many different variations on the basic idea of a checksum. The exact scheme used by the Internet protocols works as follows. Consider the data being check-summed as a sequence of 16-bit integers. Add them together using 16-bit ones complement arithmetic (explained below) and then take the ones complement of the result. That 16-bit number is the checksum.
Možete zamisliti mnogo različitih varijacija na osnovnu ideju o checksum. Točan shema koristi Internet protokole radova kako slijedi. Razmislite podataka koji se check-sažeo kao niz 16-bitni cijeli brojevi. Dodajte ih zajedno koristeći 16-bitni komplement one aritmetički (objašnjeno u nastavku), a zatim poduzeti one komplement rezultat. Taj 16-bitni broj je checksum.

In ones complement arithmetic, a negative integer (x is represented as the complement of x, that is, each bit of x is inverted. When adding numbers in ones complement arithmetic, a carryout from the most significant bit needs to be added to the result. Consider, for example, the addition of (5 and (3 in ones complement arithmetic on 4-bit integers: +5 is 0101, so (5 is 1010; +3 is 0011, so (3 is 1100. If we add 1010 and 1100 ignoring the carry, we get 0110. In ones complement arithmetic, the fact that this operation caused a carry from the most significant bit causes us to increment the result, giving 0111, which is the ones complement representation of (8 (obtained by inverting the bits in 1000), as we would expect.
U one nadopunjuju aritmetika, negativni cijeli broj ( x predstavlja kao komplement od x, to jest, svako malo od x je obrnut. Kod dodavanja brojeva u aritmetici one nadopunjuju, jedna carryout od najznačajnijih malo treba dodati na rezultat. Razmotrimo, na primjer, dodatak ( ( 5 i 3 u one nadopunjuju aritmetici na 4-bitni cijeli brojevi: 5 je 0101, pa ( 5 je 1010, tri je 0011, pa ( 3 je 1100. Dodamo li 1010 i 1100 ignoriranje nositi, dobili smo 0110. U one nadopunjuju aritmetika, činjenica da je ovaj rad prouzročio nositi od najznačajnijih malo nas dovodi do povećanja rezultat, dajući 0111, koji je one dopuna zastupljenost ( 8 (dobivene preokretanjem bitova u 1000), kako bismo očekuju.

The following routine gives a straightforward implementation of the Internet’s checksum algorithm. The count argument gives the length of buf measured in 16-bit units. The routine assumes that buf has already been padded with 0s to a 16-bit boundary.
Sljedeći rutinske daje jednostavan provedbu internet checksum algoritam. Grof argument daje duljinu buf mjeriti u 16-bitni jedinica. Rutina pretpostavlja da buf već podstavljene s 0s na 16-bitni granica.

This code ensures that the calculation uses ones complement arithmetic, rather than the twos complement that is used in most machines. Note the if statement inside the while loop. If there is a carry into the top 16 bits of sum, then we increment sum just as in the previous example.
Ovaj kod osigurava da je izračun koristi one nadopunjuju aritmetika, nego dvojke komplementa koji se koristi u većini računala. Napomena, ako izjavi unutar while petlje. Ako postoji nositi u Top 16 bita sume, onda prirast iznos kao u prethodnom primjeru.

Compared to our repetition code, this algorithm scores well for using a small number of redundant bits - only 16 for a message of any length - but it does not score extremely well for strength of error detection. For example, a pair of single-bit errors, one of which increments a word and one of which decrements another word by the same amount, will go undetected. The reason for using an algorithm like this in spite of its relatively weak protection against errors (compared to a CRC, for example) is simple: This algorithm is much easier to implement in software. Experience in the ARPANET suggested that a checksum of this form was adequate. One reason it is adequate is that this checksum is the last line of defense in an end-to-end protocol; the majority of errors are picked up by stronger error detection algorithms, such as CRCs, at the link level.
U usporedbi s našim ponavljanje koda, ovaj algoritam rezultate i za korištenje mali broj suvišnih bita - samo 16 za poruku bilo koje duljine - ali to nije rezultat iznimno dobro za snagu otkrivanje pogrešaka. Na primjer, par jednobitni pogrešaka, od kojih jedan koracima riječ i od kojih je jedan decrements druge riječi za isti iznos, neće proći neopaženo. Razlog za korištenje algoritma kao što je ovaj, unatoč relativno slaba zaštita od pogrešaka (u usporedbi s CRC, na primjer) je jednostavan: Ovaj algoritam je mnogo lakše provesti u softver. Iskustvo u ARPANET predložio da checksum ovog obrasca bila odgovarajuća. Jedan od razloga je adekvatna je ček da je posljednja linija obrane u end-to-end protokol, većina grešaka se pokupila jači algoritmi otkrivanje pogrešaka, kao što su CRCs, na link razini.

2.4.3 Cyclic Redundancy Check
1.4.3. 2.4.3 Provjera Cikličke Zalihosti

It should be clear by now that a major goal in designing error detection algorithms is to maximize the probability of detecting errors using only a small number of redundant bits. Cyclic redundancy checks use some fairly powerful mathematics to achieve this goal. For example, a 32-bit CRC gives strong protection against common bit errors in messages that are thousands of bytes long. The theoretical foundation of the cyclic redundancy check is rooted in a branch of mathematics called finite fields. While this may sound daunting, the basic ideas can be easily understood.
To bi trebalo biti jasno da je do sada glavni cilj u projektiranju algoritmi otkrivanje pogrešaka je kako bi se povećala vjerojatnost otkrivanja grešaka koristeći samo mali broj suvišnih bita. Provjera cikličke zalihosti koristiti neke prilično moćan matematike za postizanje tog cilja. Na primjer, 32-bitni CRC daje snažnu zaštitu protiv uobičajenih malo pogreške u poruke koje su tisuće bajtova dugo. Teorijska osnova provjera cikličke zalihosti je ukorijenjen u granu matematike zove konačnih polja. Dok je ovaj svibanj zvuk obeshrabljujući, osnovne ideje mogu lako razumjeti.

To start, think of an (n + 1)-bit message as being represented by an n degree polynomial, that is, a polynomial whose highest-order term is xn. The message is represented by a polynomial by using the value of each bit in the message as the coefficient for each term in the polynomial, starting with the most significant bit to represent the highest-order term. For example, an 8-bit message consisting of the bits 10011010 corresponds to the polynomial
Za početak, mislim na (n + 1)-bitni poruku kao zastupa polinoma stupnja n, koji je, polinom čiji je najviši izraz reda je xn. Je poruka predstavlja polinom pomoću vrijednost svakog bita u poruci kao koeficijent za svaki termin u polinoma, počevši s najznačajnijom malo predstavljaju najviši izraz reda. Na primjer, 8-bitni poruka se sastoji od bitova 10011010 odgovara polinoma

M(x) = 1 ( x7 + 0 ( x6 + 0 ( x5 + 1 ( x4 + 1 ( x3 + 0 ( x2 +1 ( x1 + 0 ( x0 = x7 + x4 + x3 + x1.

We can thus think of a sender and a receiver as exchanging polynomials with each other.
Stoga mogu misliti na pošiljatelja i primatelja razmjene kao polinomi jedni s drugima.

For the purposes of calculating a CRC, a sender and receiver have to agree on a divisor polynomial, C(x). C(x) is a polynomial of degree k. For example, suppose C(x) = x3 + x2 + 1. In this case, k = 3. The answer to the question "Where did C(x) come from?" is, in most practical cases, "You look it up in a book." In fact, the choice of C(x) has a significant impact on what types of errors can be reliably detected, as we discuss below. There are a handful of divisor polynomials that are very good choices for various environments, and the exact choice is normally made as part of the protocol design. For example, the Ethernet standard uses a well-known polynomial of degree 32.
Za potrebe izračunavanja CRC, a pošiljatelj i primatelj moraju dogovoriti o djelitelju polinom, C (x). C (x) je polinom stupnja k. Na primjer, pretpostavimo da C (x) = x3 + x2 + 1. U tom slučaju, k = 3. Odgovor na pitanje: "Gdje je C (x) dolaze iz?" je, u većini praktičnih slučajeva, "Vi ste ga pogledati u knjizi." U stvari, izbor C (x) ima značajan utjecaj na ono što vrste pogrešaka mogu pouzdano utvrditi, kao što smo razgovarali u nastavku. Postoji pregršt djelitelj polinoma koji su vrlo dobar izbor za različitim sredinama, a točan izbor obično je izrađen kao dio protokola dizajna. Na primjer, Ethernet standard koristi dobro poznati polinom stupnja 32.

When a sender wishes to transmit a message M(x) that is n + 1 bits long, what is actually sent is the (n + 1)-bit message plus k bits. We call the complete transmitted message, including the redundant bits, P(x). What we are going to do is contrive to make the polynomial representing P(x) exactly divisible by C(x); we explain how this is achieved below. If P(x) is transmitted over a link and there are no errors introduced during transmission, then the receiver should be able to divide P(x) by C(x) exactly, leaving a remainder of zero. On the other hand, if some error is introduced into P(x) during transmission, then in all likelihood the received polynomial will no longer be exactly divisible by C(x), and thus the receiver will obtain a nonzero remainder implying that an error has occurred.
Kada pošiljatelj želi poslati poruku M (x) da je n + 1 bita dug, što je zapravo poslao je (n + 1)-bitnu poruku plus k bitova. Zovemo kompletan prenose poruke, uključujući i suvišne bita, P (x). Ono što mi jesu idući u obaviti je izmisliti da bi polinoma predstavljaju P (x) djeljiv točno C (x), a mi objasniti kako se to postiže u nastavku. Ako je P (x) se prenosi preko veze i nema pogrešaka uvedena tijekom prijenosa, a zatim prijemnik bi trebao biti u stanju podijeliti P (x) C (x) točno, ostavljajući ostatak nula. S druge strane, ako se neke pogreške, uvodi se u P (x) tijekom prijenosa, onda po svemu sudeći primljenih polinom više neće biti točno djeljiv C (x), a time i prijemnik će dobiti ostatak od nule što znači da greška je došlo.

It will help to understand the following if you know a little about polynomial arithmetic; it is just slightly different from normal integer arithmetic. We are dealing with a special class of polynomial arithmetic here, where coefficients may be only one or zero, and operations on the coefficients are performed using modulo 2 arithmetic. This is referred to as polynomial arithmetic modulo 2. Since this is a networking book, not a mathematics text, let’s focus on the key properties of this type of arithmetic for our purposes (which we ask you to accept on faith):
To će pomoći da razumiju sljedeće, ako znate malo o polinom aritmetika, to je samo malo drugačiji od normalnog cijeli aritmetika. Radi se o posebnom klase polinoma aritmetike ovdje, gdje se koeficijenti mogu biti samo jedan ili nula, i operacije na koeficijenti su provedena pomoću modulo 2 aritmetika. To se naziva polinoma modulo 2 aritmetika. Budući da je ovo umrežavanje knjiga, a ne matematike tekst, neka je fokus na ključne osobine ovog tipa aritmetičkih za naše potrebe (što od vas tražimo da prihvatiti na vjeru):

Any polynomial B(x) can be divided by a divisor polynomial C(x) if B(x) is of higher degree than C(x);
• Svaki polinom B (x) može se podijeliti po djelitelj polinom C (x) ako B (x) je viši stupanj nego C (x);

Any polynomial B(x) can be divided once by a divisor polynomial C(x) if B(x) is of the same degree as C(x);
• Svaki polinom B (x) može se podijeliti nakon što je djelitelj polinom C (x) ako B (x) je istog stupnja kao i C (x);

The remainder obtained when B(x) is divided by C(x) is obtained by subtracting C(x) from B(x);
• Ostatak dobiti kada B (x) podijeljen je C (x) dobiva se oduzimanjem C (x) od B (x);

To subtract C(x) from B(x), we simply perform the exclusive-OR (XOR) operation on each pair of matching coefficients.
• za oduzimanje C (x) od B (x), mi jednostavno obavljati isključivo-ILI (XOR) rad na svaki par podudaranja koeficijenata.

For example, the polynomial x3 + 1 can be divided by x3 + x2 + 1 (because they are both of degree 3) and the remainder would be 0 ( x3 + 1 ( x2 + 0 ( x1 + 0 ( x0 = x2 (obtained by XORing the coefficients of each term). In terms of messages, we could say that 1001 can be divided by 1101 and leaves a remainder of 0100. You should be able to see that the remainder is just the bitwise exclusive-OR of the two messages.
Na primjer, polinom X3 + 1 može biti podijeljena x3 + x2 + 1 (jer su obje stupanj 3), a ostatak će biti 0 ( x3 + 1 ( x2 + 0 + 0 ( x1 = x2 x0 ( (dobivene po XORing koeficijenti svaki izraz). U smislu poruke, mogli bismo reći da 1001 može biti podijeljeno 1101 i ostavlja ostatak 0100. Trebali biste biti u mogućnosti vidjeti da se ostatak je samo bitovni ekskluzivni-ili o dvije poruke.

Now that we know the basic rules for dividing polynomials, we are able to do long division, which is necessary to deal with longer messages. An example appears below.
Sada znamo da osnovna pravila za dijeljenje polinoma, u mogućnosti smo napraviti duge podjele, što je nužno kako bi se bavio s više poruka. Pojavljuje, na primjer u nastavku.

Recall that we wanted to create a polynomial for transmission that is derived from the original message M(x), is k bits longer than M(x), and is exactly divisible by C(x). We can do this in the following way:
Sjetite se da smo htjeli stvoriti polinom za prijenos koji je izveden iz izvorne poruke M (x), je k bitova duže od M (x), a upravo je djeljiv s C (x). Možemo to učiniti na sljedeći način:

Multiply M(x) by xk, that is, add k zeros at the end of the message. Call this zero-extended message T(x).
1. Pomnoži M (x) po XK, koji je, k dodati nule na kraju poruke. Nazovite ovaj nula proširenog T poruka (x).

Divide T(x) by C(x) and find the remainder.
2. Podijelite T (x) C (x) i pronaći ostatak.

Subtract the remainder from T(x).
3. Oduzmi ostatak od T (x).

It should be obvious that what is left at this point is a message that is exactly divisible by C(x). We may also note that the resulting message consists of M(x) followed by the remainder obtained in step 2, because when we subtracted the remainder (which can be no more than k bits long), we were just XORing it with the k zeros added in step 1. This part will become clearer with an example.
Trebalo bi biti očito da je ono što je ostalo u ovom trenutku je poruku da je točno djeljiv C (x). Također možemo primijetiti da rezultirajući poruka sastoji od M (x) slijedi ostatak dobiti u 2. koraku, jer kad smo oduzme ostatak (koja može biti više od k bitova dugo), samo su ga XORing s k nula dodano u 1. koraku. Ovaj dio će postati jasnije uz primjer.

Consider the message x7 + x4 + x3 + x1, or 10011010. We begin by multiplying by x3, since our divisor polynomial is of degree 3. This gives 10011010000. We divide this by C(x), which corresponds to 1101 in this case. Figure 2.20 shows the polynomial long-division operation.
Razmislite poruka x7 + x4 + x3 + x1, ili 10.011.010. Mi počinjemo od množenjem x3, jer naš djelitelj polinom je stupnja 3. To daje 10011010000. Se dijele tako da C (x), što odgovara 1101 u ovom slučaju. Slika prikazuje 2,20 polinom dugo podjele rada.

Figure 2.20 CRC calculation using polynomial long division.
Slika 2.20 CRC izračunavanje pomoću polinoma duge podjele.

Given the rules of polynomial arithmetic described above, the long division operation proceeds much as it would if we were dividing integers. Thus, in the first step of our example, we see that the divisor 1101 divides once into the first four bits of the message (1001), since they are of the same degree, and leaves a remainder of 100 (1101 XOR 1001). The next step is to bring down a digit from the message polynomial until we get another polynomial with the same degree as C(x), in this case 1001. We calculate the remainder again (100) and continue until the calculation is complete. Note that the "result" of the long division, which appears at the top of the calculation, is not really of much interest - it is the remainder at the end that matters.
S obzirom na pravila polinoma aritmetike je gore opisano, duge podjele rada prihod koliko bi, ako smo bili dijeljenjem prirodnih brojeva. Dakle, u prvom koraku našem primjeru, vidimo da djelitelj dijeli 1101 jednom u prva četiri bita poruke (1001), jer su isti stupanj, te ostavlja ostatak od 100 (1101 XOR 1001). Sljedeći korak je donijeti dolje znamenka iz poruke polinoma dok mi dobiti drugi polinom s istim stupnjem što je C (x), u ovom slučaju 1001. Kako izračunavamo ostatak opet (100) i nastaviti sve dok se ne završi obračun. Imajte na umu da je "rezultat" na duge podjele, koji se pojavljuje na vrhu proračuna, zapravo i nije puno interesa - to je ostatak na kraju što je bitno.

You can see from the very bottom of figure 2.20 that the remainder of the example calculation is 101. So we know that 10011010000 minus 101 would be exactly divisible by C(x), and this is what we send. The minus operation in polynomial arithmetic is the logical XOR operation, so we actually send 10011010101. As noted above, this turns out to be just the original message with the remainder from the long-division calculation appended to it. The recipient divides the received polynomial by C(x) and, if the result is 0, concludes that there were no errors. If the result is nonzero, it may be necessary to discard the corrupted message; with some codes, it may be possible to correct a small error (e.g., if the error affected only one bit). A code that enables error correction is called an error correcting code (ECC).
Možete vidjeti iz samog dna figure 2,20 koja ostatak primjer izračuna je 101. Tako znamo da 10011010000 minus 101 će biti točno djeljiv C (x), i to je ono što mi poslati. Minus operacije u aritmetici polinom je logičan XOR operacije, tako da smo zapravo poslati 10011010101. Kao što je navedeno gore, to ispada da se samo izvornu poruku s ostatkom iz dugo-podjela izračun dodaje na nju. Primatelj dijeli primio polinom C (x) i, ako je rezultat 0, zaključuje da nije bilo pogreške. Ako je rezultat različit od nule, možda će biti potrebno odbaciti korumpiran poruku, s nekim koda, on svibanj biti moguće ispraviti malu pogrešku (npr., ako se pogreška utječe samo jedan bit). Kod koji omogućuje ispravljanje pogrešaka se zove kod za ispravljanje pogrešaka (ECC).

Now we will consider the question of where the polynomial C(x) comes from. Intuitively, the idea is to select this polynomial so that it is very unlikely to divide evenly into a message that has errors introduced into it. If the transmitted message is P(x), we may think of the introduction of errors as the addition of another polynomial E(x), so the recipient sees P(x) + E(x). The only way that an error could slip by undetected would be if the received message could be evenly divided by C(x), and since we know that P(x) can be evenly divided by C(x), this could only happen if E(x) can be divided evenly by C(x). The trick is to pick C(x) so that this is very unlikely for common types of errors.
Sada ćemo razmotriti pitanje gdje polinoma C (x) dolazi iz. Intuitivno, ideja je da odaberete ovaj polinom tako da je vrlo vjerojatno da će podijeliti ravnomjerno na poruku koja sadrži pogreške unoseći u nju. Ako se prenosi poruka je P (x), možemo razmišljati o uvođenju grešaka kao dodatak još jednog polinoma E (x), tako da primatelj vidi P (x) + E (x). Jedini način da se pogreška mogla promaći nezapažen bi se, ako je primljena poruka može biti ravnomjerno podijeljena C (x), a budući da znamo da je P (x) može biti ravnomjerno podijeljena C (x), to se moglo dogoditi jedino ako E (x) može se podijeliti ravnomjerno C (x). Trik je da odaberete C (x), tako da je to vrlo vjerojatno za uobičajene vrste pogrešaka.

One common type of error is a single-bit error, which can be expressed as E(x) = x’ when it affects bit position i. If we select C(x) such that the first and the last term are nonzero, then we already have a two-term polynomial that cannot divide evenly into the one term E(x). Such a C(x) can, therefore, detect all single-bit errors. In general, it is possible to prove that the following types of errors can be detected by a C(x) with the stated properties:
Jedan od uobičajenih tip greške je jedna pogreška bita, što se može izraziti kao E (x) = x ', kada to utječe malo položaj i. Ako smo odabrali C (x) takav da je prvi i zadnji rok su od nule, onda već imamo dva pojam polinoma koji se ne može podijeliti ravnomjerno na jedan termin E (x). Takav C (x) može se, stoga, otkriti sve jednobitni pogreške. Općenito, moguće je dokazati da sljedeće vrste pogrešaka mogu otkriti C (x) s navedenim svojstvima:

All single-bit errors, as long as the xk and x0 terms have nonzero coefficients;
• Svi jednobitni pogreške, kao čeznuti kao te XK x0 termini imaju različit od nule koeficijenata;

All double-bit errors, as long as C(x) has a factor with at least three terms;
• Sve dvokrevetne-bitne pogreške, kao čeznuti kao C (x) ima faktor s najmanje tri mandata;

Any odd number of errors, as long as C(x) contains the factor (x + 1);
• Svaki neparni broj pogrešaka, kao čeznuti kao C (x) sadrži faktor (x + 1);

Any "burst" error (i.e., sequence of consecutive errored bits) for which the length of the burst is less than k bits. (Most burst errors of larger than k bits can also be detected.)
• Svaki "burst" greška (tj. niz uzastopnih errored bitova) za koje je duljina praska je manji od k bitova. (Većina praska pogreške veće od k bitova može biti otkriven.)

Six versions of C(x) are widely used in link-level protocols (shown in Table 2.5).
Šest verzije C (x) su naširoko koristi u vezu razine protokola (prikazano u tablici 2.5).

Table 2.5 Common CRC polynomials.
Tablica 2.5 Zajednički CRC polinomi.

For example, the Ethernet and 802.5 networks described later in this chapter use CRC-32, while HDLC uses CRC-CCITT. ATM, as described in Chapter 3, uses CRC-8, CRC-10, and CRC-32.
Na primjer, Ethernet i 802,5 mreže opisane kasnije u ovom poglavlju koristiti CRC-32, dok je HDLC koristi CRC-CCITT. Bankomata, kao što je opisano u poglavlju 3, koristi CRC-8, CRC-10, i CRC-32.

Finally, we note that the CRC algorithm, while seemingly complex, is easily implemented in hardware using a k-bit shift register and XOR gates. The number of bits in the shift register equals the degree of the generator polynomial (k). Figure 2.21 shows the hardware that would be used for the generator x3 + x2 + 1 from our previous example.
Na kraju, imajte na umu da CRC algoritam, dok je naizgled složen, lako se provodi u hardveru pomoću registar k-bitni pomak i XOR vrata. Broj bitova u smjeni registar jednak je stupnju generator polinom (k). Slika 2.21 pokazuje hardver koji će se koristiti za generator x3 + x2 + 1 iz naše prethodnom primjeru.

Figure 2.21 CRC calculation using shift register.
Slika 2.21 CRC izračunavanje pomoću shift registar.

The message is shifted in from the left, beginning with the most significant bit and ending with the string of k zeros that is attached to the message, just as in the long-division example. When all the bits have been shifted in and appropriately XORed, the register contains the remainder, that is, the CRC (most significant bit on the right). The position of the XOR gates is determined as follows: If the bits in the shift register are labeled 0 through k ( 1, left to right, then put an XOR gate in front of bit n if there is a term xn in the generator polynomial. Thus, we see an XOR gate in front of positions 0 and 2 for the generator x3 +x2 +x0.
Poruka je pomaknut na slijeva, počevši od najznačajniji bit, a završava s nizom k nula koji je priključen na poruke, upravo kao iu dugo-podjela primjer. Kad se svi komadići su pomaknuti u i na odgovarajući način XORed, registar sadrži ostatak, koji je, CRC (najznačajniji malo na desno). Položaj XOR vrata određuje se kako slijedi: Ako su komadići u posmični spremnik s oznakom 0 do k ( 1, s lijeva na desno, a zatim staviti XOR vrata pred malo n ako postoji pojam xn u generator polinom . Dakle, vidimo XOR vrata ispred pozicijama 0 i 2 za generator x3 + x2 + x0.

Simple Probability Calculations
1.4.3.1. Jednostavan Vjerojatnost Izračuni

When dealing with network errors and other unlikely (we hope) events, we often have use for simple back-of-the-envelope probability estimates. A useful approximation here is that if two independent events have small probabilities p and q, then the probability of either event is p + q; the exact answer is 1 ( (1 ( p)(1 ( q) = p + q – pq. For p = q = 0.01, this estimate is 0.02, while the exact value is 0.0199.
Kad se bave sa mrežom grešaka i ostale vjerojatno (nadamo se) događanja, mi često koristiti za jednostavne back-of-the-omotnicu probability procjene. Korisno aproksimacija ovdje je da ako dva nezavisna događaja su male vjerojatnosti p i q, onda je vjerojatnost svakom slučaju je p + q, točan odgovor je 1 ( (1 ( p) (1 ( q) = p + q - PQ . Za p = q = 0,01, ova procjena je 0,02, dok je točna vrijednost je 0,0199.

For a simple application of this, suppose that the per-bit error rate on a link is 1 in 107. Now suppose we are interested in estimating the probability of at least one bit in a 10,000-bit packet being errored. Using the above approximation repeatedly over all the bits, we can say that we are interested in the probability of either the first bit being errored, or the second bit, or the third, and so on. Assuming bit errors are all independent (which they aren't), we can therefore estimate that the probability of at least one error in a 10000-bit (104 bit) packet is 104 ( 10(7 = 10(3. The exact answer, computed as 1 – P(no errors), would be 1 ( (1 ( 10(7)10000 = 0.00099950.
Za jednostavne primjene ovoga, pretpostavljam da je stopa po-pogreška bita na link je 1 u 107. Sada pretpostavimo da smo zainteresirani za procjenu vjerojatnosti barem jedan zalogaj u 10.000-bitni paket se errored. Primjenom navedenih aproksimacija navrata tijekom svih bitova, možemo reći da smo zainteresirani za vjerojatnost bilo prvi zalogaj bude errored, ili drugi bitni, ili treći, i tako dalje. Uz pretpostavku da znaš pogreške su neovisni (što nisu), možemo, dakle, može procijeniti da je vjerojatnost da barem jedna pogreška u 10000-bit (104 bit) paket je 104 ( 10 ( 7 = 10 ( 3. Točan odgovor, računaju kao 1 - P (bez pogreške), će biti 1 ( (1 ( ( 10 7) 10000 = 0,00099950.

For a slightly more complex application, we compute the probability of exactly two errors in such a packet; this is the probability of an error that would sneak past a 1-parity-bit checksum. If we consider two particular bits in the packet, say bit i and bit j, the probability of those exact bits being errored is 10(7 ( 10(7. Now the total number of possible bit pairs in the packet is
Za nešto složeniji program, mi izračunati vjerojatnost točno dvije pogreške na takav paket, to je vjerojatnost pogreške da bi doušnik prošlosti 1-pariteta-bitni checksum. Uzmemo li u obzir dvije posebno bitova u paketu, recimo malo ja i malo j, vjerojatnost onih točan bitova se errored je 10 ( 7 ( 10 ( 7. Sada je ukupan broj mogućih malo parova u paket je

So again using the approximation of repeatedly adding the probabilities of many rare events (in this case, of any possible bit pair being errored), our total probability of at least two errored bits is 5 ( 107 ( 10(14 = 5 ( 10(7.
Tako ponovo koristeći usklađivanju navrata dodavanje vjerojatnosti mnogih rijetkih događaja (u ovom slučaju, bilo moguće malo para se errored), naša ukupna vjerojatnost barem dva errored bita je 5 ( 107 ( 10 ( 14 = 5 ( 10 ( 7.

Error Detection or Error Correction?
1.4.3.2. Otkrivanje pogreške ili za ispravljanje pogrešaka?

We have mentioned that it is possible to use codes that not only detect the presence of errors but also enable errors to be corrected. Since the details of such codes require yet more complex mathematics than that required to understand CRCs, we will not dwell on them here. However, it is worth considering the merits of correction versus detection.
Spomenuli smo da je moguće koristiti šifre koje ne samo otkriti prisutnost pogrešaka ali i omogućiti greške biti ispravljene. Od pojedinosti takvih kodova zahtijevaju još složeniji matematike nego da traži da razumije CRCs, nećemo živjeti na njih ovdje. Međutim, to vrijedi s obzirom na zasluge korekcije u odnosu na otkrivanje.

At first glance, it would seem that correction is always better, since with detection we are forced to throw away the message and, in general, ask for another copy to be transmitted. This uses up bandwidth and may introduce latency while waiting for the retransmission. However, there is a downside to correction: It generally requires a greater number of redundant bits to send an error correcting code that is as strong (that is, able to cope with the same range of errors) as a code that only detects errors. Thus, while error detection requires more bits to be sent when errors occur, error correction requires more bits to be sent all the time. As a result, error correction tends to be most useful when:
Na prvi pogled, čini se da je korekcija je uvijek bolje, jer uz otkrivanje smo prisiljeni odbaciti poruku i, općenito, pitati za još jedan primjerak koji se prenose. Ovaj koristi se propusnost i latencije može uvesti dok čekaju emitiranje. Međutim, tu je downside da ispravak: To je obično zahtijeva veći broj bita viška da pošalje kod za ispravljanje pogrešaka koji je kao jaka (da je, u mogućnosti nositi se s isti raspon pogrešaka) kao kod koji samo prepoznaje pogreške. Dakle, dok je otkrivanje pogreške zahtijeva više bitova koji će biti poslan kada dolazi do pogrešaka, ispravljanjem pogrešaka zahtijeva više bitova koji će biti poslan sve vrijeme. Kao rezultat toga, za ispravljanje pogrešaka, tendira da bude najkorisniji kada:

errors are quite probable, as they may be, for example, in a wireless environment, or
(1) Pogreške su vrlo vjerojatno, kao i oni svibanj biti, na primjer, u bežični okruženju, ili

the cost of retransmission is too high, for example, because of the latency involved retransmitting a packet over a satellite link.
(2) troškovi preuzimanju je previsoka, na primjer, zbog latencija uključeni ponovno pokuša poslati paket preko satelitske veze.

The use of error correcting codes in networking is sometimes referred to as forward error correction (FEC) because the correction of errors is handled "in advance" by sending extra information, rather than waiting for errors to happen and dealing with them later by retransmission.
Korištenje kodova za ispravljanje pogrešaka u umrežavanje ponekad se spominju kao unaprijedno ispravljanje pogrješke (FEC) zbog ispravak grešaka rukuje "unaprijed" slanjem dodatnih informacija, umjesto da čeka za greške se dogoditi, a bave se s njima kasnije emitiranje.

2.5 Reliable Transmission
1,5. 2,5 POUZDANI PRIJENOS
As we saw in the previous section, frames are sometimes corrupted while in transit, with an error code like CRC used to detect such errors. While some error codes are strong enough also to correct errors, in practice the overhead is typically too large to handle the range of bit and burst errors that can be introduced on a network link. Even when error correcting codes are used (e.g., on wireless links) some errors will be too severe to be corrected. As a result, some corrupt frames must be discarded. A link-level protocol that wants to deliver frames reliably must somehow recover from these discarded (lost) frames.
Kao što smo vidjeli u prethodnom odjeljku, okviri ponekad su oštećene, dok je u tranzitu, uz pogreške kod poput HCK koristi za otkrivanje takve greške. Dok se neke pogreške, kodovi su dovoljno jaki i za ispravljanje pogrešaka, u praksi je obično iznad prevelik za nositi niz i malo praska pogreške koje mogu biti uvedene na mrežne veze. Čak i kada za ispravljanje pogrešaka kodovi se koriste (npr., na bežične veze) neke pogreške biti previše teška da se ispraviti. Kao rezultat toga, neki korumpirani okviri moraju biti odbačena. Link na razini protokola koji želi da dostavi okvira pouzdano mora nekako se oporavi od tih odbačenih (izgubljen) okvira.

This is usually accomplished using a combination of two fundamental mechanisms - acknowledgments and timeouts. An acknowledgment (ACK for short) is a small control frame that a protocol sends back to its peer saying that it has received an earlier frame. By control frame we mean a header without any data, although a protocol can piggyback an ACK on a data frame it just happens to be sending in the opposite direction. The receipt of an acknowledgment indicates to the sender of the original frame that its frame was successfully delivered. If the sender does not receive an acknowledgment after a reasonable amount of time, then it retransmits the original frame. This action of waiting a reasonable amount of time is called a timeout.
To se obično postiže kombinacijom dviju temeljnih mehanizama - priznanja i vremenska ograničenja. Priznanje (ACK za kratko) je mali okvir kontrola da je protokol šalje natrag u svoj kolega rekao da je primio ranije okvir. Po kontrole okvira mislimo na zaglavlje bez ikakvih podataka, iako je protokol može piggyback ACK na podacima okvir je samo dogodi da se šalju u suprotnom smjeru. Primitka potvrde ukazuje na pošiljatelju originalnog okvira da je njegov okvir je uspješno isporučen. Ako pošiljalac ne primi potvrdu nakon razumnog vremena, onda je to šalje ponovno originalni okvir. Ova akcija čekanja razumnu količinu vremena se zove vremenska kontrola.

The general strategy of using acknowledgments and timeouts to implement reliable delivery is sometimes called automatic repeat request (normally abbreviated ARQ). This section describes three different ARQ algorithms using generic language, that is, we do not give detailed information about a particular protocol’s header fields.
Općom strategijom korištenja priznanja i vremenska ograničenja za provedbu pouzdane isporuke ponekad se naziva automatski zahtjev za ponavljanje (obično skraćeno ARQ). Ovo poglavlje opisuje tri različita ARQ algoritmi koriste generičke jezik, to jest, mi ne daju detaljne informacije o određenom protokolu zaglavlja polja.

2.5.1 Stop-and-Wait
1.5.1. 2.5.1 Stani-i-Čekaj

The simplest ARQ scheme is the stop-and-wait algorithm. The idea of stop-and-wait is straightforward: After transmitting one frame, the sender waits for an acknowledgment before transmitting the next frame. If the acknowledgment does not arrive after a certain period of time, the sender times out and retransmits the original frame.
Najjednostavniji ARQ shema je stop-i-čekati algoritam. Ideja o stop-i-čekati je jednostavan: Nakon prijenosa jednog okvira, pošiljatelj čeka potvrdu prije prijenosa sljedeći okvir. Ako potvrda ne dođe nakon određenog vremena, izvan vremena i pošiljatelj šalje ponovno originalni okvir.

Figure 2.22 illustrates four different scenarios that result from this basic algorithm.
Slika 2.22 ilustrira četiri različita scenarija koji proizlaze iz ovog osnovnog algoritma.

Figure 2.22 Timeline showing four different scenarios for the stop-and-wait algorithm, (a) The ACK is received before the timer expires; (b) the original frame is lost; (c) the ACK is lost; (d) the timeout fires too soon.
Slika 2.22 Timeline prikazuje četiri različita scenarija za stop-and-čekati algoritam, (a) ACK je primio prije isteka vremena, (b) originalni okvir je izgubio; (c) ACK je izgubio, (d) timeout požari prerano.

This figure is a timeline, a common way to depict a protocol’s behavior (see also the sidebar on this sort of diagram). The sending side is represented on the left, the receiving side is depicted on the right, and time flows from top to bottom. Figure 2.22(a) shows the situation in which the ACK is received before the timer expires, (b) and (c) show the situation in which the original frame and the ACK, respectively, are lost, and (d) shows the situation in which the timeout fires too soon. Recall that by "lost" we mean that the frame was corrupted while in transit, that this corruption was detected by an error code on the receiver, and that the frame was subsequently discarded.
Ova slika je datuma, zajednički način prikazuju protokol ponašanja (vidi sidebar na ovu vrstu dijagrama). Slanje strani zastupljena na lijevoj strani, prijamni strani je prikazana na desnoj strani, a vrijeme teče od vrha do dna. Slika 2.22 (jedan) prikazuje situaciju u kojoj ACK je primio prije isteka vremena, (b) i (c) pokazuju situaciju u kojoj izvornom okvir i ACK, odnosno, su izgubljeni, i (d) pokazuje stanje u kojoj je timeout požara prerano. Sjetite se da je "izgubio", što znači da je okvir bio oštećen, dok je u tranzitu, da je to korupcija je otkriven kod pogreške na prijemnik, i da je okvir kasnije je odbačena.

There is one important subtlety
 in the stop-and-wait algorithm. Suppose the sender sends a frame and the receiver acknowledges it, but the acknowledgment is either lost or delayed in arriving. This situation is illustrated in timelines (c) and (d) of figure 2.22. In both cases, the sender times out and retransmits the original frame, but the receiver will think that it is the next frame, since it correctly received and acknowledged the first frame. This has the potential to cause duplicate copies of a frame to be delivered. To address this problem, the header for a stop-and-wait protocol usually includes a 1-bit sequence number - that is, the sequence number can take on the values 0 and 1 - and the sequence numbers used for each frame alternate, as illustrated in Figure 2.23.
Postoji jedna važna suptilnost u stop-and-čekati algoritam. Pretpostavimo da pošiljatelj šalje okvir i prijemnik ne priznaje, ali potvrda ili je izgubljen ili kasni u dolasku. Ova situacija je ilustrirano u vremenskim (c) i (d) figure 2,22. U oba slučaja, izvan vremena i pošiljatelj šalje ponovno originalni okvir, ali prijemnik će misliti da je to sljedeći okvir, jer je ispravno primio i priznao prvi kadar. Ovo ima potencijal da uzrokuje duple kopije okvir koji će biti isporučeni. Kako bi riješio taj problem, zaglavlje za stop-and-čekaju protokol obično uključuje 1-bitni redni broj - to jest, broj slijeda može preuzeti na vrijednosti 0 i 1 - i redoslijed brojeva koristi se za svaki okvir zamjenik, kao i prikazan na slici 2.23.

Figure 2.23 Timeline for stop-and-wait with 1-bit sequence number.
Slika 2.23 Rok za stop-and-čekati s 1-bitni redni broj.

Thus, when the sender retransmits frame 0, the receiver can determine that it is seeing a second copy of frame 0 rather than the first copy of frame 1 and therefore can ignore it (the receiver still acknowledges it, in case the first ACK was lost).
Dakle, kada se pošiljatelj šalje ponovno okvir 0, prijamnik može odrediti da je viđenje drugi primjerak okvira 0, a ne prvi primjerak okvira 1 i stoga mogu zanemariti (prijemnik i dalje ne priznaje, u slučaju da prva ACK bio izgubljen ).

The main shortcoming of the stop-and-wait algorithm is that it allows the sender to have only one outstanding frame on the link at a time, and this may be far below the link’s capacity. Consider, for example, a 1.5-Mbps link with a 45-ms round-trip time. This link has a delay ( bandwidth product of 67.5 Kb, or approximately 8 KB. Since the sender can send only one frame per RTT, and assuming a frame size of 1 KB, this implies a maximum sending rate of 
Glavni nedostatak u stop-and-čekati algoritam je u tome što omogućuje pošiljatelju da imaju samo jedan izvanredan okvir na vezu u vrijeme, i to može biti daleko ispod link sposobnosti. Razmotrimo, na primjer, 1,5 Mbps vezu s 45-ms vrijeme odziva. Ovaj link ima odgode 'pojasne širine od 67,5 Kb, ili oko 8 KB. Budući da se pošiljatelj može poslati samo jedan okvir po RTT, i uz pretpostavku okvira veličine 1 KB, to podrazumijeva maksimalnu slanje stopa

or about one-eighth of the link’s capacity.
ili oko jedne osmine link sposobnosti.

To use the link fully, then, we’d like the sender to be able to transmit up to eight frames before having to wait for an acknowledgment.
Da biste koristili vezu u potpunosti, onda, bismo željeli pošiljatelja biti u mogućnosti prenijeti do osam okvira prije nego da čekaju potvrdu.

The significance of the bandwidth ( delay product is that it represents the amount of data that could be in transit. We would like to be able to send this much data without waiting for the first acknowledgment. The principle at work here is often referred to as keeping the pipe full. The algorithms presented in the following two subsections do exactly this.
Značaj kašnjenja propusnost ( proizvoda je da ono predstavlja količinu podataka koji bi mogli biti u tranzitu. Željeli bismo biti u mogućnosti poslati ovo mnogo podataka bez čekanja za prvi priznanje. Princip je ovdje na djelu je često spominju kao zadržavanje na cijevi pune. Algoritama prikazana u sljedeće dvije podsekcije učiniti upravo to.

Timelines and Packet Exchange Diagrams
1.5.1.1. Rokovi i Packet Exchange Dijagrami

Figures 2.22 and 2.23 are two examples of a frequently-used tool in teaching, explaining, and designing protocols: the timeline or packet exchange diagram. You are going to see many more of them in this book - see Figures 9.12 and 9.16 for more complex examples. They are very useful because they capture visually the behavior over time of a distributed system - something that can be quite hard to analyze. When designing a protocol, you often have to be prepared for the unexpected - a system crashes, a message gets lost, or something that you expected to happen quickly turns out to take a long time. These sorts of diagrams can often help understand what might go wrong in such cases and thus help a protocol designer be prepared for every eventuality.
Slike 2,22 i 2,23 su dva primjera često se koristi alat u nastavi, objašnjavanje i izradi protokola: vremenski ili paket dijagrama izmjene. Ti si idući u vidjeti mnogo više od njih u ovoj knjizi - vidi slikama 9,12 i 9,16 za složenije primjere. Oni su vrlo korisna, jer oni vizualno snimanje ponašanje tijekom vremena distribuiranog sustava - nešto što može biti prilično teško analizirati. Pri projektiranju protokol, često moraju biti spremni za neočekivano - sustav crashes, poruka gubi, ili nešto što vas očekuje da će se dogoditi brzo ispostavi da se dugo vremena. Ove vrste dijagrama često može pomoći shvatiti što bi moglo poći krivo u takvim slučajevima i na taj način pomoći protokol dizajner biti spreman za svaku mogućnost.

2.5.2 Sliding Window
1.5.2. 2.5.2 Klizni Prozor

Consider again the scenario in which the link has a delay ( bandwidth product of 8 KB and frames are of 1-KB size. We would like the sender to be ready to transmit the ninth frame at pretty much the same moment that the ACK for the first frame arrives. The algorithm that allows us to do this is called sliding window, and an illustrative timeline is given in Figure 2.24.
Razmislite ponovo scenarij u kojem ima link odgode 'pojasne širine od 8 KB i okviri su od 1-KB veličine. Željeli pošiljatelja da budu spremni za prijenos deveti frame u ljepušan velik dio isti trenutak da ACK za prvi okvir stigne. Algoritam koji nam omogućava da to učinite je zove klizni prozor, a ilustrativan datuma je dat na slici 2.24.

Figure 2.24 Timeline for the sliding window algorithm.
Slika 2.24 Rok za klizni prozor algoritam.

The Sliding Window Algorithm
1.5.2.1. Klizni prozor Algoritam

The sliding window algorithm works as follows. First, the sender assigns a sequence number, denoted SeqNum, to each frame. For now, let’s ignore the fact that SeqNum is implemented by a finite-size header field and instead assume that it can grow infinitely large. The sender maintains three variables:
Klizni prozor Algoritam radi na sljedeći način. Prvo, pošiljatelj dodjeljuje redni broj, označen SeqNum, za svaki okvir. Za sada, neka je ignorirati činjenicu da SeqNum provodi polju konačnim veličine zaglavlja i umjesto toga pretpostavljamo da može rasti beskonačno velik. Pošiljatelj održava tri varijable:

The send window size, denoted SWS, gives the upper bound on the number of outstanding (unacknowledged) frames that the sender can transmit;
• U slati veličina prozora, označen SWS, daje gornja granica o broju otvorenih (nepriznat) okvira koji pošiljatelja može prenijeti;

LAR denotes the sequence number of the last acknowledgment received and;
• LAR označava redni broj posljednjeg priznanja primili i;

LFS denotes the sequence number of the last frame sent. The sender also maintains the following invariant:
• ARS označava redni broj posljednjeg okvira poslana. Pošiljatelj također održava sljedeće invarijantan:

This situation is illustrated in Figure 2.25.
Ova situacija ilustrirana je na Slici 2.25.

Figure 2.25 Sliding window on sender.
Slika 2.25 klizni prozor na pošiljatelja.

When an acknowledgment arrives, the sender moves LAR to the right, thereby allowing the sender to transmit another frame. Also, the sender associates a timer with each frame it transmits, and it retransmits the frame should the timer expire before an ACK is received. Notice that the sender has to be willing to buffer up to SWS frames since it must be prepared to retransmit them until they are acknowledged.
Kada stigne potvrda, pošiljatelj seli LAR na desnoj strani, čime pošiljatelja prenijeti drugom okviru. Također, pošiljatelj suradnika vremena sa svakim okvirom prenosi, i to šalje ponovno okvir treba vremena isteći prije nego ACK je primio. Obavijest da je pošiljatelj mora biti spreman za tampon do SWS okvira, jer moraju biti spremni na njih prenosimo dok su oni priznali.

The receiver maintains the following three variables:
Prijemnik održava sljedeće tri varijable:

The receive window size, denoted RWS, gives the upper bound on the number of out-of-order frames that the receiver is willing to accept;
• U primati veličina prozora, označen RWS, daje gornja granica na broj od out-of-reda okvira koji je prijemnik spreman prihvatiti;

LAF denotes the sequence number of the largest acceptable frame and;
• laf označava redni broj od najvećih prihvatljiv okvir i;

LFR denotes the sequence number of the last frame received. The receiver also maintains the following invariant:
• LFR označava redni broj posljednjeg okvira primio. Prijemnik je također održava sljedeće invarijantan:

This situation is illustrated in Figure 2.26.
Ova situacija ilustrirana je na Slici 2.26.

Figure 2.26 Sliding window on receiver.
Slika 2.26 klizni prozor na prijemnik.

When a frame with sequence number SeqNum arrives, the receiver takes the following action. If SeqNum ( LFR or SeqNum > LAF, then the frame is outside the receiver’s window and it is discarded. If LFR < SeqNum ( LAF, then the frame is within the receiver’s window and it is accepted. Now the receiver needs to decide whether or not to send an ACK. Let SeqNumToAck denote the largest sequence number not yet acknowledged, such that all frames with sequence numbers less than or equal to SeqNumToAck have been received. The receiver acknowledges the receipt of SeqNumToAck, even if higher-numbered packets have been received. This acknowledgment is said to be cumulative. It then sets LFR = SeqNumToAck and adjusts LAF = LFR + RWS.
Kada se okvir s rednog broja SeqNum stigne, primatelj poduzima sljedeće mjere. Ako SeqNum ( LFR ili SeqNum> laf, onda je izvan okvira prozora prijemnika i to je odbačeno. Ako LFR <SeqNum ( laf, onda okvir je unutar prijemnika prozor i to je prihvaćeno. Sada prijemnik treba odlučiti hoće li ili ne poslati ACK. Neka SeqNumToAck označavaju najveći broj slijeda još uvijek nije priznao, tako da svi okviri s redne brojeve manje od ili jednako SeqNumToAck su primljene. Prijemnik potvrđuje primitak SeqNumToAck, čak i ako je viši brojem paketa su primljene. Ovo priznanje je rekao da se kumulativno. Zatim postavlja LFR = SeqNumToAck i prilagođava laf = LFR + RW.

For example, suppose LFR = 5 (i.e., the last ACK the receiver sent was for sequence number 5), and RWS = 4. This implies that LAF = 9. Should frames 7 and 8 arrive, they will be buffered because they are within the receiver’s window. However, no ACK needs to be sent since frame 6 is yet to arrive. Frames 7 and 8 are said to have arrived out of order. (Technically, the receiver could resend an ACK for frame 5 when frames 7 and 8 arrive.) Should frame 6 then arrive - perhaps it is late because it was lost the first time and had to be retransmitted, or perhaps it was simply delayed
 - the receiver acknowledges frame 8, bumps LFR to 8, and sets LAF to 12. If frame 6 was in fact lost, then a timeout will have occurred at the sender, causing it to retransmit frame 6.
Na primjer, pretpostavimo LFR = 5 (tj. zadnji ACK prijamnik poslao je za redni broj 5), a RWS = 4. To znači da laf = 9. Ukoliko okviri 7 i 8 doći, oni će biti bufferom, jer oni su u roku od prijemnika prozor. Međutim, bez ACK treba biti poslana jer okvir 6 tek dolazi. Okviri 7 i 8 su, rekao je da su stigli iz reda. (Tehnički, prijemnik mogao poslati ACK okvir za 5 kada okviri 7 i 8 stići.) Ako okvir 6 onda stići - možda je to kasno jer je izgubio prvi put i morao je biti retransmitted, ili možda to jednostavno bilo odgođeno - prijemnik priznaje okvir 8, bumps LFR do 8, i postavlja laf do 12 godina. Ako je okvir 6 je u stvari izgubljen, onda timeout će su se dogodile na pošiljatelja, uzrokujući Internet to prenosimo okvir 6.

We observe that when a timeout occurs, the amount of data in transit decreases, since the sender is unable to advance its window until frame 6 is acknowledged. This means that when packet losses occur, this scheme is no longer keeping the pipe full. The longer it takes to notice that a packet loss has occurred, the more severe this problem becomes.
Smo paziti da kada se dogodi timeout, količinu podataka u tranzitu smanjuje, budući da je pošiljatelj nije u mogućnosti da unaprijed svoj prozor dok okvir 6 je priznao. To znači da kada je paketni gubitaka nastaje, ova shema je više ne imajući cijev puni. Što duže traje da se primjetiti da je došlo do gubitka paketa je teže taj problem postaje.

Notice that in this example, the receiver could have sent a negative acknowledgment (NAK) for frame 6 as soon as frame 7 arrived. However, this is unnecessary since the sender’s timeout mechanism is sufficient to catch this situation, and sending NAKs adds additional complexity to the receiver. Also, as we mentioned, it would have been legitimate to send additional acknowledgments of frame 5 when frames 7 and 8 arrived; in some cases, a sender can use duplicate ACKs as a clue that a frame was lost. Both approaches help to improve performance by allowing early detection of packet losses.
Uočite da u ovom primjeru, prijemnik mogao poslati negativna potvrda (NAK) za okvir 6 čim okvir 7 stigao. Međutim, to je nepotrebno jer pošiljatelja timeout mehanizam je dovoljno da se uhvatiti ovu situaciju i slanje NAKs dodaje dodatne složenosti na prijemnik. Također, kao što smo spomenuli, to bi bilo legitimno da pošalju dodatne priznanja okvira 5 kada okviri 7 i 8 je stigao, u nekim slučajevima, pošiljatelj može koristiti duplicirati ACKs kao indicija da je okvir bio izgubljen. Oba pristupa pomoći da poboljšate performanse omogućujući ranu detekciju gubitaka paketa.

Yet another variation on this scheme would be to use selective acknowledgments. That is, the receiver could acknowledge exactly those frames it has received, rather than just the highest-numbered frame received in order. So, in the above example, the receiver could acknowledge the receipt of frames 7 and 8. Giving more information to the sender makes it potentially easier for the sender to keep the pipe full, but adds complexity to the implementation.
Još jedna varijacija na ovu shemu bi se koristiti selektivno priznanja. To je, prijemnik mogao potvrditi upravo tih okvira je primio, a ne samo najviši brojem okvir primljen u red. Dakle, u gornjem primjeru, prijemnik mogao potvrditi primitak okvira 7 i 8. Davanje više informacija pošiljatelju ga čini potencijalno lakšim za pošiljatelja da bi cijev puni, ali dodaje kompleksnost provedbe.

The sending window size is selected according to how many frames we want to have outstanding on the link at a given time; SWS is easy to compute for a given delay ( bandwidth product.
 On the other hand, the receiver can set RWS to whatever it wants. Two common settings are RWS = 1, which implies that the receiver will not buffer any frames that arrive out of order, and RWS = SWS, which implies that the receiver can buffer any of the frames the sender transmits. It makes no sense to set RWS > SWS since it’s impossible for more than SWS frames to arrive out of order.
Slanje veličina prozora se odabire u skladu s koliko okvira želimo da imaju otvorenih na link na određeno vrijeme, SWS je lako izračunati za danu kašnjenja 'propusnost proizvoda. S druge strane, prijemnik može postaviti RWS bez obzira na to želi. Dvije zajedničke postavke su RWS = 1, što znači da prijemnik neće tampon bilo okvira koji dolaze iz reda, i RWS = SWS, što znači da je primatelj može tampon bilo koji od okvira pošiljatelja prenosi. To nema smisla postaviti RWS> SWS budući da je nemoguće za više od SWS okvira doći iz reda.

Finite Sequence Numbers and Sliding Window
1.5.2.2. Konačnih redne brojeve i klizni prozor

We now return to the one simplification we introduced into the algorithm - our assumption that sequence numbers can grow infinitely large. In practice, of course, a frame’s sequence number is specified in a header field of some finite size. For example, a 3-bit field means that there are eight possible sequence numbers, 0 ( 7. This makes it necessary to reuse sequence numbers or, stated another way, sequence numbers wrap around. This introduces the problem of being able to distinguish between different incarnations of the same sequence numbers, which implies that the number of possible sequence numbers must be larger than the number of outstanding frames allowed. For example, stop-and-wait allowed one outstanding frame at a time and had two distinct sequence numbers.
Sada smo se vratili na jednom pojednostavljenja uveli smo u algoritam - naša pretpostavka da je slijed brojeva može rasti beskonačno velik. U praksi, naravno, okvira redni broj je naveden u zaglavlju području neke konačne veličine. Na primjer, 3-bitno polje znači da postoji osam mogućih slijed brojeva, 0 ( 7. To čini da je potrebno ponovno slijed brojeva ili, izjavio je drugi način, u nizu brojeva zaokrenuti. To predstavlja problem bitak u mogućnosti to razlikovati između različitih inkarnacija istog slijeda brojeva, što znači da je broj mogućih slijeda brojeva mora biti veći od broja otvorenih okvira dopuštene. Na primjer, stop-and-čekati dopušteno samo jedan izvanredan okvir na vrijeme i imao je dva različita slijeda brojeva.

Suppose we have one more number in our space of sequence numbers than we have potentially outstanding frames, that is, SWS ( MaxSeqNum ( 1, where MaxSeqNum is the number of available sequence numbers. Is this sufficient? The answer depends on RWR. If RWS = 1, then MaxSeqNum ( SWS + 1 is sufficient. If RWS is equal to SWS, then having a MaxSeqNum just one greater than the sending window size is not good enough. To see this, consider the situation in which we have the eight sequence numbers 0 through 7, and SWS ( RWS = 7. Suppose the sender transmits frames 0 ( 6, they are successfully received, but the ACKs are lost. The receiver is now expecting frames 7, 0 ( 5, but the sender times out and sends frames 0 ( 6. Unfortunately, the receiver is expecting the second incarnation of frames 0 ( 5, but gets the first incarnation of these frames. This is exactly the situation we wanted to avoid.
Pretpostavimo da imamo još jedan broj u našem prostoru niza brojeva od nas potencijalno izvrsne okvira, koji je, SWS ( MaxSeqNum ( 1, gdje MaxSeqNum je broj raspoloživih slijed brojeva. Je li to dovoljno? Odgovor ovisi o RWR. Ako RWS = 1, onda MaxSeqNum ( SWS + 1 je dovoljan. Ako RWS jednak SWS, onda ima MaxSeqNum samo jedan veći od slanja veličinu prozora nije dovoljno dobar. Da biste vidjeli ovaj, razmotriti situaciju u kojoj imamo osam slijed brojeva od 0 do 7, i SWS ( RWS = 7. Pretpostavimo da pošiljatelj šalje okvire 0 ( 6, uspješno su primili, ali ACKs su izgubljeni. Prijemnik se sada očekuje okviri 7, 0 ( 5, ali pošiljatelja puta van i šalje okvire 0 ( 6. Nažalost, prijemnik očekuje drugi utjelovljenje okvirom 0 ( 5, ali dobiva prvi utjelovljenje tih okvira. To je upravo situacija smo htjeli izbjeći.

It turns out that the sending window size can be no more than half as big as the number of available sequence numbers when RWS = SWS, or stated more precisely,
Ispada da je slanje veličina prozora ne smije biti više od pola kao velika kao i broj raspoloživih slijeda brojeva kada RWS = SWS, ili navedeni preciznije,

Intuitively, what this is saying is that the sliding window protocol alternates between the two halves of the sequence number space, just as stop-and-wait alternates between sequence numbers 0 and 1. The only difference is that it continually slides between the two halves rather than discretely alternating between them.
Intuitivno, ovo što je rekao je da je protokol kliznog prozora izmjenjuju između dvije polovice prostora redni broj, baš kao stop-and-čekati mijenja redoslijed brojeva 0 i 1. Jedina razlika je u tome što stalno slajdove između dva poluvremena, nego diskretno izmjenične između njih.

Note that this rule is specific to the situation where RWS = SWS. We leave it as an exercise to determine the more general rule that works for arbitrary values of RWS and SWS. Also note that the relationship between the window size and the sequence number space depends on an assumption that is so obvious that it is easy to overlook, namely, that frames are not reordered in transit. This cannot happen on a direct point-to-point link since there is no way for one frame to overtake another during transmission. However, we will see the sliding window algorithm used in a different environment in Chapter 5, and we will need to devise another rule.
Imajte na umu da ovo pravilo specifično za situaciju u kojoj RWS = SWS. Mi smo ga ostaviti kao vježba kako bi se utvrdilo što više opće pravilo da radi za pokretanje proizvoljnog vrijednosti RWS i SWS. Također imajte na umu da je odnos između veličine prozora i prostora redni broj ovisi o pretpostavci da je tako očito da je lako previdjeti, naime, da okviri nisu prerasporediti u tranzitu. To se ne može dogoditi na izravne point-to-point link, jer ne postoji način za jednog okvira do drugog prestići tijekom prijenosa. Međutim, mi ćemo vidjeti kliznog prozora algoritam se koristi u različite sredine u Glava 5, a mi ćemo morati smisliti drugo pravilo.

Implementation of Sliding Window
1.5.2.3. Primjena kliznog prozora

The following routines illustrate how we might implement the sending and receiving sides of the sliding window algorithm. The routines are taken from a working protocol named, appropriately enough, Sliding Window Protocol (SWP). So as not to concern ourselves with the adjacent protocols in the protocol graph, we denote the protocol sitting above SWP as high-level protocol (HLP) and the protocol sitting below SWP as a link-level protocol (LINK).
Sljedeći rutine ilustriraju kako bismo mogli provesti slanje i primanje strane kliznog prozora algoritam. Rutine su preuzete iz rada pod nazivom protokol, na odgovarajući način dovoljno, protokol kliznog prozora (SWP). Kako ne bi sami zabrinutost sa susjednim protokola u protokol graf, mi označavaju protokol sjedi gore SWP kao na visokoj razini protokol (HLP) i protokol sjedi ispod SWP kao link na razini protokol (LINK).

We start by defining a pair of data structures. First, the frame header is very simple: It contains a sequence number (SeqNum) and an acknowledgment number (AckNum). It also contains a Flags field that indicates whether the frame is an ACK or carries data.
Mi smo započeli definiranjem par strukturama podataka. Prvo, okvir zaglavlja je vrlo jednostavan: On sadrži redni broj (SeqNum) i potvrdu broj (AckNum). Ona također sadrži Zastave polje koje označava da li je okvir ACK ili nosi podataka.

Next, the state of the sliding window algorithm has the following structure. For the sending side of the protocol, this state includes variables LAR and LFS, as described earlier in this section, as well as a queue that holds frames that have been transmitted but not yet acknowledged (sendQ). The sending state also includes a counting semaphore called sendWindowNotFull. We will see how this is used below, but generally a semaphore is a synchronization primitive that supports semWait and semSignal operations. Every invocation of semSignal increments the semaphore by 1, and every invocation of semWait decrements s by 1, with the calling process blocked (suspended) should decrementing the semaphore cause its value to become less than 0. A process that is blocked during its call to semWait will be allowed to resume as soon as enough semSignal operations have been performed to raise the value of the semaphore above 0.
Dalje, stanje kliznog prozora algoritam ima slijedeću strukturu. Za slanje strane protokola, ovo stanje uključuje varijable LAR i ARS, kao što je opisano ranije u ovom poglavlju, kao i red da se drži okvira koji su preneseni, ali još nije priznao (sendQ). Država šiljateljica također uključuje brojanje semafor zove sendWindowNotFull. Vidjet ćemo kako će to koristiti u nastavku, ali općenito je semafor je sinkronizacija primitivnim koji podržava semWait i semSignal operacija. Svaki zazivanje semSignal povećava za 1 semafor, i svaki zazivanje semWait decrements s po 1, s pozivom proces blokiran (uvjetna) treba decrementing the semafor uzrok njegova vrijednost postane manja od 0. Proces koji je blokiran tijekom poziva semWait će biti dopušteno da nastavi čim dovoljno semSignal operacija provedena su podići vrijednosti semafor iznad 0.

For the receiving side of the protocol, the state includes the variable NFE. This is the next frame expected (i.e., the frame with a sequence number one more than the last frame received (LFR), described earlier in this section). There is also a queue that holds frames that have been received out of order (recvQ). Finally, although not shown, the sender and receiver sliding window sizes are defined by constants SWS and RWS, respectively
Za primanje strane protokola, država uključuje varijable NFE. Ovo je sljedeći okvir očekuje (tj., okvir s rednog broja jedan više nego prošle okvira primljenih (LFR), opisana ranije u ovom poglavlju). Tu je i red da se drži okvira koji su dobili iz reda (recvQ). Konačno, iako nije prikazana, pošiljatelja i primatelja klizni prozor veličine su definirane konstante SWS i RWS, odnosno

The sending side of SWP is implemented by procedure sendSWP. This routine is rather simple. First, semWait causes this process to block on a semaphore until it is OK to send another frame. Once allowed to proceed, sendSWP sets the sequence number in the frame’s header, saves a copy of the frame in the transmit queue (sendQ), schedules a timeout event to handle the case in which the frame is not acknowledged, and sends the frame to the next-lower-level protocol, which we denote as LINK.
Slati strana SWP provodi postupak sendSWP. Ova rutina je prilično jednostavan. Prvo, semWait uzrokuje taj proces blokirati na semafor dok je u redu da pošalje još jedan okvir. Jednom dozvoljeno isploviti, sendSWP postavlja redni broj u okvir zaglavlja, sprema kopiju okvira u dostaviti red (sendQ), rasporedi timeout događaj u vezi sa slučajem u kojem je okvir nije priznata, i šalje okvir na sljedeći-niže razine protokola, koji mi označiti kao LINK.

One detail worth noting is the call to Store_swp_hdr just before the call to msgAddHdr. This routine translates the C structure that holds the SWP header (state->hdr) into a byte string that can be safely attached to the front of the message (hbuf). This routine (not shown) must translate each integer field in the header into network byte order and remove any padding that the compiler has added to the C structure. The issue of byte order is discussed more fully in Section 7.1, but for now it is enough to assume that this routine places the most significant bit of a multiword integer in the byte with the highest address.
Jedan detalj napomenuti je poziv na Store_swp_hdr neposredno prije poziva na msgAddHdr. Ovaj rutinski prevodi C struktura koja drži SWP zaglavlje (stanje-> HDR) u byte niz koji može biti sigurno pričvršćena na prednji dio poruke (hbuf). Ovaj rutinske (nije prikazano) mora prevesti svako polje cijeli broj u zaglavlju u mrežu byte red i uklonite sve padding da je prevodilac je dodan u C strukture. Pitanje bajt reda raspravlja se više u potpunosti u Poglavlje 7.1, ali za sada je dovoljno pretpostaviti da ovu rutinu mjestima Najznačajniji bit u skupine riječi cijeli broj u byte s najvišim adresu.

Another piece of complexity in this routine is the use of semWait and the sendWindowNotFull semaphore. sendWindowNotFull is initialized to the size of the sender’s sliding window, SWS (this initialization is not shown). Each time the sender transmits a frame, the semWait operation decrements this count and blocks the sender should the count go to 0. Each time an ACK is received, the semSignal operation invoked in deliverSWP (see below) increments this count, thus unblocking any waiting sender.
Još jedan komad složenosti u ovu rutinu je korištenje semWait i sendWindowNotFull semafor. sendWindowNotFull je inicijaliziran na veličinu pošiljatelja kliznog prozora, SWS (ovo inicijalizacija nije prikazano). Svaki put pošiljatelja prenosi okvir, semWait rad decrements ovaj računati i blokovi pošiljalac treba računati ići na 0. Svaki put ACK je primio, semSignal rad pozivati u deliverSWP (vidi dolje) koracima ovog računati, pa deblokada sve čeka pošiljatelja.

Before continuing to the receive side of SWP, we need to reconcile a seeming inconsistency. On the one hand, we have been saying that a high-level protocol invokes the services of a low-level protocol by calling the send operation, so we would expect that a protocol that wants to send a message via SWP would call send(SWP, packet). On the other hand, the procedure that implements SWP’s send operation is called sendSWP, and its first argument is a state variable (SwpState). What gives? The answer is that the operating system provides glue code that translates the generic call to send into a protocol-specific call to sendSWP. This glue code maps the first argument to send (the magic protocol variable SWP) into both a function pointer to sendSWP, and a pointer to the protocol state that SWP needs to do its job. The reason we have the high-level protocol indirectly invoke the protocol-specific function through the generic function call is that we want to limit how much information the high-level protocol has coded in it about the low-level protocol. This makes it easier to change the protocol graph configuration at some time in the future.
Prije nastavka za primanje stranu SWP, moramo pomiriti prividnu nedosljednost. S jedne strane, bili smo reći da na visokoj razini protokol priziva usluge niske razine protokola pozivom poslati operaciju, pa bismo očekivali da je protokol koji želi poslati poruku preko SWP bi se nazvati poslati (SWP , paket). S druge strane, postupak koji provodi SWP je poslati rad se zove sendSWP, a svoj prvi argument je varijabla stanja (SwpState). Ono što daje? Odgovor je da operativni sustav pruža ljepilo kôd koji prevodi generički poziv za slanje u protokol specifični poziv na sendSWP. Ovo ljepilo kôd karte prvog argumenta za slanje (magiju protokol varijable SWP) u obje funkcije pokazivač na sendSWP, i pokazivač na protokol navode da SWP treba raditi svoj posao. Razlog imamo visoke razine protokol neizravno pozivati na protokol-specifične funkcije kroz generičke poziva funkcije je da želimo ograničiti koliko informacija na visokoj razini protokol ima kodirani u njemu o low-level protokol. To ga čini lakšim za promjenu konfiguracije protokol graf u nekom trenutku u budućnosti.

Now to SWP’s protocol-specific implementation of the deliver operation, which is given in procedure deliverSWP. This routine actually handles two different kinds of incoming messages: ACKs for frames sent earlier from this node and data frames arriving at this node. In a sense, the ACK half of this routine is the counterpart to the sender side of the algorithm given in sendSWP. A decision as to whether the incoming message is an ACK or a data frame is made by checking the Flags field in the header. Note that this particular implementation does not support piggybacking ACKs on data frames.
Sada SWP je protokol-specifične primjene dostaviti operacije, koja je u postupku deliverSWP. Ovaj rutinski zapravo obrađuje dvije različite vrste dolaznih poruka: ACKs za okvire poslao ranije iz ovog čvora i podatke okviri dolaze na ovaj čvor. U smislu, ACK polovici ove rutine je pandan pošiljatelja strani algoritam dane u sendSWP. Odluka da li je poruka je ACK ili podataka Okvir je izrađen od strane provjere zastave polje u zaglavlju. Imajte na umu da ovaj provedba ne podržava nadodavanje ACKs na spremnicima podataka.

When the incoming frame is an ACK, deliverSWP simply finds the slot in the transmit queue (sendQ) that corresponds to the ACK, cancels the timeout event, and frees the frame saved in that slot. This work is actually done in a loop since the ACK may be cumulative. The only other thing to notice about this case is the call to subroutine SwplnWindow. This subroutine, which is given below, ensures that the sequence number for the frame being acknowledged is within the range of ACKs that the sender currently expects to receive.
Kada se dolazni okvir je ACK, deliverSWP jednostavno pronalazi mjesto u dostaviti red (sendQ) koji odgovara ACK, otkaže timeout događaj, a oslobađa okvira spremljene u taj utor. Ovaj rad je zapravo učinjeno u petlji od ACK može biti kumulativna. Jedina druga stvar koju treba primijetiti o ovom slučaju je poziv potprograma SwplnWindow. Ovaj potprogram, koji je naveden u nastavku, osigurava da se redni broj za okvir priznat je unutar raspona od ACKs da pošiljatelj trenutno očekuje da će primiti.

When the incoming frame contains data, deliverSWP first calls msgStripHdr and load_SWp_hdr to extract the header from the frame. Routine load_SWp_hdr is the counterpart to StOre_Swp_hdr discussed earlier; it translates a byte string into the C data structure that holds the SWP header. deliverSWP then calls swplnWindow to make sure the sequence number of the frame is within the range of sequence numbers that it expects. If it is, the routine loops over the set of consecutive frames it has received and passes them up to the higher-level protocol by invoking the deliverHLP routine. It also sends a cumulative ACK back to the sender, but does so by looping over the receive queue (it does not use the SeqNumToAck variable used in the prose description given earlier in this section).
Kada dolazni okvir sadrži podatke, deliverSWP prvim pozivima msgStripHdr i load_SWp_hdr za izdvajanje iz zaglavlja okvira. Rutinska load_SWp_hdr je pandan StOre_Swp_hdr ranije objašnjeno, to znači byte niza u C struktura podataka koja sadrži SWP zaglavlje. deliverSWP zatim poziva swplnWindow kako bi bili sigurni redni broj okvira je unutar raspona niza brojeva koji se očekuje. Ako je, rutina petlje preko niza uzastopnih okvira je primio te ih prenosi do više razine protokola pozivajući se deliverHLP rutinu. Također šalje kumulativni ACK vratiti pošiljatelju, ali ne tako petlje preko primaju red (to ne koristi SeqNumToAck varijabla koristi u prozi opis dat ranije u ovom poglavlju).

Finally, SwplnWindow is a simple subroutine that checks to see if a given sequence number falls between some minimum and maximum sequence number.
Konačno, SwplnWindow je jednostavan potprogram koji provjerava je li s obzirom redni broj pada između neke minimalne i maksimalne redni broj.

Frame Order and Flow Control
1.5.2.4. Frame Red i kontrolu protoka

The sliding window protocol is perhaps the best-known algorithm in computer networking. What is easily confusing about the algorithm, however, is that it can be used to serve three different roles. The first role is the one we have been concentrating on in this section - to reliably deliver frames across an unreliable link. (In general, the algorithm can be used to reliably deliver messages across an unreliable network.) This is the core function of the algorithm.
Klizanje prozor protokol je možda najpoznatiji algoritam u umrežavanje računala. Što je lako zbunjujuće o algoritam, međutim, da se može koristiti da služi tri različite uloge. Prva uloga je jednom smo se usredotočio na u ovom dijelu - da pouzdano dostaviti okvira preko nepouzdani link. (Općenito, algoritam se može koristiti za pouzdano dostaviti poruke preko nepouzdani mreže.) Ovo je jezgra funkcija algoritma.

The second role that the sliding window algorithm can serve is to preserve the order in which frames are transmitted. This is easy to do at the receiver - since each frame has a sequence number, the receiver just makes sure that it does not pass a frame up to the next-higher-level protocol until it has already passed up all frames with a smaller sequence number. That is, the receiver buffers (i.e., does not pass along) out-of-order frames. The version of the sliding window algorithm described in this section does preserve frame order, although we could imagine a variation in which the receiver passes frames to the next protocol without waiting for all earlier frames to be delivered. A question we should ask ourselves is whether we really need the sliding window protocol to keep the frames in order, or whether, instead, this is unnecessary functionality at the link level. Unfortunately, we have not yet seen enough of the network architecture to answer this question; we first need to understand how a sequence of point-to-point links is connected by switches to form an end-to-end path.
Druga uloga da kliznog prozora algoritam može poslužiti jest očuvati red u kojemu se kadrovi prenose. To je lako učiniti na prijemnik - jer svaki okvir ima redni broj, prijemnik samo brine da to ne prođe okvir do sljedeće više razine protokola sve dok to je već prošao sve okvire s manjim slijed broja. To je, prijemnik buffers (tj., ne proslijedi) out-of-reda okvira. Verzija za klizni prozor algoritam opisan u ovom odjeljku ne čuvaju okvir kako bi, iako smo mogli zamisliti varijacija u kojoj je primatelj prelazi okvire na sljedeći protokol bez čekanja za sve ranije okvira koji će biti isporučeni. Pitanje moramo zapitati je li mi stvarno treba protokol kliznog prozora držati okvira u cilju, ili, umjesto toga, to je nepotrebno funkcionalnost na link razini. Nažalost, još nismo vidjeli dovoljno mrežna arhitektura odgovoriti na to pitanje, mi prvo trebate shvatiti kako se niz point-to-point veze spojen pomoću prekidača u obliku end-to-end put.

The third role that the sliding window algorithm sometimes plays is to support flow control - a feedback mechanism by which the receiver is able to throttle the sender. Such a mechanism is used to keep the sender from overrunning the receiver, that is, from transmitting more data than the receiver is able to process. This is usually accomplished by augmenting the sliding window protocol so that the receiver not only acknowledges frames it has received, but also informs the sender of how many frames it has room to receive. The number of frames that the receiver is capable of receiving corresponds to how much free buffer space it has. As in the case of ordered delivery, we need to make sure that flow control is necessary at the link level before incorporating it into the sliding window protocol.
Treća uloga koju kliznog prozora algoritam ponekad igra je podrška za kontrolu toka - feedback mehanizam kojim prijamnik je u mogućnosti da guše pošiljatelja. Takav mehanizam se koristi kako bi pošiljatelja iz napadajući prijemnik, koji je, od prijenosa podataka više nego prijamnik je u mogućnosti obraditi. To se obično postiže povećavajući klizni prozor protokol, tako da prijemnik ne samo da priznaje okviri ga je primio, ali također obavještava pošiljatelja o tome koliko je okvira je sobu za primanje. Broj okvira da je primatelj je sposoban za primanje odgovara na to koliko slobodnog prostora buffer ima. Kao iu slučaju naredio isporuke, moramo osigurati da protok kontrola je potrebno na link razini prije uključivanja u protokol kliznog prozora.

One important concept to take away from this discussion is the system design principle we call separation of concerns. That is, you must be careful to distinguish between different functions that are sometimes rolled together in one mechanism, and you must make sure that each function is necessary and being supported in the most effective way. In this particular case, reliable delivery, ordered delivery, and flow control are sometimes combined in a single sliding window protocol, and we should ask ourselves if this is the right thing to do at the link level. With this question in mind, we revisit the sliding window algorithm in Chapter 3 (we show how X.25 networks use it to implement hop-by-hop flow control) and in Chapter 5 (we describe how TCP uses it to implement a reliable byte-stream channel).
Jedan važan koncept da se daleko od ova rasprava je princip dizajna sustava zovemo razdvajanje pitanja. To je, morate biti oprezni da razliku između različitih funkcija koje ponekad su valjane zajedno u jedan mehanizam, i morate pobrinite se da svaku funkciju je potrebno i biti podržan na najučinkovitiji način. U ovom konkretnom slučaju, pouzdanu isporuku, naručio isporuku i kontrolu protoka ponekad su kombinirani u jednom protokol kliznog prozora, i mi trebali zapitati, ako je to prava stvar za učiniti na link razini. Uz ovo pitanje na umu, mi ponovno kliznog prozora algoritam u Poglavlju 3 (mi pokazati kako X.25 mreže se koriste za provedbu hop-by-hop kontrole toka), te u poglavlju 5 (mi opisati kako se koristi TCP ga provesti pouzdana bajt-stream kanal).

2.5.3 Concurrent Logical Channels
1.5.3. 2.5.3 simultano Logički kanali

The data link protocol used in the ARPANET provides an interesting alternative to the sliding window protocol, in that it is able to keep the pipe full while still using the simple stop-and-wait algorithm. One important consequence of this approach is that the frames sent over a given link are not kept in any particular order. The protocol also implies nothing about flow control.
Protokol podatkovnog sloja koji se koriste u ARPANET pruža zanimljivu alternativu za protokol kliznog prozora, u smislu da je u stanju držati cijev puni dok je još pomoću jednostavnog stop-i-čekati algoritam. Jedna važna posljedica ovakvog pristupa je da se okviri poslao preko dao link ne čuvaju se u bilo kojem redoslijedu. Protokol također podrazumijeva ništa o kontroli protoka.

The idea underlying the ARPANET protocol, which we refer to as concurrent logical channels, is to multiplex several logical channels onto a single point-to-point link and to run the stop-and-wait algorithm on each of these logical channels. There is no relationship maintained among the frames sent on any of the logical channels, yet because a different frame can be outstanding on each of the several logical channels, the sender can keep the link full.
Ideja se temelji ARPANET protokol, koji mi nazivamo istodobno logičan kanale, da je multipleks nekoliko logičkih kanala na jednu točku-to-point link i pokrenuti stop-and-čekati algoritam na svakoj od tih logičkih kanala. Nema odnos održava između okvira poslao na bilo koji od logičkih kanala, ali zbog različitih okvir može biti izvanredan na svakom od nekoliko logičkih kanala, pošiljatelj može zadržati punu vezu.

More precisely, the sender keeps 3 bits of state for each channel: a boolean, saying whether the channel is currently busy; the 1-bit sequence number to use the next time a frame is sent on this logical channel; and the next sequence number to expect on a frame that arrives on this channel. When the node has a frame to send, it uses the lowest idle channel, and otherwise it behaves just like stop-and-wait.
Točnije, pošiljatelj drži 3 bita stanja za svaki kanal: boolean, rekavši da li je kanal je trenutno zauzet, a 1-bitni redni broj koristiti sljedeći put okvir se šalje na ovaj logički kanal, i sljedeći redni broj očekivati na okvir koji dolazi na ovaj kanal. Kada je čvor ima okvir za slanje, koristi najniže miruje kanal, a inače se ponaša kao stop-i-čekati.

In practice, the ARPANET supported 8 logical channels over each ground link and 16 over each satellite link. In the ground-link case, the header for each frame included a 3-bit channel number and a 1-bit sequence number, for a total of 4 bits. This is exactly the number of bits the sliding window protocol requires to support up to eight outstanding frames on the link when RWS = SWS.
U praksi, ARPANET podržan 8 logičkih kanala preko svake zemlju vode i 16 nad svakim satelitske veze. U prizemlju-link slučaju, zaglavlje za svaki okvir uključivao je broj 3-bitni kanal i 1-bitni redni broj, za ukupno 4 bita. To je točno broj bitova kliznog prozora protokol zahtijeva da podržavaju do osam otvorenih okvira na link kad RWS = SWS.

2.6 Ethernet (802.3)
1,6. 2,6 ETHERNET (802.3)

The Ethernet is easily the most successful local area networking technology of the last 20 years. Developed in the mid-1970s by researchers at the Xerox Palo Alto Research Center (PARC), the Ethernet is a working example of the more general carrier sense, multiple access with collision detect (CSMA/CD) local area network technology.
Ethernet je jednostavno najuspješniji lokalnom području mrežne tehnologije u posljednjih 20 godina. Razvijen je sredinom 1970-ih istraživači na Xerox Palo Alto Research Center (PARC), Ethernet je radni primjer općenitije nosioca, višestruki pristup s kolizije otkriti (CSMA/CD), lokalnu tehnologiju mrežnom području.

As indicated by the CSMA name, the Ethernet is a multiple-access network, meaning that a set of nodes send and receive frames over a shared link. You can, therefore, think of an Ethernet as being like a bus that has multiple stations plugged into it. The "carrier sense" in CSMA/CD means that all the nodes can distinguish between an idle and a busy link, and "collision detect" means that a node listens as it transmits and can therefore detect when a frame it is transmitting has interfered (collided) with a frame transmitted by another node.
Kao što je navedeno od strane CSMA ime, Ethernet je višestrukog pristupa mreži, što znači da je skup čvorova slati i primati okvire na zajedničku vezu. Možete, dakle, mislim na Ethernet kao kao što je autobus koji ima više stanica priključen na njega. The "nosioca" u CSMA/CD znači da svi čvorovi mogu razlikovati miruje i prometnu vezu, i "sudar detektiraju" znači da je čvor sluša kao što prenosi i stoga može otkriti kada je okvir prijenosa ima umiješala ( sudario) s okvirom prenosi još jedan čvor.

The Ethernet has its roots in an early packet radio network, called Aloha, developed at the University of Hawaii to support computer communication across the Hawaiian Islands. Like the Aloha network, the fundamental problem faced by the Ethernet is how to mediate access to a shared medium fairly and efficiently (in Aloha the medium was the atmosphere, while in Ethernet the medium is a coax cable). That is, the core idea in both Aloha and the Ethernet is an algorithm that controls when each node can transmit.
Ethernet ima svoje korijene u ranom paketna radio mreža, zove Aloha, razvijen na University of Hawaii kako bi podržao/računalo komunikaciju preko Havajska ostrva. Poput Aloha mrežu, osnovni problem s kojima se suočavaju Ethernet je kako posredovati pristup zajedničkom mediju pošteno i učinkovito (u Aloha podlozi je atmosfera, dok je u Ethernet medij je koaksijalnog kabela). To jest, jezgra ideja u oba Aloha i Ethernet je algoritam koji kontrolira kada je svaki čvor može prenijeti.

Digital Equipment Corporation and Intel Corporation joined Xerox to define a 10-Mbps Ethernet standard in 1978. This standard then formed the basis for IEEE standard 802.3. With one exception that we will see in Section 2.6.2, it is fair to view the 1978 Ethernet standard as a proper subset of the 802.3 standard; 802.3 additionally defines a much wider collection of physical media over which Ethernet can operate, and more recently, it has been extended to include a 100-Mbps version called Fast Ethernet, and a 1,000-Mbps version called Gigabit Ethernet. The rest of this section focuses on the 10-Mbps Ethernet since it is typically used in multiple-access mode, and we are interested in how multiple hosts share a single link. Both 100- and 1,000-Mbps Ethernets are designed to be used in full-duplex, point-to-point configurations, which means that they are typically used in switched networks, as described in the next chapter.
Digital Equipment Corporation i Intel Corporation pridružio Xerox definirati 10-Mbps Ethernet standard u 1978. Ovaj standard zatim formira osnovu za IEEE standard 802,3. Uz jednu iznimku da ćemo vidjeti u odjeljku 2.6.2, to je fer da biste vidjeli 1978 Ethernet standard kao pravi podskup od 802,3 standarda; 802,3 dodatno definira mnogo šire zbirka fizičkih medija na kojima Ethernet mogu djelovati, te u novije vrijeme , je produžen do uključiti 100-Mbps Fast Ethernet verziju pod nazivom, a 1000 Mbps verziju pod nazivom Gigabit Ethernet. Ostatak ovog poglavlje se fokusira na 10-Mbps Ethernet, budući da se obično koristi u više-način pristupa, a mi smo više zanima kako će domaćini dijele pojedini link. Oba 100 - i 1000-Mbps Ethernets su dizajnirani da se koristi u full-duplex, point-to-point konfiguracije, što znači da se obično koriste u prebacio mrežama, kao što je opisano u sljedećem poglavlju.

2.6.1 Physical Properties
1.6.1. 2.6.1 Fizičke osobine

An Ethernet segment is implemented on a coaxial cable of up to 500 m. This cable is similar to the type used for cable TV, except that it typically has an impedance of 50 ohms instead of cable TV’s 75 ohms. Hosts connect to an Ethernet segment by tapping into it; taps must be at least 2.5 m apart. A transceiver - a small device directly attached to the tap - detects when the line is idle and drives the signal when the host is transmitting. It also receives incoming signals. The transceiver is, in turn, connected to an Ethernet adaptor, which is plugged into the host. All the logic that makes up the Ethernet protocol, as described in this section, is implemented in the adaptor (not the transceiver). This configuration is shown in Figure 2.27.
Ethernet segment implementiran je na koaksijalni kabel do 500 m. Ovaj kabel je sličan tip koriste za kabelska TV, osim da obično ima impedanciju od 50 oma umjesto kabelske TV 75 oma. Domaćini spojiti na Ethernet segment po kuckanje u nju; slavina mora biti najmanje 2,5 m apart. Primopredajnik - mali uređaj direktno priključen na slavinu - detektira kada je linija u stanju mirovanja, a pokreće signal kada je domaćin emitira. On također prima dolazne signale. Primopredajnika je, pak, povezan s Ethernet adapter, koji je priključen na domaćina. Sva logika koja čini Ethernet protokol, kao što je opisano u ovom odlomku, implementiran je u adapter (ne primopredajnika). Ova konfiguracija je prikazana na slici 2.27.

Figure 2.27 Ethernet transceiver and adaptor.
Slika 2.27 Ethernet primopredajnik i adapter.

Multiple Ethernet segments can be joined together by repeaters. A repeater is a device that forwards digital signals, much like an amplifier forwards analog signals. However, no more than four repeaters may be positioned between any pair of hosts, meaning that an Ethernet has a total reach of only 2,500 m. For example, using just two repeaters between any pair of hosts supports a configuration similar to the one illustrated in Figure 2.28, that is, a segment running down the spine of a building with a segment on each floor.
Višestruki Ethernet segmenti mogu biti spojeni ponavljača. Repeater je uređaj koji prosljeđuje digitalne signale, poput pojačala naprijed analogne signale. Međutim, ne više od četiri ponavljača se može postaviti između bilo par domaćina, što znači da ima Ethernet ukupno doseg od samo 2500 m. Na primjer, koristeći samo dva repetitora između bilo par domaćini podržava konfiguracije sličan onome što je prikazano na slici 2.28, odnosno segment trčanje dolje kralježnice zgrade s segment na svakom katu.

Figure 2.28 Ethernet repeater.
Slika 2.28 Ethernet repeater.

All told, an Ethernet is limited to supporting a maximum of 1,024 hosts.
Sve u svemu, Ethernet je ograničena na potporu najviše 1.024 domaćina.

Any signal placed on the Ethernet by a host is broadcast over the entire network, that is, the signal is propagated in both directions, and repeaters forward the signal on all outgoing segments. Terminators attached to the end of each segment absorb the signal and keep it from bouncing back and interfering with trailing signals. The Ethernet uses the Manchester encoding scheme described in Section 2.2.
Svaki signal postavljen na Ethernet strane domaćin se emitiraju preko cijele mreže, odnosno, signal širi u oba smjera, a ponavljači naprijed signal na svi odlazni segmentima. Terminatora priključeni na kraju svakog segmenta upijaju signal i čuvajte ga od odskakanje natrag i ometajući prateće signala. Ethernet koristi sustav Manchester kodiranje opisano u Odjeljku 2.2.

In addition to the system of segments and repeaters just described, alternative technologies have been introduced over the years. For example, rather than using a 50-ohm coax cable, an Ethernet can be constructed from a thinner cable known as 10Base2; the original cable is called 10Base5 (the two cables are commonly called thin-net and thick-net, respectively). The "10" in 10Base2 means that the network operates at 10 Mbps, "Base" refers to the fact that the cable is used in a baseband system, and the "2" means that a given segment can be no longer than 200 m (a segment of the original 10Base5 cable can be up to 500 m long). Today, a third cable technology is predominantly used, called 10BaseT, where the "T" stands for twisted pair. Typically, Category 5 twisted pair wiring is used. A 10BaseT segment is usually limited to under 100 m in length. (Both 100- and 1,000-Mbps Ethernets also run up over Category 5 twisted pair, up to distances of l00 m.)
Osim na sustav segmenata i repetitora upravo opisao, alternativne tehnologije uvedene su tijekom godina. Na primjer, radije nego da koristite 50-ohma koaksijalnog kabela, Ethernet može biti izgrađen od tanji kabel poznat kao 10Base2, originalni kabel se zove 10Base5 (dva kabela se obično naziva tanke i guste-net-net, respektivno). "10" u 10Base2 znači da mreža radi na 10 Mbps, "bazi", odnosi se na činjenicu da je kabel se koristi u osnovnom pojasu sustavu, i "2" znači da je dao segment ne može biti duži od 200 m ( segment izvorne 10Base5 kabel može biti i do 500 m dugo). Danas trećina kabel tehnologija pretežno se koristi, zove 10BaseT, gdje je "T" stoji za upletenom paricom. Tipično, kategorije 5 ožičenje s upletenom paricom koristi. 10BaseT segment je obično ograničena na ispod 100 m dužine. (I 100 - i 1000-Mbps Ethernets također izvoditi preko Kategorija 5 uvrnutim paricama, do udaljenosti od L00 m.)

Because the cable is so thin, you do not tap into a 10Base2 or 10BaseT cable in the same way as you would with 10Base5 cable. With 10Base2, a T-joint is spliced into the cable. In effect, 10Base2 is used to daisy-chain a set of hosts together. With 10BaseT, the common configuration is to have several point-to-point segments coming out of a multiway repeater, sometimes called a hub, as illustrated in Figure 2.29.
Budući da je kabel tako tanki, da ne taknite u 10Base2 ili 10BaseT kabel na isti način kao što bi s 10Base5 kabel. Uz 10Base2, T-spoj je spojeni na kabel. U stvari, 10Base2 se koristi za Daisy-lanac skup domaćini zajedno. Uz 10BaseT, zajednički konfiguracija je da imaju nekoliko point-to-point segmentima izlazili multiway pojačanjem, ponekad naziva koncentrator, kao što je prikazano na slici 2.29.

Figure 2.29 Ethernet hub.
Slika 2.29 Ethernet koncentrator.

Multiple 100-Mbps Ethernet segments can also be connected by a hub, but the same is not true of 1,000-Mbps segments.
Višestruki 100 Mbps Ethernet segmenti mogu biti povezani koncentrator, ali isto ne vrijedi za 1000 Mbps segmentima.

It is important to understand that whether a given Ethernet spans a single segment, a linear sequence of segments connected by repeaters, or multiple segments connected in a star configuration by a hub, data transmitted by any one host on that Ethernet reaches all the other hosts. This is the good news. The bad news is that all these hosts are competing for access to the same link, and as a consequence, they are said to be in the same collision domain.
Važno je razumjeti da li je dao Ethernet obuhvaća jedan segment, a linearni slijed segmenata povezanih repetitora, ili više segmenata spojen u zvijezdu konfiguraciju koncentrator, podataka koji se prenose niti jedna domaćin na tom Ethernet doseže sve ostale domaćini . To je dobra vijest. Loša vijest je da su svi ovi domaćini natječu za pristup istoj vezu, a kao posljedica toga, oni su, kako se u istoj domeni kolizije.

2.6.2 Access Protocol
1.6.2. 2.6.2 Access Protocol

 turn our attention to the algorithm that controls access to the shared Ethernet link. This algorithm is commonly called the Ethernet’s media access control (MAC). It is typically implemented in hardware on the network adaptor. We will not describe the hardware per se, but instead focus on the algorithm it implements. First, however, we describe the Ethernet’s frame format and addresses.
Mi smo sada skrenuti pozornost na algoritam koji kontrolira pristup zajedničkom Ethernet vezu. Ovaj algoritam se obično naziva Ethernet mediji za kontrolu pristupa (MAC). To se obično provodi u hardveru na mrežni prilagodnik. Nećemo opisati hardver po sebi, ali umjesto toga usredotočiti se na algoritam provodi. Prvo, međutim, možemo opisati Ethernet okvir je format i adrese.

Frame Format
1.6.2.1. Okvir Format

Each Ethernet frame is defined by the format given in Figure 2.30.
Svaka Ethernet okvir definiran je format prikazan je na slici 2.30.

Figure 2.30 Ethernet frame format.
Slika 2.30 Ethernet okvira formatu.

The 64-bit preamble allows the receiver to synchronize with the signal; it is a sequence of alternating 0s and 1s. Both the source and destination hosts are identified with a 48-bit address. The packet type field serves as the demultiplexing key, that is, it identifies to which of possibly many higher-level protocols this frame should be delivered. Each frame contains up to 1,500 bytes of data. Minimally, a frame must contain at least 46 bytes of data, even if this means the host has to pad the frame before transmitting it. The reason for this minimum frame size is that the frame must be long enough to detect a collision; we discuss this more below. Finally, each frame includes a 32-bit CRC. Like the HDLC protocol described in Section 2.3.2, the Ethernet is a bit-oriented framing protocol. Note that from the host’s perspective, an Ethernet frame has a 14-byte header: two 6-byte addresses and a 2-byte type field. The sending adaptor attaches the preamble, CRC, and postamble before transmitting, and the receiving adaptor removes them.
64-bitna preambuli omogućuje prijemnik za sinkronizaciju sa signalom, to je slijed izmjenične 0s i 1s. Oba izvor i odredište domaćini su identificirani s 48-bitni adresu. U polje upišite paket služi kao ključ demultipleksiranje, to jest, na koje se identificira eventualno mnoge više razine protokola ovaj okvir bi trebao biti isporučen. Svaki okvir sadrži do 1.500 bajtova podataka. Minimalno, okvir mora sadržavati najmanje 46 bajtova podataka, čak i ako to znači da domaćin ima jastučić okvir prije nego što ga emitira. Razlog za taj minimum dimenzije je da se okvir mora biti dovoljno dugo da otkriju sudara, a mi se raspravljati o tom više u nastavku. Konačno, svaki okvir sadrži 32-bitni CRC. Poput HDLC protokol je opisano u Poglavlje 2.3.2, Ethernet je bit-orijentirani protokol kadriranja. Imajte na umu da od domaćina perspektive, Ethernet okvir je 14-byte zaglavlje: dva 6-bajt adrese te 2-byte tip polja. Slanje adapter pričvršćuje preambula, CRC i postamble prije prijenosa, a prima adapter ih uklanja.

The frame format just described is taken from the Digital-Intel-Xerox Ethernet standard. The 802.3 frame format is exactly the same, except it substitutes a 16-bit length field for the 16-bit type field. 802.3 is usually paired with an encapsulation standard that defines a type field used to demultiplex incoming frames. This type field is the first thing in the data portion of the 802.3 frames, that is, it immediately follows the 802.3 header. Fortunately, since the Ethernet standard has avoided using any type values less than 1,500 (the maximum length found in an 802.3 header), and the type and length fields are in the same location in the header, it is possible for a single device to accept both formats, and for the device driver running on the host to interpret the last 16 bits of the header as either a type or a length. In practice, most hosts follow the Digital-Intel-Xerox format and interpret this field as the frame’s type.
Okvir format upravo opisao je preuzeta iz standardnog Digital-Intel-Xerox Ethernet. The 802,3 okvir format je točno isto, osim će ga zamijeniti s polja 16-bitnu duljinu za polje 16-bitni tip. 802,3 obično je u paru s oblaganjem standard koji definira tip polja se koriste za demultiplex dolazni okvira. Ovaj tip polja je prva stvar u podatkovnom dijelu 802,3 okvira, to jest, odmah slijedi 802,3 zaglavlje. Srećom, budući da je Ethernet standard izbjeći koristeći bilo koju vrstu vrijednosti manje od 1.500 (maksimalna duljina naći u zaglavlju 802,3), te vrsta i dužina polja su na istom mjestu u zaglavlju, to je moguće za jedan uređaj za prihvaćanje oba formata, a za driver radi o domaćin interpretirati posljednjih 16 bita u zaglavlju ili kao tip ili dužine. U praksi, većina domaćini slijedite Digital-Intel-Xerox formatu i protumačiti ovo polje kao okvir u tipa.

Addresses
1.6.2.2. Adrese

Each host on an Ethernet - in fact, every Ethernet host in the world - has a unique Ethernet address. Technically, the address belongs to the adaptor, not the host; it is usually burned into ROM. Ethernet addresses are typically printed in a form humans can read as a sequence of six numbers separated by colons. Each number corresponds to 1 byte of the 6-byte address and is given by a pair of hexadecimal digits, one for each of the 4-bit nibbles in the byte; leading 0s are dropped. For example, 8:0:2b:e4:b1:2 is the human-readable representation of Ethernet address
Svaki domaćin na Ethernet - u stvari, svaki Ethernet domaćin na svijetu - ima jedinstveni Ethernet adresa. Tehnički gledano, adresa pripada adapter, a ne domaćin, obično se spalio u ROM-u. Ethernet adrese obično su tiskani u obliku ljudi mogu čitati i kao niz od šest brojeva odvojenih dvotočke. Svaki broj odgovara 1 bajt od 6-bajt adrese te je dao par heksadecimalne znamenke, po jedan za svaku od 4-bitni grickanje u bajtu, vodeći 0s su odbačene. Na primjer, 08:00:02 b: E4: B1: 2 je svima čitljiv zastupanje Ethernet adresu

To ensure that every adaptor gets a unique address, each manufacturer of Ethernet devices is allocated a different prefix that must be prepended to the address on every adaptor they build. For example, Advanced Micro Devices has been assigned the 24-bit prefix x080020 (or 8:0:20). A given manufacturer then makes sure the address suffixes it produces are unique.
Kako bi se osiguralo da svaki adapter dobiva jedinstvenu adresu, svaki proizvođač Ethernet uređaja se dodjeljuje drugu prefiks koji se mora trebaju imati na adresu na svakoj adapter oni graditi. Na primjer, Advanced Micro Devices je bio dodijeljen 24-bitni prefiks x080020 (ili 8:00:20). Određenog proizvođača zatim čini da adresu sufiksi proizvodi su jedinstveni.

Each frame transmitted on an Ethernet is received by every adaptor connected to that Ethernet. Each adaptor recognizes those frames addressed to its address and passes only those frames on to the host. (An adaptor can also be programmed to run in promiscuous mode, in which case it delivers all received frames to the host, but this is not the normal mode.) In addition to these unicast addresses, an Ethernet address consisting of all 1s is treated as a broadcast address; all adaptors pass frames addressed to the broadcast address up to the host. Similarly, an address that has the first bit set to 1 but is not the broadcast address is called a multicast address. A given host can program its adaptor to accept some set of multicast addresses. Multicast addresses are used to send messages to some subset of the hosts on an Ethernet (e.g., all file servers). To summarize, an Ethernet adaptor receives all frames and accepts
Svaki okvir prenose na Ethernet je primio svaki adapter spojen na to Ethernet. Svaki adapter prepoznaje tih okvira upućene na njezinu adresu i prolazi samo one okvire na domaćina. (Adapter također može biti programiran da radi u promiskuitetnom modu, u kojem slučaju sve to donosi dobili okvire za domaćina, ali to nije normalan način rada.) Pored ovih unicast adrese, Ethernet adresa sastoji od svih 1s se tretira kao adresa razašiljanja, a sve adaptere proći okvire upućene da je broadcast adresa do domaćina. Slično tome, adresa koja je prva bit postavljen na 1, ali nije da je broadcast adresa se zove multicast adresu. Određenom domaćinu mogu programirati svoj adapter da prihvati neki skup multicast adrese. Multicast adrese koriste za slanje poruka na neki podskup od domaćina na Ethernet (npr., svi file servera). Da sumiramo, Ethernet adapter prima sve okvire i prihvaća

Frames addressed to its own address;
• Okviri upućene na vlastite adrese;

Frames addressed to the broadcast address;
• Okviri upućena je broadcast adresa;

Frames addressed to a multicast address, if it has been instructed to listen to that address;
• Okviri upućena multicast adresu, ako je upućen slušati na tu adresu;

All frames, if it has been placed in promiscuous mode.
• Sve okvira, ako je bio postavljen u promiskuitetnom modu.

It passes to the host only the frames that it accepts.
To prolazi u vojsci samo okviri koji ga prihvaća.

Transmitter Algorithm
1.6.2.3. Odašiljač Algoritam

As we have just seen, the receiver side of the Ethernet protocol is simple; the real smarts are implemented at the sender’s side. The transmitter algorithm is defined as follows.
Kao što smo upravo vidjeli, prijemnik strani Ethernet protokola je jednostavan, pravi smarts provode na strani pošiljatelja. Odašiljač Algoritam je definiran kako slijedi.

When the adaptor has a frame to send and the line is idle, it transmits the frame immediately; there is no negotiation with the other adaptors. The upper bound of 1,500 bytes in the message means that the adaptor can occupy the line for only a fixed length of time.
Kad adapter ima okvir za slanje i liniju miruje, to prenosi okvir odmah, nema pregovora s drugim adapterima. Gornje granice od 1.500 bajtova u poruci znači da se adapter može zauzimati liniju samo za fiksnu duljinu vremena.

When an adaptor has a frame to send and the line is busy, it waits for the line to go idle and then transmits immediately.
 The Ethernet is said to be a 1-persistent protocol because an adaptor with a frame to send transmits with probability 1 whenever a busy line goes idle. In general, a p-persistent algorithm transmits with probability 0 < p < 1 after a line becomes idle, and defers with probability q = 1 ( p. The reasoning behind choosing a p < 1 is that there might be multiple adaptors waiting for the busy line to become idle, and we don’t want all of them to begin transmitting at the same time. If each adaptor transmits immediately with a probability of, say, 33%, then up to three adaptors can be waiting to transmit and the odds are that only one will begin transmitting when the line becomes idle. Despite this reasoning, an Ethernet adaptor always transmits immediately after noticing that the network has become idle and has been very effective in doing so.
Kad adapter ima okvir za slanje i zauzeta linija, to čeka za liniju ići miruje, a zatim prenosi odmah. Ethernet je rekao da se 1-uporni protokol, jer adapter s okvirom za slanje prenosi s vjerojatnošću 1 kad god je zauzet ide miruje. Općenito, p-uporni algoritam prenosi sa vjerojatnost 0 <p <1 nakon retka postaje nezaposlen, a odgađa uz vjerojatnost q = 1 ( str Rezon iza izbora ap <1 je da bi moglo biti više adapteri čeka zauzet postati miruje, a ne želimo ih sve za početak emitira u isto vrijeme. Ako svaki adapter prenosi odmah s vjerojatnošću od, recimo, 33%, a zatim i do tri adaptera mogu se čeka na prijenos i izgledi su da je samo jedan će se početi odašiljati, kada linija postane miruje. Unatoč tome rasuđivanja, Ethernet adapter uvijek emitira odmah nakon primjećujući da je mreža postala je nezaposlen te je vrlo učinkovit u tome.

To complete the story about 1-persistent protocols for the case when p < 1, you might wonder how long a sender that loses the coin flip (i.e., decides to defer) has to wait before it can transmit. The answer for the Aloha network, which originally developed this style of protocol, was to divide time into discrete slots, with each slot corresponding to the length of time it takes to transmit a full frame. Whenever a node has a frame to send and it senses an empty (idle) slot, it transmits with probability p and defers until the next slot with probability q = 1 – p. If that next slot is also empty, the node again decides to transmit or defer, with probabilities p and q, respectively. If that next slot is not empty - that is, some other station has decided to transmit - then the node simply waits for the next idle slot and the algorithm repeats.
Da biste dovršili priču o 1-uporan protokola za slučaj kada je p <1, možda se pitate kako dugo pošiljatelja koji gubi novac flip (tj., odluči odgoditi) mora čekati prije nego što se može prenositi. Odgovor za Aloha mrežu, koja je izvorno razvio ovaj stil protokola, bio je da podijele vrijeme u diskretne mjesta, uz svaki utor odgovara dužini vremena koje je potrebno prenijeti cijeli okvir. Kad god čvor ima okvir za slanje i osjeti prazan (u mirovanju) utor, prenosi sa vjerojatnost p i odgađa do idućeg utor u verovatnoći q = 1 - p. Ako da sljedeći utor je također prazan, čvor ponovno odluči za prijenos ili odgoditi, s vjerojatnostima p i q, respektivno. Ako da sljedeći utor nije prazan - to jest, neke druge stanice je odlučio prenijeti - onda je čvor jednostavno čeka sljedeći nezaposlen utor i algoritam ponavlja.

Returning to our discussion of the Ethernet, because there is no centralized control it is possible for two (or more) adaptors to begin transmitting at the same time, either because both found the line to be idle or because both had been waiting for a busy line to become idle. When this happens, the two (or more) frames are said to collide on the network. Each sender, because the Ethernet supports collision detection, is able to determine that a collision is in progress. At the moment an adaptor detects that its frame is colliding with another, it first makes sure to transmit a 32-bit jamming sequence and then stops the transmission. Thus, a transmitter will minimally send 96 bits in the case of a collision: 64-bit preamble plus 32-bit jamming sequence.
Povratak na našu raspravu o Ethernet, jer ne postoji centralizirana kontrola je moguće za dvije (ili više) adapteri za početak emitira u isto vrijeme, bilo jer su obojica našli linija biti nezaposlen, ili zato što oboje su čekali prometnoj linija postati miruje. Kada se to dogodi, dvije (ili više) okvire, rekao je da se sudaraju na mreži. Svaki pošiljatelj, jer podržava Ethernet detekcija sudara, je u mogućnosti utvrditi da je sudar je u tijeku. Trenutno adapter otkrije da je njegov okvir sudara sa drugim, najprije čini siguran za prijenos 32-bitni ometanje slijed, a zatim zaustavlja prijenos. Dakle, odašiljač minimalno će poslati 96 bita u slučaju sudara: 64-bitni preambuli plus 32-bitni ometanje slijed.

One way that an adaptor will send only 96 bits - which is sometimes called a runt frame - is if the two hosts are close to each other. Had the two hosts been farther apart, they would have had to transmit longer, and thus send more bits, before detecting the collision. In fact, the worst-case scenario happens when the two hosts are at opposite ends of the Ethernet. To know for sure that the frame it just sent did not collide with another frame, the transmitter may need to send as many as 512 bits. Not coincidentally, every Ethernet frame must be at least 512 bits (64 bytes) long: 14 bytes of header plus 46 bytes of data plus 4 bytes of CRC.
Jedan od načina da se adapter će poslati samo 96 bita - koja se ponekad naziva žgoljavac okvir - je li se te dvije domaćini su blizu jedna drugoj. Da su domaćini bili dva dalje, osim, oni bi morali prenositi duže, a time poslati više bitova, prije otkrivanja sudara. U stvari, najgorem slučaju se događa kada se dvije domaćini su na suprotnim krajevima Ethernet. Da znam za sigurno da je to samo okvir poslao nije sudaraju s drugom okviru, primopredajnik će možda morati poslati čak 512 bita. Nimalo slučajno, svaki kadar Ethernet mora biti najmanje 512 bitova (64 bajtova) dugo: 14 bajtova zaglavlja plus 46 bajtova podataka plus 4 bajta CRC.

Why 512 bits? The answer is related to another question you might ask about an Ethernet: Why is its length limited to only 2,500 m? Why not 10 or 1,000 km? The answer to both questions has to do with the fact that the farther apart two nodes are, the longer it takes for a frame sent by one to reach the other, and the network is vulnerable to a collision during this time.
Zašto 512 bita? Odgovor se odnosi na drugo pitanje možete pitati o Ethernet: Zašto je dužina ograničena na samo 2500 m? Zašto ne 10 ili 1.000 km? Odgovor na oba pitanja ima veze s činjenicom da dalje, osim dva čvora su, više je potrebno za okvir poslao po jedan do drugog, a mreža je osjetljiva na sudar za to vrijeme.

Figure 2.31 illustrates the worst-case scenario, where hosts A and B are at opposite ends of the network.
Slika 2.31 ilustrira najgorem slučaju scenarij, gdje domaćini A i B su na suprotnim krajevima mreže.

Figure 2.31 Worst-case scenario: (a) A sends a frame at time f; (b) A’s frame arrives at B at time t + d; (c) B begins transmitting at time t + d and collides with A’s frame; (d) B’s runt (32-bit) frame arrives at A at time t + 2d.
Slika 2.31 najgorem slučaju: (a) šalje okvir na vrijeme f (b) A je okvir stiže u BiH u trenutku t + d, (c) B počinje emitira u trenutku t + d i sudara s's okvir; ( d) B žgoljavac (32-bit) okvir stigne na u trenutku t + 2d.

Suppose host A begins transmitting a frame at time t, as shown in (a). It takes it one link latency (let’s denote the latency as d) for the frame to reach host B. Thus, the first bit of A’s frame arrives at B at time t + d, as shown in (b). Suppose an instant before host A’s frame arrives (i.e., B still sees an idle line), host B begins to transmit its own frame. B’s frame will immediately collide with A’s frame, and this collision will be detected by host B (c). host B will send the 32-bit jamming sequence, as described above. (B’s frame will be a runt.) Unfortunately, host A will not know that the collision occurred until B’s frame reaches it, which will happen one link latency later, at time t + 2 ( d, as shown in (d). Host A must continue to transmit until this time in order to detect the collision. In other words, host A must transmit for 2 ( d to be sure that it detects all possible collisions. Considering that a maximally configured Ethernet is 2,500 m long, and that there may be up to four repeaters between any two hosts, the round-trip delay has been determined to be 51.2 (s, which on a 10-Mbps Ethernet corresponds to 512 bits. The other way to look at this situation is that we need to limit the Ethernet’s maximum latency to a fairly small value (e.g., 51.2 (s) for the access algorithm to work; hence, an Ethernet’s maximum length must be something on the order of 2,500 m.
Pretpostavimo da domaćin počinje prijenosom okvira u trenutku t, kao što je prikazano u (a). Potrebno je to jedan link latencije (Let's označavaju latencije kao d) za okvir do domaćina B. Dakle, prvo malo je okvir stiže u BiH u trenutku t + d, kao što je prikazano u (b). Pretpostavimo trenutak prije domaćin je okvir stiže (tj. B još uvijek vidi mirovanju linija), domaćin B počela je službeno emitirati svoj okvir. B okvir odmah će se sudariti s je okvir, i to sudar će biti otkrivena od strane domaćina B (c). domaćin B će poslati 32-bitni ometanje slijed, kao što je opisano gore. (B okvir će biti žgoljavac.) Nažalost, domaćin neće znati da se sudar dogodio dok B okvir doseže, što će se dogoditi jedan link kašnjenje kasnije, u trenutku t + 2 ( d, kao što je prikazano u (d). Domaćin mora nastaviti prenositi sve do ovog puta u svrhu otkrivanja sudara. Drugim riječima, domaćin mora prenijeti za 2 ( d kako bi bili sigurni da se otkrije sve moguće sudara. S obzirom da je maksimalno konfiguriran Ethernet je 2500 m duga, a da postoji svibanj biti i do četiri ponavljača između bilo koja dva domaćina, kašnjenje obilaska je utvrđeno da se 51,2 ( s, koji na 10 Mbps Ethernet odgovara 512 bitova . Drugi način gledanja na tu situaciju je da moramo ograničiti Ethernet je maksimalno vrijeme čekanja na prilično male vrijednosti (npr. 51,2 ( s) za pristup algoritam za rad, stoga, Ethernet je maksimalna dužina mora biti nešto u redu 2.500 m.

Once an adaptor has detected a collision and stopped its transmission, it waits a certain amount of time and tries again. Each time it tries to transmit but fails, the adaptor doubles the amount of time it waits before trying again. This strategy of doubling the delay interval between each retransmission attempt is a general technique known as exponential backoff. More precisely, the adaptor first delays either 0 or 51.2 (s, selected at random. If this effort fails, it then waits 0, 51.2 (s, 102.4 (s, or 153.6 (s (selected randomly) before trying again; this is k ( 51.2 for k = 0 … 3. After the third collision, it waits k ( 51.2 for k = 0 … 23 ( 1, again selected at random. In general, the algorithm randomly selects a k between 0 and 2n ( 1 and waits k ( 51.2 (s, where n is the number of collisions experienced so far. The adaptor gives up after a given number of tries and reports a transmit error to the host. Adaptors typically retry up to 16 times, although the backoff algorithm caps n in the above formula at 10.
Nakon adapter je otkrio sudar i zaustavio njegov prijenos, čeka određenu količinu vremena i pokušava ponovo. Svaki put kad ga pokušava prenositi, ali ne uspije, adapter udvostručuje količinu vremena prije nego što ga čeka težak opet. Ova strategija udvostručenje kašnjenje interval između svakog ponovni pokušaj je opća tehnika poznata kao eksponencijalna backoff. Točnije, adapter prvi kašnjenja 0 ili 51,2 ( s, slučajnim odabirom. Ako to nastojanje ne uspije, onda čeka 0, 51,2 ( s, 102,4 ( s, ili 153,6 ( s (odabrani nasumično) prije ponovnog pokušaja, a to je k ( 51,2 za k = 0 ... 3. Nakon trećeg udarca, čeka k ( 51,2 za k = 0 ... 23 ( 1, ponovo izabran na slučajan. Općenito, algoritam nasumično odabire ak između 0 i 2n ( 1 i čeka k ( 51,2 ( s, gdje je n broj sudara doživjeli do sada. Adapter daje se nakon određenog broja pokušaja i izvješća prenijeti pogrešku domaćina. Adapteri obično ponovi postupak i do 16 puta, iako kape backoff algoritam n u gornjoj formuli u 10.

2.6.3 Experience with Ethernet
1.6.3. 2.6.3 Iskustva s Ethernet

Because Ethernets have been around for so many years and are so popular, we have a great deal of experience in using them. One of the most important observations people have made about Ethernets is that they work best under lightly loaded conditions. This is because under heavy loads - typically, a utilization of over 30% is considered heavy on an Ethernet - too much of the network’s capacity is wasted by collisions.
Budući da su Ethernets bio oko za toliko godina i toliko su popularni, imamo veliko iskustvo u njihovom korištenju. Jedan od najvažnijih promatranja ljudi su o Ethernets je da oni rade najbolje pod lagano učita uvjetima. To je zato što pod velikim opterećenjima - obično, a iskorištenja preko 30% se smatra teška na Ethernet - previše mreže kapacitet je izgubiti do sudara.

Fortunately, most Ethernets are used in a far more conservative way than the standard allows. For example, most Ethernets have fewer than 200 hosts connected to them, which is far fewer than the maximum of 1,024. (See if you can discover a reason for this upper limit of around 200 hosts in Chapter 4.) Similarly, most Ethernets are far shorter than 2,500 m, with a round-trip delay of closer to 5 than 51.2 (s. Another factor that makes Ethernets practical is that, even though Ethernet adaptors do not implement link-level flow control, the hosts typically provide an end-to-end flow-control mechanism. As a result, it is rare to find situations in which any one host is continuously pumping frames onto the network.
Srećom, većina Ethernets se koriste u daleko više konzervativan način od standardnih dopušta. Na primjer, većina Ethernets imaju manje od 200 domaćini povezan s njima, što je daleko manje od maksimalno 1.024. (Pogledajte ako možete otkriti razlog za to gornja granica oko 200 domaćini u 4. poglavlju.) Isto tako, većina Ethernets su daleko kraće od 2.500 m, s obilaska kašnjenje bliže do 5 od 51,2 ( s. Još jedan faktor koji čini Ethernets praktično je da, iako Ethernet adaptera ne provode link na razini kontrolu toka, domaćini obično pružaju mehanizam end-to-end protoka kontrole. Kao rezultat toga, to je rijetkost pronaći situacije u kojima se bilo kojem domaćin je stalno pumpanje okvira na mreži.

Finally, it is worth saying a few words about why Ethernets have been so successful, so that we can understand the properties we should emulate with any LAN technology that tries to replace it. First, an Ethernet is extremely easy to administer and maintain: There are no switches that can fail, no routing or configuration tables that have to be kept up-to-date, and it is easy to add a new host to the network. It is hard to imagine a simpler network to administer. Second, it is inexpensive: Cable is cheap, and the only other cost is the network adaptor on each host. Any switch-based approach will involve an investment in some relatively expensive infrastructure (the switches), in addition to the incremental cost of each adaptor. As we will see in the next chapter, the most successful LAN switching technology in use today is itself based on Ethernet.
Konačno, vrijedno je reći nekoliko riječi o tome zašto Ethernets su bila toliko uspješna, tako da možemo razumjeti svojstva trebamo natjecati s bilo kojim LAN tehnologiju koja pokušava ga zamijeniti. Prvo, Ethernet je vrlo lako upravljati i održavati: nema prekidača koji može uspjeti, bez usmjeravanja ili konfiguraciju tablice koje moraju biti up-to-datum, a to je lako dodati nove domaćin na mrežu. Teško je zamisliti jednostavniji mreže za administraciju. Drugo, to je jeftin: Kabel je jeftina, a jedini trošak je mrežni adapter na svakom računalu. Svaki prekidač-based pristup će uključivati ulaganja u nekim relativno skupe infrastrukture (prekidača), uz inkrementalni trošak svake adaptera. Kao što ćemo vidjeti u sljedećem poglavlju, najuspješniji LAN switching tehnologije u uporabi i danas se temelji na Ethernet.

2.7 Rings (802.5, FDDI, RPR)
1,7. 2,7 PRSTENOVI (802,5, FDDI, RPR)

Ring networks, like Ethernets, are shared-media networks. This section will focus on the type that was for years the most prevalent, known as the IBM Token Ring. Like the Xerox Ethernet, IBM’s Token Ring has a nearly identical IEEE standard, known as 802.5. The standard 802.5 and the later Fiber Distributed Data Interface (FDDI) token ring are no longer in widespread use. Resilient Packet Ring (RPR) is a relatively recent technology, and its corresponding IEEE standard is known as 802.17; it remains to be seen how popular RPR will be.
Ring mreže, kao što su Ethernets, dijele-medijsku mrežu. Ovo poglavlje će se fokusirati na tipu koji je godinama najviše rasprostranjen, poznat kao IBM Token Ring. Poput Xerox Ethernet, Token Ring je IBM ima gotovo identičan IEEE standard, poznat kao 802,5. Standardni 802,5 i kasnije sučelje raspodijeljenog prijenosa podataka svjetlo (FDDI), prstenasta mreža s pristupnom rijeci više nisu u širokoj uporabi. Elastične Packet Ring (RPR) je relativno novije tehnologije i odgovarajuće IEEE standard je poznat kao 802,17, to ostaje da se vidi kako je popularna RPR će biti.

As the name suggests, a ring network consists of a set of nodes connected in a ring (see Figure 2.32).
Kao što ime sugerira, prstenasta mreža se sastoji od skupa čvorova povezanih u prstenu (vidi Sliku 2,32).

Figure 2.32 A ring network.
Slika 2.32 prstenasta mreža.

Data always flows in a particular direction around the ring, with each node receiving frames from its upstream neighbor and then forwarding them to its downstream neighbor. This ring-based topology is in contrast to the Ethernet’s bus topology. Like the Ethernet, however, the ring is viewed as a single shared medium; it does not behave as a collection of independent point-to-point links that just happen to be configured in a loop. Thus, a ring network shares two key features with an Ethernet:
Podaci uvijek teče u određenom smjeru oko prstena, sa svakom čvoru primanje okvira od svojih uzvodno susjeda, a zatim ih prosljeđivanje svoje nizvodno susjeda. Ovaj prsten-na temelju topologija je u suprotnosti s Ethernet-a sabirnička topologija. Kao i Ethernet, međutim, prsten je pregledan kao jedan zajednički prijenosni medij, ona ne ponaša kao skup nezavisnih point-to-point veze samo da se dogoditi da bude konfigurirana u petlji. Tako, prstenasta mreža dionice dviju ključnih značajki s Ethernet:

first, it involves a distributed algorithm that controls when each node is allowed to transmit, and
• prvo, ona uključuje distribuirani algoritam koji kontrolira kada je svaki čvor je dopušteno da prenose, i

second, all nodes typically
 see all frames, with the node identified in the frame header as the destination saving a copy of the frame as it flows past.
• drugo, svi čvorovi obično vidi sve okvire, uz čvor identificirane u okviru zaglavlje kao odredište spremanje kopiju okvir kao što teče prošlosti.

The most common early forms of ring network were all token rings. The word "token" comes from the way access to the shared ring is managed. The idea is that a token, which is really just a special sequence of bits, circulates around the ring; each node receives and then forwards the token. When a node that has a frame to transmit sees the token, it takes the token off the ring (i.e., it does not forward the special bit pattern) and instead inserts its frame into the ring. Each node along the way simply forwards the frame, with the destination node saving a copy and forwarding the message onto the next node on the ring. When the frame makes its way back around to the sender, this node strips its frame off the ring (rather than continuing to forward it) and reinserts the token. In this way, some node downstream will have the opportunity to transmit a frame. The media access algorithm is fair in the sense that as the token circulates around the ring, each node gets a chance to transmit. Nodes are serviced in a round-robin fashion.
Najčešći ranih oblika prstena mreže su token sve zvoni. Riječ "token" dolazi od načina na pristup zajedničkom prsten je uspio. Ideja je da jedan znak, koji je zapravo samo jedan poseban slijed bita, cirkulira oko prstena, svaki čvor prima, a zatim prosljeđuje token. Kada je čvor koji ima okvir za prijenos vidi znak, to traje znak off prsten (tj., ona ne naprijed posebne bitni uzorak) i umjesto svoje umeće okvir u ring. Svaki čvor na putu samo naprijed okvira, s odredišnom čvoru spremanje kopirati i prosljeđivanje poruka na sljedeći čvor na prsten. Kada se okvir čini svoj put natrag oko pošiljatelju, ovaj čvor trake svoj okvir off prsten (radije nego da ga i dalje prema naprijed) i reinserts tokena. Na taj način, neki čvor nizvodno će imati priliku da se prenose okvir. Algoritam pristupa mediju je sajam u tom smislu da kao znak cirkulira oko prstena, svaki čvor dobiva priliku za prijenos. Čvorovi su servisirati u okrugli robin mode.

One of the first things you might worry about with a ring topology is that any link or node failure would render the whole network useless. The problem of node failure may be addressed by connecting each station into the ring using an electromechanical relay. As long as the station is healthy, the relay is open and the station is included in the ring. If the station stops providing power, the relay closes and the ring automatically bypasses the station. This is illustrated in Figure 2.33.
Jedna od prvih stvari koje biste mogli brinuti o tome s prstenasta topologija je da je bilo koji link ili čvor neuspjeh bi pružiti cijelu mrežu beskoristan. Problem čvora propust može se riješiti spajanjem svake stanice u ring koristeći elektromehanički relej. Kao čeznuti kao stanice je zdrava, relej je otvorena i stanica uključen je u prsten. Ako stanica zaustavlja pruža moć, relej zatvara i prsten automatski zaobilazi stanice. To je ilustrirano na slici 2.33.

Figure 2.33 Relay used on a token ring: (a) relay open - host active; (b) relay closed - host bypassed.
Slika 2.33 releja koristi na prsten sa znakom: (a) relej open - domaćina aktivan, (b) releja zatvorene - domaćin zaobići.

Note that this approach is only effective when the transmission medium is electrical cable, not optical fiber.
Imajte na umu da ovaj pristup je učinkovit samo kad je medij prijenosa električnih kabela, ne optičkih vlakana.

Several of these relays are usually packed into a single box, known as a multistation access unit (MSAU). This has the interesting effect of making a token ring actually look more like a star topology, as shown in Figure 2.34.
Nekoliko ovih releja se obično pakiraju u jedan okvir, poznat kao jedinica multistation pristup (MSAU). To je zanimljiv efekt stvaranja prsten sa znakom zapravo izgledaju više kao zvjezdasta topologija, kao što je prikazano na slici 2.34.

Figure 2.34 Multistation access unit.
Slika 2.34 Multistation pristupna jedinica.

Any failure of a link outside the MSAU is then equivalent to a host failure, hence solved by the same relay mechanism. It also makes it very easy to add stations to and remove stations from the network, since they can just be plugged into or unplugged from the nearest MSAU, while the overall wiring of the network can be left unchanged.¸
Svaki neuspjeh veze izvan MSAU je tada ekvivalent za domaćina neuspjeh, stoga riješeno isti relej mehanizam. To također čini vrlo lako dodati stanice i uklanjanje stanice iz mreže, jer oni mogu samo biti priključen na ili unplugged od najbliže MSAU, dok je ukupna ožičenje mreže mogu ostati nepromijenjena.

2.7.1 Token Ring Media Access Control
1.7.1. 2.7.1 Token Ring Media Access Control

It is now time to look a little more closely at how the MAC protocol operates on a token ring. The network adaptor for a token ring contains a receiver and a transmitter. Most of the time, when a node is neither the source nor the destination of the data on the ring, its adaptor is simply retransmitting the data that its receiver receives. When none of the stations connected to the ring has anything to send, the token circulates around the ring. As it does so, any station that has data to send may "seize" the token, that is, not retransmit it and begin sending data. Once a station has the token, it is allowed to send one or more packets - exactly how many more depends on some factors described below.
Sada je vrijeme da pogledate malo pobliže kako MAC protokol radi na token ringu. Mrežni adapter za token ring sadrži prijemnik i odašiljač. Većina vremena, kada je čvor nije ni izvor ni odredište podataka na prsten, njegov adapter jednostavno je ponovno pokuša poslati istu podataka koji pokazuju da prijemnik prima. Kad niti jedna od postaja spojeni na prsten ima nešto za poslati, znak cirkulira oko prstena. Kao što to učini, bilo koje stanice koja ima podatke za slanje može "uhvatiti" u znak, da je, nije to prenosimo i početi slati podatke. Nakon stanica ima token, dopušteno je poslati jedan ili više paketa - točno koliko je više ovisi o nekim čimbenicima opisanih u nastavku.

Each transmitted packet contains the destination address of the intended receiver; it may also contain a multicast (or broadcast) address if it is intended to reach more than one (or all) receivers. As the packet flows past each node on the ring, each node looks inside the packet to see if it is the intended recipient. If so, it copies the packet into a buffer as it flows through the network adaptor, but it does not remove the packet from the ring. The sending station has the responsibility of removing the packet from the ring.
Svaki paket sadrži prenosi odredište adresu namijenjen prijemnik, ona također može sadržavati multicast (ili broadcast) adresa i ako je namijenjen doći do više od jedne (ili sve) prijemnika. Kao paket teče prošlosti svaki čvor na prsten, svaki čvor izgleda unutar paketa da vidi ako je primatelju. Ako je tako, kopija paketa u tampon kao što teče kroz mrežni adapter, ali to ne ukloniti paket iz prstena. Slanje stanica ima odgovornost za uklanjanje paketa iz prstena.

One issue we must address is how much data a given node is allowed to transmit each time it possesses the token or, equivalently, how long a given node is allowed to hold the token: the token holding time (THT). If we assume that most nodes on the network do not have data to send at any given time - a reasonable assumption, and certainly one that the Ethernet takes advantage of - then we could make a case for letting a node that possesses the token transmit as much data as it has before passing the token on to the next node, in effect setting the THT to infinity. The danger is that a single station could monopolize the ring for an arbitrarily long time, but we could certainly set the THT to significantly more than the time to send one packet.
Jedno pitanje moramo adresa je koliko podataka određeni čvor je dozvoljeno prenijeti svaki put kad se posjeduje token ili, ekvivalentno, koliko dugo je dano čvor je dozvoljeno držati znak: znak vremena zadržavanja (THT). Ako pretpostavimo da je većina čvorova na mreži nemaju podatke slati u bilo kojem trenutku - razumnu pretpostavku, a svakako onaj koji uzima prednost Ethernet - onda bismo mogli napraviti slučaj za ostavljajući čvor koji posjeduje token prenositi kao mnogo podataka kao što je prije prelaska token na sljedeći čvor, u stvari postavljanje THT u beskonačnost. Opasnost je da jedan postaja može monopolizirati prsten za proizvoljno dugo vremena, ali smo svakako mogli postaviti THT znatno više od vremena za poslati jedan paket.

It is easy to see that the more bytes a node can send each time it has the token, the better the utilization of the ring you can achieve in the situation in which only a single node has data to send. The downside, of course, is that this strategy does not work well when multiple nodes have data to send - it favors nodes that have a lot of data to send over nodes that have only a small message to send, even when it is important to get this small message delivered as soon as possible.
Lako je vidjeti da više bajtova jedan čvor može slati svaki put kad je tako, bolje korištenje prstena možete postići u situaciji u kojoj je samo jedan čvor ima podatke za slanje. Downside, naravno, da je ova strategija ne radi dobro kad više čvorovi imaju podatke poslati - to pogoduje čvorova koji imaju puno podataka za slanje preko čvorova koji imaju samo malu poruku poslati, čak i kada je važno dobiti ovaj mali poruku dostavljena u najkraćem mogućem roku.

That issue is addressed by the 802.5 protocol’s support for different levels of priority. The token contains a 3-bit priority field, so we can think of the token having a certain priority n at any time. Each device that wants to send a packet assigns a priority to that packet, and the device can only seize the token to transmit a packet if the packet’s priority is at least as great as the token's. The priority of the token changes over time due to the use of three reservation bits in the frame header. For example, a station X waiting to send a priority n packet may set these bits to n if it sees a data frame going past and the bits have not already been set to a higher value. This causes the station that currently holds the token to elevate its priority to n when it releases it. Station X is responsible for lowering the token priority to its old value when it is done.
To pitanje obuhvaćeno je 802,5 protokol podršku za različite razine prioriteta. Token sadrži 3-bitni prioritetno područje, tako da možemo razmišljati o tokena imaju određenu prednost n u bilo koje vrijeme. Svaki uređaj koji želi poslati paket dodjeljuje prioritet koji paket, a uređaj može iskoristiti za prijenos token paket ako paket je prioritet barem velika kao token-a. Prioritet tokena mijenja tijekom vremena zbog uporabe od tri rezerve bita u zaglavlju okvira. Na primjer, stanica X čeka da slanje paketa prioritet n može odrediti ove bita n ako ga vidi podataka okvira ide prošlosti i komadići nije već postavljen na višu vrijednost. To uzrokuje stanica koja trenutno drži token podići svoj prioritet da n kad ga javnost. Stanica X je odgovoran za spuštanje token prioritet njegove stare vrijednosti kada je to učinjeno.

Note that this is a strict priority scheme, in the sense that no lower-priority packets get sent when higher-priority packets are waiting. This may cause lower-priority packets to be locked out of the ring for extended periods if there is a sufficient supply of high-priority packets.
Imajte na umu da je ovo strogo prioritet sheme, u smislu da se ne nižim prioritetom paketi poslani kad višim prioritetom paketi su na čekanju. To može uzrokovati niži prioritet paketa će biti zaključan vanjska strana od prstena dulje ako ima dovoljne zalihe visokog prioriteta paketa.

The 802.5 protocol provides a form of reliable delivery using 2 bits in the packet trailer, the A and C bits. These are both 0 initially. When a station sees a frame for which it is the intended recipient, it sets the A bit in the frame. When it copies the frame into its adaptor, it sets the C bit. If the sending station sees the frame come back over the ring with the A bit still 0, it knows that the intended recipient is not functioning or absent. If the A bit is set but not the C bit, this implies that for some reason (e.g., lack of buffer space), the destination could not accept the frame. Thus, the frame might reasonably be retransmitted later in the hope that buffer space had become available.
The 802,5 protokol daje oblik pouzdane dostave koristi 2 bita u paketu prikolicu, A i C bita. To su oba 0 na početku. Kada postaja vidi okvir za koje je primatelju, postavlja A bit u kadru. Kada je kopija okvira u svoje adapter, ona postavlja C malo. Ako slanje postaja vidi okvir vratiti na prsten s A malo dalje 0, ona zna da se primatelju ne funkcionira ili odsutna. Ako A malo je skup, ali ne i C malo, to znači da iz nekog razloga (npr. nedostatak buffer prostora), odredište nije mogao prihvatiti okvir. Tako, okvir bi se razborito moglo retransmitted kasnije u nadi da tampon prostor postali dostupni.

One final issue will complete our discussion of the MAC protocol, which is the matter of exactly when the sending node releases the token.
Jedna konačna će pitanje kompletan našu raspravu o protokol MAC, što je pitanje točno kada šaljete čvor oslobađa token.

As illustrated in Figure 2.35, the sender can insert the token back onto the ring immediately following its frame (this is called early release) or after the frame it transmits has gone all the way around the ring and been removed (this is called delayed release).
Kao što je prikazano na slici 2.35, pošiljatelj može umetnuti znak natrag na prsten neposredno nakon okvir (to se zove prijevremeno puštanje na slobodu), ili nakon okvir prenosi je otišao svi put okolo prsten i uklonjen (to se zove oslobađanje sa zadrškom ).

Figure 2.35 Token release: (a) early versus (b) delayed.
Slika 2.35 token release: (a) u odnosu na rani (b) kasniti.

Clearly early release allows better bandwidth utilization, especially on large rings. 802.5 originally used delayed token release, but support for early release was subsequently added.
Jasno je prijevremeno puštanje na slobodu omogućuje bolje korištenje propusne moći, osobito na velikim prstenovima. 802,5 izvorno se koristi odgođen token release, ali podrška za prijevremeno puštanje na slobodu je naknadno dodan.

2.7.2 Token Ring Maintenance
1.7.2. 2.7.2 Token Ring održavanje

Each 802.5 token ring has one station designated as a monitor. The monitor’s job is to ensure the health of the ring by, for example, making sure that the token is not lost. Any station on the ring can become the monitor, and there are defined procedures by which the monitor is elected when the ring is first connected or on the failure of the current monitor. A healthy monitor periodically announces its presence with a special control message; if a station fails to see such a message for some period of time, it will assume that the monitor has failed and will try to become the monitor. The procedures for electing a monitor are the same whether the ring has just come up or the active monitor has just failed.
Svaki 802,5 prsten sa znakom ima jednu stanicu označen kao monitor. Monitor posao je kako bi se osiguralo zdravlje prstena, na primjer, biti sigurni da token nije izgubljeno. Svaka stanica na prsten može postati monitora, a tu su i definirane postupke kojima se monitor je izabran kada je prvi prsten spojen ili na neuspjeh trenutnog monitora. Zdrav pratiti periodično objavljuje svoju prisutnost s posebnim kontrole poruku, ako se stanica ne uspije vidjeti takvu poruku za neko vrijeme, ona će se pretpostaviti da monitor nije uspio, te će pokušati postati monitor. Postupci za izbor monitoru bude ista da li je prsten upravo je došao gore ili aktivni monitor jednostavno nije uspjelo.

When a station decides that a new monitor is needed, it transmits a "claim token" frame, announcing its intent to become the new monitor. If that token circulates back to the sender, it can assume that it is okay for it to become the monitor. If some other station is also trying to become the monitor at the same instant, the sender might see a claim token message from that other station first. In this case, it will be necessary to break the tie using some well-defined rule like "highest address wins."
Kada se stanica odluči da je novi monitor je potrebno, ona prenosi "tvrde token" okvir, najavila svoju namjeru da postane novi monitor. Ako je to znak cirkulira natrag pošiljatelju, može pretpostaviti da je u redu za to da se monitor. Ako neke druge stanice također pokušava postati monitor u istom trenutku, pošiljatelj može vidjeti kôdom poruku od koje druge stanice na prvom mjestu. U ovom slučaju, to će biti potrebno razbiti vezati koristeći neke dobro definirane pravilo kao što je "najviši adresu pobjeda."

One responsibility of the monitor is to make sure that there is always a token somewhere in the ring, either circulating or currently held by a station. It should be clear that a token may vanish for several reasons, such as a bit error, or a crash on the part of a station that was holding it. To detect a missing token, the monitor watches for a passing token and maintains a timer equal to the maximum possible token rotation time. This interval equals
Jedan odgovornost monitor je kako bi bili sigurni da uvijek postoji znak negdje u ringu, ni cirkulira ili trenutno drži stanice. To bi trebalo biti jasno da je token može nestati za nekoliko razloga, kao što je pogreška bita, ili sudar na dio stanice koji je držeći ga. Za otkrivanje nedostaje znak, monitor satovi za donošenje token i održava vremena koja je jednaka maksimalno moguće vrijeme kruženja pristupne rijeci. Ovaj interval je jednaka

where NumStations is the number of stations on the ring, and RingLatency is the total propagation delay of the ring. If the timer expires without the monitor seeing a token, it creates a new one.
gdje NumStations je broj postaja na prsten, a RingLatency je ukupno kašnjenje propagacije u prsten. Ako je mjerač istekne bez monitora vidio znak, stvara novi.

The monitor also checks for corrupted or orphaned frames. The former have checksum errors or invalid formats, and without monitor intervention, they could circulate forever on the ring. The monitor drains them off the ring before reinserting the token. An orphaned frame is one that was transmitted correctly onto the ring but whose "parent" died, that is, the sending station went down before it could remove the frame from the ring. These are detected using another header bit, the '"monitor" bit. This is 0 on transmission and set to 1 the first time the packet passes the monitor. If the monitor sees a packet with this bit set, it knows the packet is going by for the second time and it drains the packet off the ring.
Monitor također provjerava korumpiran ili siročad okvira. Bivši su checksum greške ili nevažeći formata, a bez monitora intervencije, oni mogu cirkulirati vječno na prsten. Monitor ih odvode izvan prsten prije ponovnog tokena. Siroče okvir je onaj koji je ispravno prenose na ringu, ali čiji je "roditelj", umro je, da je, slanje stanice prije nego što je otišao dolje to bi moglo ukloniti okvir iz prstena. To su otkrivene pomoću drugog zaglavlje malo, "Monitor" malo. To je 0 na prijenos i postaviti na 1 po prvi put paket prolazi monitor. Ako monitor vidi paket s ovom malo skup, to zna paket ide po drugi put i to odvodi paket od prsten.

One additional ring maintenance function is the detection of dead stations. The relays in the MSAU can automatically bypass a station that has been disconnected or powered down, but may not detect more subtle failures. If any station suspects a failure on the ring, it can send a beacon frame
 to the suspect destination. Based on how far this frame gets, the status of the ring can be established, and malfunctioning stations can be bypassed by the relays in the MSAU.
Jedan dodatni prsten za održavanje funkcija je otkrivanje mrtvih stanica. Releji u MSAU automatski može zaobići stanica koji je isključen ili isključiti, ali ne može otkriti više suptilan kvarova. Ako bilo koja stanica osumnjičenih neuspjeh na prsten, to može poslati okvir svjetionik na osumnjičenog odredište. Na temelju koliko daleko ovaj okvir dobiva, status prsten može biti uspostavljena, a neispravan stanice mogu zaobići po releji u MSAU.

Frame Format
1.7.2.1. Okvir Format

We are now ready to define the 802.5 frame format, which is depicted in Figure 2.36.
Sada smo spremni definirati 802,5 okvir format, što je prikazano na slici 2.36.

Figure 2.36 802.5/token ring frame format.
Slika 2.36 802.5/token prsten okvir formatu.

802.5 uses differential Manchester encoding. This fact is used by the frame format, which uses "illegal" Manchester codes in the start and end delimiters. After the start delimiter comes the access control byte, which includes the frame priority and the reservation priority mentioned above. The frame control byte is a demux key that identifies the higher-layer protocol.
802,5 koristi diferencijalno manchestersko kodiranje. Ova činjenica se koristi od strane okvira format, koji koristi "ilegalno" Manchester koda na početak i kraj graničnika. Nakon što je početak graničnik dolazi byte kontrole pristupa, što uključuje okvir prioritet i rezervacije prioritet je gore spomenuto. Poloľaj bajta okvir kontrola Demux ključ koji identificira višeg sloja protokol.

Similar to the Ethernet, 802.5 addresses are 48 bits long. The frame also includes a 32-bit CRC. This is followed by the frame status byte, which includes the A and C bits for reliable delivery.
Slično kao i Ethernet, 802,5 adrese su 48 bita dug. Okvir također sadrži 32-bitni CRC. Ovaj je slijeđen mimo byte polje stanja okvira, koji uključuje A i C bita za pouzdanu isporuku.

2.7.3 FDDI
1.7.3. 2.7.3 FDDI

Although FDDI (Fiber Distributed Data Interface) is similar to 802.5 in many respects, there are significant differences. For one, FDDI runs on fiber, not copper (although a later standard, CDDI, was defined to allow copper links to be used). A more interesting difference is that an FDDI network consists of a dual ring - two independent rings that transmit data in opposite directions, as illustrated in Figure 2.37(a).
Iako FDDI (Fiber Distributed Data Interface) je slična u mnogim aspektima 802,5, postoje značajne razlike. Za jednu, FDDI radi o vlaknima, a ne bakar (iako kasnije standard, CDDI, definiran je kako bi se omogućilo bakra linkove koji će se koristiti). Jedna zanimljiva razlika je u tome FDDI mreže sastoji se od dva prstena - dva nezavisna prstena koji prenose podatke u suprotnim smjerovima, kao što je prikazano na slici 2.37 (a).

(a) (b)Figure 2.37 Dual-fiber ring: (a) normal operation; (b) failure of the primary ring.
Slika 2.37 Dual-vlakana prstena: (a) normalan rad, (b) neuspjeh primarni prsten.

The second ring is not used during normal operation but instead comes into play only if the primary ring fails, as depicted in Figure 2.37(b). That is, the ring loops back on the secondary fiber to form a complete ring, and as a consequence, an FDDI network is able to tolerate a single break in the cable or the failure of one station.
Drugi prsten se ne koristi za vrijeme normalnog rada, ali umjesto toga dolazi u igru samo ako se primarni prsten ne uspije, kao što je prikazano na slici 2.37 (b). To je, prsten petlje natrag na sekundarnom vlakna u obliku kompletan prsten, a kao posljedica, FDDI mreže je u stanju tolerirati jedan break u kabel ili neuspjeh jedne stanice.

Another interesting difference is that instead of designating one node as a monitor, all the nodes participate equally in maintaining the FDDI ring. Each node maintains an estimate of the token rotation time (TRT) - the expected maximum time for the token to make one complete trip around the ring. A node then measures the time between successive arrivals of the token. If too much time elapses, suggesting that the token has been lost, the node transmits a "claim" frame, in which it includes its current TRT estimate. This claim serves two functions:
Još jedna zanimljiva razlika je da umjesto označavanja jedan čvor kao monitor, svi čvorovi ravnopravno sudjelovati u održavanju FDDI prsten. Svaki čvor održava procjene vrijeme kruženja znaka (TRT) - očekivani maksimalno vrijeme za token napraviti jedan kompletan put oko prstena. Čvor onda mjeri vrijeme između uzastopnih dolazaka tokena. Ako previše vremena protekne, sugerirajući da znak je izgubljeno, čvor šalje "tvrde" okvir, u kojem ona uključuje procjenu sadašnjeg TRT. Ova tvrdnja služi dvije funkcije:

First, the claim frame is a vote for a particular value of the TRT. Any node that wants to vote for a shorter TRT will replace that claim frame with its own claim frame, otherwise it will accept the new time and forward the claim frame.
• Prvo, potraživanje okvir je glas za određenu vrijednost TRT. Svaki čvor koji želi glasovati za kraći TRT će zamijeniti taj okvir tvrde s vlastitim tvrde okvir, inače će prihvatiti novo vrijeme i proslijediti zahtjev okvira.

Second, the claim frame is a request for authorization to regenerate the token. If a claim frame makes it all the way back around to the original sender, that node knows not only that the TRT it voted for was the shortest and has been accepted by all the other nodes, but also that it has been authorized to regenerate the token.
• Drugo, tvrde okvir je zahtjev za odobrenje da se obnovi token. Ako je zahtjev okvir čini sve na putu natrag oko izvornom pošiljatelju, da čvor zna ne samo da je TRT je glasovala za bilo najkraći te je prihvaćen od strane svih ostalih čvorova, ali i da je ovlašten za regeneraciju token.

When the token arrives at a node with time to spare (i.e., in less than one TRT since the last time this node saw the token), the node can transmit data so long as it does not make the token fall behind schedule; otherwise, the node cannot transmit data. A shortcoming of this basic scheme is that it cannot guarantee any particular node the opportunity to transmit regularly, even if that node has data that is sensitive to jitter, because an upstream node could consume all the available time. To account for this possibility, FDDI defines two classes of traffic: synchronous and asynchronous. When a node receives a token, it is always allowed to send synchronous data, without regard for whether the token is early or late. In contrast, a node can send asynchronous traffic only when the token is early.
Kada token stigne na čvor s vremena na pretek (tj., manje od jedne TRT jer je posljednji put vidio ovog čvora token), čvor može prenositi podatke, tako dugo dok to ne čine znak pada iza raspored, inače, čvor ne može prenositi podatke. Nedostatak ovog osnovna shema je da to ne može jamčiti bilo kojeg čvor priliku prenijeti redovito, čak i ako taj čvor je podatke da je osjetljiv na podrhtavanje, jer uzvodno čvor mogao pojesti sve dostupne vrijeme. Uzeti u obzir tu mogućnost, FDDI definira dvije vrste prometa: sinkroni i asinkroni. Kada čvor primi znak, to je uvijek dopušteno slati usklađena razmjena podataka, bez obzira da li je za token je rano ili kasno. Nasuprot tome, jedan čvor može slati asinkrono promet samo ako je token je rano.

2.7.4 Resilient Packet Ring (802.17)
1.7.4. 2.7.4 Elastične Packet Ring (802,17)

Resilient Packet Ring (RPR) is a relatively recent technology that has been standardized by the IEEE as 802.17. While it bears some similarity to the ring technologies described above, it was designed with slightly different goals in mind, which led to some key differences in the protocol. Resiliency - the ability to recover quickly from a link or node failure - was a key design goal, to make the technology suitable for service provider networks. Historically this had been provided at lower layers (e.g., by SONET’s protection mechanisms). Other design goals included bandwidth efficiency and quality of service (QoS) support, which had quite an impact on the protocol.
Elastične Packet Ring (RPR) je relativno nedavno tehnologiju koja je standardizirana prema IEEE kao 802,17. Iako je nosi neke sličnosti u ring tehnologije opisane gore, to je bio dizajniran s malo drugačijim ciljevima na umu, što je dovelo do neke ključne razlike u protokol. Otpornost - sposobnost da se oporavim brzo iz jedne veze ili čvor neuspjeh - bila je ključni cilj dizajna, kako bi se tehnologija pogodan za davatelja usluga mreže. Povijesno je to bilo predviđeno na nižim slojevima (npr., po SONET zaštitnih mehanizama). Ostali ciljevi uključuju dizajn iskoristivost pojasne širine i kvaliteta usluge (QoS) podrška, koja je imala dosta utjecaja na protokol.

Like FDDI, RPR consists of two counter-rotating optical fiber rings; unlike FDDI, it takes advantage of the bandwidth of both rings during normal operation. And unlike the previously described rings, an RPR frame is removed from the ring by the receiving node instead of leaving it to be removed by the sender, thereby freeing up some of the bandwidth on the ring in what is called spatial reuse.
Kao i FDDI, RPR sastoji se od dva counter-rotirajući optičkih vlakana prstena, za razliku od FDDI, ona uzima prednost propusnost oba prstena za vrijeme normalnog rada. I za razliku od prethodno opisane prstenje, RPR okvir je uklonjen iz prstena po primitku čvor umjesto ostavljajući ga biti uklonjene od strane pošiljatelja, time oslobađajući neke od bandwith na prsten u ono što se zove prostorni ponovne upotrebe.

Most strikingly, RPR does not use tokens. Instead, RPR uses a technique called buffer insertion. In a buffer insertion ring, a node can transmit its own frames whenever it has no other frames to forward. If a frame arrives while the node is transmitting its own frame, then the node temporarily buffers that frame. One of the major challenges for buffer insertion rings is how to avoid starvation and enforce QoS guarantees, since in its simplest form a buffer insertion ring could allow a station to hog the link indefinitely. RPR addresses this issue with fairly sophisticated QoS and fairness mechanisms.
Većina upadljivo, RPR ne koristi žetone. Umjesto toga, RPR koristi tehnika se zove tampon umetanje. U ring buffer umetanja, jedan čvor može prenijeti svoje okvire kada je to nema druge okviri za naprijed. Ako je okvir stigne, a čvor je emitira vlastiti okvir, a zatim čvor privremeno buffers taj okvir. Jedan od glavnih izazova za tampon umetanje prstenje je kako izbjeći izgladnjivanje i provesti QoS jamstva, budući da se u svom najjednostavnijem obliku prstena tampon umetanje mogao dopustiti da se stanice svinja link na neodređeno vrijeme. RPR adresa ovom pitanju s prilično sofisticirane QoS mehanizama i pravednosti.

RPR supports three QoS classes:
RPR podržava QoS tri klase:

class A provides low latency and low jitter (e.g., for phone calls),
• klase A s niskim latencije i niske podrhtavanje (npr., za telefonske pozive),

class B provides predictable latency and jitter (e.g., for prerecorded multimedia), and
• klase B pruža predvidljiva latencija i podrhtavanje (npr., za snimljene multimedija), i

class C provides a best-effort transport.
• klasa C pruža najbolje napore prijevoz.

To meet the resiliency goals, RPR uses two mechanisms to recover from the failure of a link or node. The first, wrapping, is similar to the approach described above for FDDI. The second, steering, is more sophisticated: nodes adjacent to the failure notify the other nodes, which are then able to direct packets in the correct (unbroken) direction around the ring toward any given destination, even if that is the "long" way around the ring - assuming the destination is not the node that just failed, of course.
Kako bi zadovoljili otpornosti ciljeve, RPR koristi dva mehanizma da se oporavi od neuspjeha link ili čvor. Prvi, za umatanje, sličan je pristup opisan gore za FDDI. Drugi, upravljanje, je više sofisticiran: čvorova uz neuspjeh obavijestiti ostale čvorove, koji su tada u mogućnosti usmjeriti paketa u ispravnom (neprekinut) smjer oko prstena prema bilo kojem odredištu, čak i ako je "dugo" način oko prstena - uz pretpostavku odredište nije čvor koji samo nije uspjelo, naravno.

A final interesting aspect of RPR is that it was designed to run over previously defined physical layers, including SONET and the physical layer specified for Ethernet. This saved the designers the time and effort of developing their own physical layer specs and hardware - a good example of the value of layered architectures.
Konačni zanimljiv aspekt RPR je da je dizajniran da pregaziti prethodno definirane fizičkom slojeva, uključujući SONET i fizičkog sloja navedeno za Ethernet. Ovo spasio dizajneri vrijeme i trud u razvoj vlastitih fizički sloj naočale i hardvera - dobar primjer vrijednosti slojevite arhitekture.

The Future of Rings (Where Are They Now?)
1.7.4.1. Budućnost prstenova (gdje su sada?)

The history of rings has seen them compete against Ethernet and ultimately lose on several occasions. 802.5 eventually lost out to 10-Mbit Ethernet for a variety of reasons, not least of which being the development of switched Ethernet, a topic we will discuss in the next chapter. FDDI was proposed as the faster alternative to Ethernet, but then Ethernet got faster too, and without the need for costly fiber optics, and FDDI never really caught on. The one ring technology that is still seeing some significant deployment is RPR, primarily in metropolitan area networks (MANs), although it seems likely that "metro Ethernet" will eventually come to dominate here just as Ethernet has done in LANs. There is, however, at least one reason RPR has had some success in MANs, which is the fact that rings are something of a natural fit for this kind of network, in a way that they are not in the LAN. Whereas it is cheap enough in a LAN to string cables in a hub-and-spoke manner from a central switch to each workstation, a ring actually provides a very cost-effective way to interconnect nodes in a MAN, where the cost of obtaining rights-of-way and laying fiber can be significant. The resiliency of a ring is also attractive in this environment - the fact that you have both a "clockwise" and an "counterclockwise" path between any two points ensures that a single fiber cut won’t cut off a customer. RPR was also developed with some fairness mechanisms that ensure that a node’s location on the ring doesn’t put it at an unfair advantage or disadvantage to another node in another location when it comes to getting access to the bandwidth - this is harder to achieve with Ethernet. Thus, while there is certainly plenty of momentum behind Ethernet in the MAN, it is probably too soon to predict the demise of RPR in this environment.
Povijest prstena je vidio njih natječu protiv Ethernet i na kraju izgubiti u nekoliko navrata. 802,5 na kraju izgubio za 10-Mbit Ethernet za niz razloga, a ne najmanje od kojih je razvoj prebacili Ethernet, temu ćemo raspraviti u sljedećem poglavlju. FDDI je predložen kao alternativa Ethernet brže, ali onda je dobio Ethernet brže previše, a bez potrebe za skupim optička vlakna, te FDDI nikada stvarno je uhvaćen na. Jedan prsten tehnologija koja je još uvijek vidim neke značajnije implementacije je RPR, prvenstveno u gradskom području mreže (MANS), iako se čini vjerojatnije da je "Metro Ethernet" će na kraju doći do dominirati ovdje samo što je Ethernet LAN-u je učinio. Postoji, međutim, barem jedan od razloga RPR je imao neki uspjeh u MANS, što je činjenica da su prstenovi su nešto što je prirodno sposoban za tu vrstu mreže, na način da oni nisu u LAN. Budući da je jeftin dovoljno u LAN niz kablova u hub-and-govorio način iz središnje prebaciti na svaku radnu stanicu, a prsten je zapravo pruža vrlo ekonomičan način povezivanje čvorova u čovjeku, gdje su troškovi stjecanja prava -of-način i polaganje vlakna mogu biti značajne. The elastičnost a prsten je također privlačan je u ovom okruženju - na činjenicu da imaju i "smjeru kazaljke na satu" i "suprotno" put između bilo koje dvije točke osigurava da jedan vlakno izrezati neće odsjeći kupca. RPR također je razvijen s nekim pravednosti mehanizme kojima se osigurava da čvor je mjesto na prsten ne stavi ga na nepravednu prednost ili mana u drugi čvor na drugom mjestu kada je u pitanju dobivanje pristup bandwith - to je teže za postići s Ethernet. Dakle, dok je svakako puno zamah iza Ethernet u čovjeku, vjerojatno je prerano za predviđanje smrti RPR u ovom okruženju.

2.8 Wireless
1,8. 2,8 WIRELESS

Wireless technologies differ in a variety of dimensions, most notably in how much bandwidth they provide and how far apart communicating nodes can be. Other important differences include which part of the electromagnetic spectrum they use (including whether it requires a license) and how much power they consume (important for mobile nodes).
Wireless tehnologija se razlikuju u različitim dimenzijama, ponajviše u tome koliko bandwith oni pružaju i koliko daleko, osim komuniciranja čvorovi mogu biti. Ostale važne razlike uključuju kojem dijelu elektromagnetskog spektra koje koriste (uključujući i da li to zahtijeva licenca) i koliko snage jedu (važno za mobilne čvorovi).

In this section we discuss four prominent wireless technologies:
U ovom odjeljku ćemo razmotriti četiri istaknute bežične tehnologije:

Bluetooth,
• Bluetooth,

Wi-Fi (more formally known as 802.11),
• Wi-Fi (više formalno poznat kao 802,11),

WiMAX (802.16), and
• WiMAX (802,16), te

third-generation or 3G cellular wireless.
• treće generacije ili 3G mobilne bežične.

In the following sections we present them in order from shortest range to longest. Table 2.6 gives an overview of these technologies and how they relate to each other.
U sljedećim odjeljcima ćemo ih prezentirati kako od najkraći doseg do najdulje. Tabela 2.6 daje pregled tih tehnologija i kako se oni odnose jedni druge.

Table 2.6 Overview of leading wireless technologies.
Tablica 2.6 Pregled vodećih bežičnih tehnologija.

The most widely used wireless links today are usually asymmetric, that is, the two endpoints are usually different kinds of nodes. One endpoint, sometimes described as the base station, usually has no mobility, but has a wired (or at least high bandwidth) connection to the Internet or other networks as in Figure 2.38.
Se najčešće koriste bežične veze danas su uglavnom asimetrične, odnosno, dvije krajnje točke su obično različite vrste čvorova. Jedan ishod, ponekad se opisuje kao bazne stanice, obično nema mobilnost, ali ima žičanu (ili barem visoku propusnost) vezu na Internet ili druge mreže kao na slici 2.38.

Figure 2.38 A wireless network using a base station.
Slika 2.38 bežičnu mrežu pomoću bazne stanice.

The node at the other end of the link - shown here as a "client node" - is often mobile, and relies on its link to the base station for all its communication with other nodes.
Čvor na drugom kraju veze - ovdje prikazano kao "klijent čvor" - često mobilni, i oslanja se na link na bazu za sve njezine komunikacije s drugim čvorovima.

Observe that in Figure 2.38 we have used a wavy pair
 of lines to represent the wireless "link" abstraction provided between two devices (e.g., between a base station and one of its client nodes). One of the interesting aspects of wireless communication is that it naturally supports point-to-multipoint communication, because radio waves sent by one device can be simultaneously received by many devices. However, it is often useful to create a point-to-point link abstraction for higher-layer protocols, and we will see examples of how this works later in this section.
Obratite pažnju da na slici 2.38 imamo koristi valovita par linija predstavlja bežičnu "link" apstrakcija koja se pruža između dva uređaja (npr., između bazne stanice i jedan od njenih klijenata čvorovi). Jedan od zanimljivih aspekata bežične komunikacije je u tome što, naravno, podržava točka-više točaka komunikacije, jer se radio valovi poslani po jedan uređaj može istodobno biti primljene od strane mnogih uređaja. Međutim, često je korisno za stvaranje point-to-point link apstrakcije za veći-sloj protokola, pa ćemo vidjeti primjere kako to radi kasnije u ovom poglavlju.

Note that in Figure 2.38, communication between nonbase (client) nodes is routed via the base station. This is in spite of the fact that radio waves emitted by one client node may well be received by other client nodes - the common base station model does not permit direct communication between the client nodes.
Imajte na umu da na slici 2.38, komunikacija između nonbase (klijent) čvorova je preusmjeren preko bazne stanice. To je unatoč činjenici da radio valova koje emitiraju jednog klijenta čvor može biti dobro primljena od strane drugih klijenata čvorova - zajednički bazne stanice model ne dopušta direktnu komunikaciju između klijenta čvorova.

This topology implies three qualitatively different levels of mobility. The first level is no mobility, such as when a receiver must be in a fixed location to receive a directional transmission from the base station, as is the case with the initial version of WiMAX. The second level is mobility within the range of a base, as is the case with Bluetooth. The third level is mobility between bases, as is the case with cell phones and Wi-Fi.
Ova topologija podrazumijeva tri kvalitativno različite razine pokretljivosti. Prva razina je bez mobilnosti, kao kada prijemnik moraju biti u fiksnoj lokaciji za primanje smjera prijenosa od bazne stanice, kao što je slučaj s početnom verzija WiMAX. Druga je razina mobilnosti u rasponu od baze, kao što je slučaj s Bluetooth. Treća razina je mobilnost između baza, kao što je slučaj s mobitelima i Wi-Fi.

An alternative topology that is seeing increasing interest is the mesh
 or ad hoc network. In a wireless mesh, nodes are peers (i.e., there is no special base station node). Messages may be forwarded via a chain of peer nodes as long as each node is within range of the preceding node. This is illustrated in Figure 2.39.
Alternativa topologiju da je viđenje povećan interes je mreže ili ad hoc mrežu. U bežične mreže, čvorovi su vršnjaci (tj., ne postoji poseban čvor bazna stanica). Poruke mogu biti proslijeđene putem lanca peer čvorova tako dugo dok svaki čvor je unutar raspona od prethodnog čvor. To je ilustrirano na slici 2.39.

Figure 2.39 A wireless ad hoc or mesh network.
Slika 2.39 bežične ad-hoc mreža ili mreža.

This allows the wireless portion of a network to extend beyond the limited range of a single radio. From the point of view of competition between technologies, this allows a shorter-range technology to extend its range and potentially compete with a longer-range technology. Meshes also offer fault tolerance by providing multiple routes for a message to get from point A to point B. A mesh network can be extended incrementally, with incremental costs. On the other hand, a mesh requires nonbase nodes to have a certain level of sophistication in their hardware and software, potentially increasing per-unit costs - and power consumption, a critical consideration for battery-powered devices. Wireless mesh networks are of considerable research interest, but they are still in their relative infancy compared to networks with base stations, and thus we do not cover them further here.
To omogućuje bežični dio mreže proširiti izvan ograničeni izbor jednog radija. Iz točke gledišta konkurencije između tehnologija, omogućuje kraći raspon tehnologija proširiti svoj asortiman i potencijalno natjecati s više raspona tehnologije. Mreža također nude tolerancija kvarova pružajući više rute za poruku da se od točke A do točke B. isprepletena mreža može biti proširena postupno, uz povećane troškove. S druge strane, mreže zahtijeva nonbase čvorovi imati određenu razinu sofisticiranosti u njihov hardver i softver, potencijalno povećava po-jedinični troškovi - i potrošnju energije, kriticko razmatranje za baterija-Power PC uređaje. Bežične mreže su mreže za značajan broj istraživanja interesa, ali su još uvijek u svojim povojima u odnosu u odnosu na mrežama s bazne stanice, a time i mi ih ne pokrivaju dalje ovdje.

We now turn our attention to the details of the four wireless technologies mentioned above, beginning with the most short-range technology, Bluetooth.
Sada ćemo našu pažnju na detalje od četiri bežične tehnologije već spomenuto, počevši s najviše kratkog dometa tehnologije, Bluetooth.

2.8.1 Bluetooth (802.15.1)
1.8.1. 2.8.1 Bluetooth (802.15.1)

Bluetooth fills the niche of very short-range communication between mobile phones, PDAs, notebook computers, and other personal or peripheral devices. For example, Bluetooth can be used to connect a mobile phone to a headset, or a notebook computer to a printer. Roughly speaking, Bluetooth is a more convenient alternative to connecting two devices with a wire. In such applications, it is not necessary to provide much range or bandwidth. This is fortunate for some of the target battery-powered devices, since it is important that they not consume much power.
Bluetooth ispunjava nišu vrlo kratkog dometa komunikacije između mobilnih telefona, PDA uređaje, prijenosna računala, i druge osobne ili perifernih uređaja. Na primjer, Bluetooth može se koristiti za spajanje mobitela na slušalice, ili prijenosno računalo na pisač. Grubo govoreći, Bluetooth je više prikladan alternativu povezivanje dva uređaja sa žicom. U takvim aplikacijama, nije potrebno osigurati puno raspon ili propusnosti. To je sretan za neke od ciljnih baterije uređaja, budući da je važno da oni ne troše mnogo energije.

Bluetooth operates in the license-exempt band at 2.45 GHz. It has a range of only about 10 m. For this reason, and because the communicating devices typically belong to one individual or group, Bluetooth is sometimes categorized as a personal area network (PAN). Version 2.0 provides speeds up to 2.1 Mbps. Power consumption is low.
Bluetooth radi na licence oslobođen bend na 2,45 GHz. To je raspon od samo oko 10 m. Iz tog razloga, i zbog toga što komuniciranje uređaja obično pripadaju jednog pojedinca ili skupine, Bluetooth ponekad je kategoriziran kao osobna mreža (PAN). Verzija 2.0 omogućuje brzine do 2,1 Mbps. Potrošnja energije je niska.

Bluetooth is specified by an industry consortium called the Bluetooth Special Interest Group. It specifies an entire suite of protocols, going beyond the link layer to define application protocols, which it calls profiles, for a range of applications. For example, there is a profile for synchronizing a PDA with a personal computer. Another profile gives a mobile computer access to a wired LAN in the manner of 802.11, although this was not Bluetooth’s original goal. The IEEE 802.15.1 standard is based on Bluetooth but excludes the application protocols.
Bluetooth je određeno industrija konzorcij zove Bluetooth Special Interest Group. To određuje cijeli paket protokola, nadilazi sloj veze za definiranje primjene protokola, koji ga poziva profili, za niz primjena. Na primjer, tu je profil za sinkronizaciju PDA s osobnim računalom. Drugi profil daje prijenosno računalo pristup kabelskoj mreži u maniri 802,11, iako to nije bio Bluetooth je originalni cilj. IEEE 802.15.1 standard temelji se na Bluetooth, ali isključuje primjenu protokola.

The basic Bluetooth network configuration, called a piconet XE "piconet" , consists of a master device and up to seven slave devices, as in Figure 2.40. Any communication is between the master and a slave; the slaves do not communicate directly with each other. Because slaves have a simpler role, their Bluetooth hardware and software can be simpler and cheaper.
Osnovni Bluetooth konfiguraciji mreže, naziva piconet, sastoji se od master uređaja i do sedam rob uređaja, kao na slici 2.40. Svaka komunikacija između gospodara i robova, robovi ne komuniciraju izravno jedni s drugima. Budući da robovi imaju jednostavniji ulogu, svoje Bluetooth hardvera i softvera može biti jednostavnije i jeftinije.

Figure 2.40 A Bluetooth piconet.
Slika 2.40 Bluetooth piconet.

Since Bluetooth operates in an license-exempt band, it is required to use a spread spectrum technique (as discussed in Section 2.1.2) to deal with possible interference in the band. It uses frequency hopping with 79 channels (frequencies), using each for 625 (m at a time. This provides a natural time slot for Bluetooth to use for synchronous time division multiplexing. A frame takes up 1, 3, or 5 consecutive time slots. Only the master can start to transmit in odd-numbered slots. A slave can start to transmit in an even-numbered slot, but only in response to a request from the master during the previous slot, thereby preventing any contention between the slave devices.
Budući da Bluetooth djeluje u licence izuzete bend, to je potrebno koristiti tehniku raspršenog spektra (kao što je objašnjeno u odjeljku 2.1.2) da se bave moguće smetnje u bendu. Ona koristi frekvencijskim skakanjem sa 79 kanala (frekvencija), koristeći svaki za 625  m na vrijeme. To omogućuje prirodne vrijeme utor za Bluetooth koristiti za sinkroni multipleksiranje vremenskom raspodjelom. Okvir zauzima 1, 3, ili 5 uzastopnih termine. Samo majstor može početi slati u neparnim brojem utora. Rob može početi prenositi u čak brojem utor, ali samo kao odgovor na zahtjev gospodara tijekom prethodnih utor, čime se sprječava svaki sukob između rob uređaja.

A slave device can be parked: set to an inactive, low-power state. A parked device cannot communicate on the piconet; it can only be reactivated by the master. A piconet can have up to 255 parked devices in addition to its active slave devices.
Rob uređaj se može parkirati: postavljen na neaktivne, low-power države. Parkiran uređaj ne može komunicirati na piconet, to jedino može biti aktiviran od majstora. Piconet može imati do 255 parkiranih uređaja uz njegovu aktivnu rob uređaja.

ZigBee is a newer technology that competes with Bluetooth to some extent. Devised by the ZigBee alliance and standardized as IEEE 802.15.4, it is designed for situations where the bandwidth requirements are low and power consumption must be very low to give very long battery life. It is also intended to be simpler and cheaper than Bluetooth, making it financially feasible to incorporate in cheaper devices such as a wall switch that wirelessly communicates with a ceiling-mounted fan.
ZigBee je novija tehnologija koja se natječe s Bluetooth do neke mjere. Izmislili su ZigBee Alliance i standardizirani kao IEEE 802.15.4, to je dizajniran za situacije u kojima su niske bandwith zahtjeve i potrošnje energije mora biti vrlo niska dati vrlo dugim vijekom trajanja baterije. Također je namijenjen da bude jednostavnije i jeftinije nego Bluetooth, što je financijski moguće ugraditi u jeftinijim uređajima, kao što je zid prekidač koji bežično komunicira s ventilator na stropu.

2.8.2 Wi-Fi (802.11)
1.8.2. 2.8.2 Wi-Fi (802.11)

This section takes a closer look at a specific technology centered around the emerging IEEE 802.11 standard, also known as Wi-Fi.
 Wi-Fi is technically a trademark, owned by a trade group called the Wi-Fi alliance, that certifies product compliance with 802.11. Like its Ethernet and token ring siblings, 802.11 is designed for use in a limited geographical area (homes, office buildings, campuses), and its primary challenge is to mediate access to a shared communication medium - in this case, signals propagating through space. 802.11 supports additional features (e.g., time-bounded services, power management, and security mechanisms), but we focus our discussion on its base functionality.
Ovo poglavlje se bliži pogled na specifičnu tehnologiju usredotočena oko nastajanju IEEE 802.11 standard, također poznat kao Wi-Fi. Wi-Fi je tehnički zaštitni znak, u vlasništvu trgovine skupina pod nazivom Wi-Fi Alliance, koji potvrđuje sukladnost proizvoda s 802,11. Kao i njegov Ethernet i Token ring braće i sestara, 802,11 je dizajniran za korištenje u ograničenom zemljopisnom području (domovi, uredske zgrade, kampusa), a njegov primarni izazov je posredovati pristup zajednički komunikacijski medij - u ovom slučaju, signali propagiranju kroz prostor. 802,11 podržava i dodatne značajke (npr. vrijeme-ograničen usluge, upravljanje energijom, i sigurnosne mehanizme), ali fokus naše rasprave na bazu funkcionalnost.

Physical Properties
1.8.2.1. Fizička Nekretnine

802.11 runs over six different physical layer protocols (so far). Five are based on spread spectrum radio, and one on diffused infrared (and is of historical interest only at this point). The fastest runs at a maximum of 54 Mbps.
802,11 traje više od šest različitih fizičkog sloja protokola (do sada). Pet se temelje na proširenim spektrom radio, a jedan na difuzno infracrvene (i je od povijesnog interesa samo u ovom trenutku). Najbrže prometuje na maksimalno 54 Mbps.

The original 802.11 standard defined two radio-based physical layers standards, one using frequency hopping (over 79 1-MHz-wide frequency bandwidths) and the other using direct sequence (with an 11-bit chipping sequence). Both provide up to 2 Mbps. Then physical layer standard 802.11b was added. Using a variant of direct sequence, 802.11b provides up to 11 Mbps. These three standards run in the license-exempt 2.4 GHz frequency band of the electromagnetic spectrum. Then came 802.11a, which delivers up to 54 Mbps using a variant of FDM called orthogonal frequency division multiplexing (OFDM). 802.11a runs in the license-exempt 5-GHz band. On one hand, this band is less used, so there is less interference. On the other hand, there is more absorption of the signal and it is limited to almost line of sight. The most recent standard is 802.11g, which is backward compatible with 802.11b (and returns to the 2.4-GHz band). 802.11g uses OFDM and delivers up to 54 Mbps. It is common for commercial products to support all three of 802.11a, 802.11b, and 802.11g, which not only ensures compatibility with any device that supports any one of the standards, but also makes it possible for two such products to choose the highest bandwidth option for a particular environment.
Originalni 802,11 standard definira dvije radio-based fizičke slojeve standardima, koristeći jedan sa frekvencijskim skakanjem (preko 79 1-MHz-širokom frekvencijskom bandwidths), a drugi pomoću izravnim nizom (s 11-bitni parčad slijed). Oba daju do 2 Mbps. Zatim fizički sloj standard 802.11b je dodan. Koristeći varijanta s izravnim nizom, 802.11b omogućuje do 11 Mbps. Ove tri standarda izvoditi u licenci oslobođen 2,4 GHz elektromagnetskog spektra. Onda je došao 802.11a, koji pruža do 54 Mb/s korištenjem varijanta FDM naziva ortogonalni multipleksiranje raspodjelom frekvencija (OFDM). 802.11a radi u licence oslobođen 5-GHz. S jedne strane, ovaj bend je manje koristi, tako da je manje smetnje. S druge strane, postoji više apsorpcije signala i to je ograničena na gotovo vidokruga. Najnovija standard 802.11g, koji je unatrag kompatibilan sa 802.11b (i vraća se na 2,4-GHz). 802.11g koristi OFDM i donosi do 54 Mbps. To je zajednička za komercijalne proizvode za podršku sva tri 802.11a, 802.11b, 802.11g te, koji ne samo da osigurava kompatibilnost s bilo kojim uređajem koji podržava bilo jedan od standarda, ali također omogućava da dva takva proizvoda koje možete odabrati najviše propusnost mogućnost za određeni okoliš.

Collision Avoidance
1.8.2.2. Izbjegavanje sudara

At first glance, it might seem that a wireless protocol would follow the same algorithm as the Ethernet - wait until the link becomes idle before transmitting and back off should a collision occur - and to a first approximation, this is what 802.11 does. The additional complication for wireless is that, while a node on an Ethernet receives every other node’s transmissions, a node on an 802.11 network may be too far from certain other nodes to receive their transmissions (and vice versa).
Na prvi pogled, moglo bi se činiti da za bežični protokol bi slijediti isti algoritam kao Ethernet - pričekati link postane miruje prije odašiljanja i back off bi trebao sudar dogoditi - i na prvoj aproksimaciji, to je ono što čini 802,11. Dodatna komplikacija za bežični je da, dok je čvor na Ethernet prima svaki drugi čvor mjenjača, čvor na 802,11 mreži svibanj biti previše daleko od neke druge čvorove primati njihove prijenose (i obrnuto).

Consider the situation depicted in Figure 2.41, where A and C are both within range of B but not each other.
Razmotrite situaciju prikazana na slici 2.41, gdje A i C su unutar raspona B, ali ne jedni druge.

Figure 2.41 The hidden node problem. Although A and C are hidden from each other, their signals can collide at B. (B’s reach is not shown.)
Slika 2.41 skriveni čvor problem. Iako su A i C skrivene jedni od drugih, njihove signali mogu sudariti na B. (B dohvata nije prikazan.)

Suppose both A and C want to communicate with B and so they each send it a frame. A and C are unaware of each other since their signals do not carry that far. These two frames collide with each other at B, but unlike an Ethernet, neither A nor C is aware of this collision. A and C are said to be hidden nodes with respect to each other.
Pretpostavimo da A i C žele komunicirati sa B i tako da svaki poslati ga okvira. A i C su svjesni jedni drugih, jer svoje signale ne nose to daleko. Ova dva okvira sudaraju jedni s drugima u B, ali za razliku od Ethernet, niti C niti je svjestan toga sudara. A i C, rekao je da se skriveni čvorovi s obzirom na svaki drugi.

A related problem, called the exposed node problem, occurs under the circumstances illustrated in Figure 2.42, where each of the four nodes is able to send and receive signals that reach just the nodes to its immediate left and right.
Sličan problem, zove izložena čvor problem, javlja se pod okolnostima ilustrirana na slici 2.42, gdje svaki od četiri čvorišta može slati i primati signale koje sežu samo čvorove u njegovoj neposrednoj lijevo i desno.

Figure 2.42 The exposed node problem. Although B and C are exposed to each other’s signals, there is no interference if B transmits to A while C transmits to D. (A’s and D’s reaches are not shown.)
Slika 2.42 izloženi čvor problem. Iako su B i C izloženi jedni drugima signale, nema smetnje ako se prenosi B do A, a C prenosi D. (A-ih i D's dosegne nisu prikazani).

For example, B can exchange frames with A and C but it cannot reach D, while C can reach B and D but not A. Suppose B is sending to A. Node C is aware of this communication because it hears B’s transmission. It would be a mistake, however, for C to conclude that it cannot transmit to anyone just because it can hear B’s transmission. For example, suppose C wants to transmit to node D. This is not a problem since C’s transmission to D will not interfere with A’s ability to receive from B. (It would interfere with A sending to B, but B is transmitting in our example.)
Na primjer, B možete razmjenjivati okvira sa A i C, ali ne može doći do D, a C može doći do B i D, ali ne i A. Pretpostavimo da B šalje A. čvor C je svjestan toga komunikaciju, jer čuje B prijenosa. Bilo bi pogrešno, međutim, za C do zaključka da ona ne može prenijeti bilo tko, samo zato što se može čuti B prijenosa. Na primjer, pretpostavimo C želi prenijeti čvor D. To nije problem jer je prijenos C D neće ometati sposobnost primiti od B. (To će ometati slanje B, ali B je emitira u našem primjeru ).

802.11 addresses these two problems with an algorithm called multiple access with collision avoidance (MACA). The idea is for the sender and receiver to exchange control frames with each other before the sender actually transmits any data. This exchange informs all nearby nodes that a transmission is about to begin. Specifically, the sender transmits a Request to Send (RTS) frame to the receiver; the RTS frame includes a field that indicates how long the sender wants to hold the medium (i.e., it specifies the length of the data frame to be transmitted). The receiver then replies with a Clear to Send (CTS) frame; this frame echoes this length field back to the sender. Any node that sees the CTS frame knows that it is close to the receiver, and therefore cannot transmit for the period of time it takes to send a frame of the specified length. Any node that sees the RTS frame but not the CTS frame is not close enough to the receiver to interfere with it, and so is free to transmit.
802,11 adrese ova dva problema s algoritam se zove višestruki pristup s izbjegavanja sudara (Maca). Ideja je za pošiljatelja i primatelja razmjene kontrolu okvira s međusobno prije nego što zapravo pošiljatelj šalje bilo kakve podatke. Ova razmjena obavještava sve u blizini čvorova koji prijenos je o za početak. Naime, pošiljalac šalje Zahtjev za slanje (RTS) okvir za prijemnik, RTS okvir sadrži polje koje označava koliko dugo pošiljatelj želi držati medij (tj. određuje duljinu podataka okvira koji se prenose). Prijemnik tada odgovori sa Clear na Pošalji (CTS) okvir, ovaj okvir odražava tu duljinu polja vratiti pošiljatelju. Svaki čvor koji vidi CTS okvir zna da je blizu prijemnika, te stoga ne može prenijeti na razdoblje od vrijeme potrebno za slanje jednog okvira navedene duljine. Svaki čvor koji vidi RTS-okvir, ali ne i CTS okvir nije dovoljno blizu da prijemnik miješati s njim, i tako je slobodno prenositi.

There are two more details to complete the picture. First, the receiver sends an ACK to the sender after successfully receiving a frame. All nodes must wait for this ACK before trying to transmit.
 Second, should two or more nodes detect an idle link and try to transmit an RTS frame at the same time, their RTS frames will collide with each other. 802.11 does not support collision detection, but instead the senders realize the collision has happened when they do not receive the CTS frame after a period of time, in which case they each wait a random amount of time before trying again. The amount of time a given node delays is defined by the same exponential backoff algorithm used on the Ethernet (see Section 2.6.2).
Postoje još dva detalja za potpunu sliku. Prvo, primatelj šalje ACK pošiljatelju nakon uspješno primitka okvira. Svi čvorovi moraju čekati za ovu ACK prije nego pokušava prenijeti. Drugo, treba dvije ili više čvorova otkriti miruje link i pokušati prenijeti RTS okvir u isto vrijeme, njihov RTS okviri će se sudaraju jedni s drugima. 802,11 ne podržava detekcija sudara, ali umjesto pošiljatelja ostvariti sudara se dogodilo kad ne primaju CTS okvir nakon nekog vremena, u kojem slučaju svaka čekati slučajne iznos od vrijeme prije nego što pokušate ponovno. Iznos od vrijeme dati čvor kašnjenja definira se isti algoritam koristiti eksponencijalnim backoff na Ethernet (vidi odjeljak 2.6.2).

Distribution System
1.8.2.3. Distribucijskog sustava

As described so far, 802.11 would be suitable for a network with a mesh (ad hoc) topology, and development of an 802.11s standard for mesh networks is nearing completion. At the current time, however, nearly all 802.11 networks use a base-station-oriented topology.
Kao što je opisano do sada, 802,11 će biti pogodan za mreže s mrežom (ad hoc) topologiju, i razvoj 802.11s standard za mreže mreža je pred završetkom. U ovom trenutku, međutim, gotovo svi 802,11 mreže koriste bazu postaja orijentirana topologiju.

Instead of all nodes being created equal, some nodes are allowed to roam (e.g., your laptop) and some are connected to a wired network infrastructure. 802.11 calls these base stations access points (AP), and they are connected to each other by a so-called distribution system. Figure 2.43 illustrates a distribution system that connects three access points, each of which services the nodes in some region.
Umjesto da svi čvorovi su stvorili jednaki, neki su čvorovi dozvoljeno da lutaju (npr. prijenosno računalo), a neke su spojeni na kabelsku mrežu infrastrukture. 802,11 poziva tih baznih stanica pristupne točke (AP), i oni su međusobno povezani po tzv distribucijskog sustava. Slika 2.43 ilustrira distribucijski sustav koji povezuje tri pristupne točke, od kojih svaki usluge čvorovi u neke regije.

Figure 2.43 Access points connected to a distribution network.
Slika 2.43 Pristupne točke spojeni na distribucijsku mrežu.

The details of the distribution system are not important to this discussion - it could be an Ethernet or a token ring, for example. The only important point is that the distribution network runs at layer 2 of the ISO architecture (the link layer), that is, it operates at the same protocol layer as the wireless links. In other words, it does not depend on any higher-level protocols (such as the network layer).
Detalji distribucijskog sustava nisu važni za ovu raspravu - to bi mogao biti Ethernet ili token ring, na primjer. Jedina važna stvar je da distribucijske mreže radi na sloj 2 od ISO arhitekture (link layer), to jest, ona djeluje na isti protokol sloja kao i bežične veze. Drugim riječima, to ne ovisi o bilo više razine protokola (kao što su mrežni sloj).

Although two nodes can communicate directly with each other if they are within reach of each other, the idea behind this configuration is that each node associates itself with one access point. For node A to communicate with node E, for example, A first sends a frame to its access point (AP-1), which forwards the frame across the distribution system to AP-3, which finally transmits the frame to E. How AP-1 knew to forward the message to AP-3 is beyond the scope of 802.11; it may have used the bridging protocol described in the next chapter (Section 3.2). What 802.11 does specify is how nodes select their access points and, more interestingly, how this algorithm works in light of nodes moving from one cell to another.
Iako su dvije čvorovi mogu komunicirati izravno jedan s drugim, ako su unutar dosega jedni druge, ideja iza ove konfiguracije je da svaki čvor poveže s jedne pristupne točke. Za čvor A komunicirati s čvora E, na primjer, prvi šalje okvir za svoje pristupne točke (AP-1), koji prosljeđuje okvir preko distribucijskog sustava AP-3, koji je konačno prenosi okvir za E. Kako AP -1 znao da se poruka proslijedi na AP-3 je izvan opsega 802,11, on svibanj imati koristi premošćivanje protokol opisan u sljedećem poglavlju (Poglavlje 3.2). Što 802,11 ne navedete kako čvorova odaberite svoje pristupne točke i više zanimljivo, kako se ovaj algoritam radi u svjetlu čvorova se kreće od jedne ćelije u drugu.

The technique for selecting an AP is called scanning and involves the following four steps:
Tehnika za odabir AP zove se skeniranje i uključuje sljedeća četiri koraka:

The node sends a Probe frame;
1. Čvor šalje Probe okvir;

All APs within reach reply with a Probe Response frame;
2. Svi APS nadomak odgovor s okvirom odgovor sonde;

The node selects one of the access points, and sends that AP an Association Request frame;
3. Čvor odabire jedan od pristupnih točaka, te šalje da AP Udruga Zahtjev za okvir;

The AP replies with an Association Response frame.
4. AP odgovora s okvirom Udruge odgovor.

A node engages this protocol whenever it joins the network, as well as when it becomes unhappy with its current AP. This might happen, for example, because the signal from its current AP has weakened due to the node moving away from it. Whenever a node acquires a new AP, the new AP notifies the old AP of the change (this happens in step 4) via the distribution system.
Čvor se bavi ovaj protokol kada se priključuje na mrežu, kao i kada se postaje nezadovoljan njegovom trenutnom AP. To se može dogoditi, na primjer, jer je signal iz svoje trenutne AP je oslabljena zbog čvor udaljava od njega. Kad god čvor dobiva novu AP, novi AP obavijesti stara AP promjene (što se događa u koraku 4) putem distribucijskog sustava.

Consider the situation shown in Figure 2.44, where node C moves from the cell serviced by AP-1 to the cell serviced by AP-2.
Razmislite o situaciji na slici 2.44, gdje čvor C prelazi iz stanica servisirati AP-1 u ćeliju servisirati AP-2.

Figure 2.44 Node mobility.
Slika 2.44 čvora mobilnosti.

As it moves, it sends Probe frames, which eventually result in Probe Response frames from AP-2. At some point, C prefers AP-2 over AP-1, and so it associates itself with that access point.
Kao što se miče, on šalje Sonda okvira, što na kraju rezultira odgovor sonde sličica iz AP-2. U nekom trenutku, C preferira AP-2 preko AP-1, i tako ga se povezuje s tom pristupnom točkom.

The mechanism just described is called active scanning since the node is actively searching for an access point. APs also periodically send a Beacon frame that advertises the capabilities of the access point; these include the transmission rates supported by the AP. This is called passive scanning, and a node can change to this AP based on the Beacon frame simply by sending an Association Request frame back to the access point.
Mehanizam se zove upravo opisao je aktivan skeniranje od čvora aktivno traga za pristupne točke. APS također povremeno poslati Beacon okvir koji reklamira sposobnosti pristupne točke, koje uključuju prijenos stope podržan od strane AP. To se zove pasivni skeniranje, a čvor se može promijeniti u ovaj AP se temelji na Beacon okvir jednostavno slanjem Udruge Zahtjev okvir nazad na pristupnu točku.

Frame Format
1.8.2.4. Okvir Format

Most of the 802.11 frame format, which is depicted in Figure 2.45, is exactly what we would expect.
Većina 802,11 okvira formatu, koja je prikazana na slici 2.45, je upravo ono što bismo očekivali.

Figure 2.45 802.11 frame format.
Slika 2.45 802,11 okvir formatu.

The frame contains the source and destination node addresses, each of which are 48 bits long, up to 2,312 bytes of data, and a 32-bit CRC. The Control field contains three subfields of interest (not shown): a 6-bit Type field that indicates whether the frame carries data, is an RTS or CTS frame, or is being used by the scanning algorithm; and a pair of 1-bit fields - called ToDS and FromDS - that are described below.
Okvir sadrži izvorni i odredišni čvor adrese, od kojih su 48 bita dug, i do 2.312 bajtova podataka, i 32-bitni CRC. Control polje sadrži tri podpodručja interesa (nije prikazano): 6-bitni tip polje koje označava je li okvir nosi podatke, RTS ili CTS okvir, ili se koristi algoritam skeniranja, i par 1-bitni polja - zove ToDS i FromDS - koje su opisane u nastavku.

The peculiar thing about the 802.11 frame format is that it contains four, rather than two, addresses. How these addresses are interpreted depends on the settings of the ToDS and FromDS bits in the frame’s Control field. This is to account for the possibility that the frame had to be forwarded across the distribution system, which would mean that the original sender is not necessarily the same as the most recent transmitting node. Similar reasoning applies to the destination address. In the simplest case, when one node is sending directly to another, both the DS bits are 0, Addr1 identifies the target node, and Addr2 identifies the source node. In the most complex case, both DS bits are set to 1, indicating that the message went from a wireless node onto the distribution system, and then from the distribution system to another wireless node. With both bits set, Addr1 identifies the ultimate destination, Addr2 identifies the immediate sender (the one that forwarded the frame from the distribution system to the ultimate destination), Addr3 identifies the intermediate destination (the one that accepted the frame from a wireless node and forwarded it across the distribution system), and Addr4 identifies the original source. In terms of the example given in Figure 2.43, Addr1 corresponds to E, Addr2 identifies AP-3, Addr3 corresponds to AP-1, and Addr4 identifies A.
Osobitoj stvar o 802,11 okvir format koji sadrži četiri, umjesto dvije, adrese. Kako ove adrese se tumačiti ovisi o postavkama ToDS i FromDS bita u okvira Control polje. Ovo je račun za mogućnost da se okvir morao biti proslijeđen preko distribucijskog sustava, što bi značilo da je izvorni pošiljatelj ne mora nužno biti isti kao i najnovije prijenos čvor. Slično razmišljanje vrijedi i za odredišnu adresu. U najjednostavnijem slučaju, kada je jedan čvor se šalje izravno u drugu, i DS bitovi su 0, Addr1 identificira cilj čvor, a Addr2 identificira izvor čvor. U najsloženiji slučaj, obje DS bitovi postavljeni su na 1, što ukazuje da je poruka je otišao iz bežične čvor na distribucijski sustav, a zatim od distribucijskog sustava na drugi wireless čvor. S obje bita skup, Addr1 identificira krajnje odredište, Addr2 identificira neposrednoj pošiljatelja (onaj koji proslijedio okvir iz distribucijske mreže na krajnje odredište), Addr3 označava srednje odredište (onaj koji je prihvatio okvir od bežičnih čvorova i proslijedio preko distribucijskog sustava), te Addr4 identificira originalnog izvora. U odnosu na primjer na slici 2.43, Addr1 odgovara E, Addr2 identificira AP-3, Addr3 odgovara AP-1, i Addr4 identificira A.

2.8.3 WiMAX(802.16)
1.8.3. 2.8.3 WiMAX (802,16)

WiMAX, which stands for Worldwide Interoperability for Microwave Access, was designed by the WiMAX Forum and standardized as IEEE 802.16. It was originally conceived as a last-mile technology (Section 2.1.2). In WiMAX’s case that "mile" is typically 1 to 6 miles, with a maximum of about 30 miles, leading to WiMAX being classified as a metropolitan area network (MAN). In keeping with a last-mile role, WiMAX does not incorporate mobility at the time of this writing, although efforts to add mobility are nearing completion as IEEE 802.16e. Also in keeping with the last-mile niche, WiMAX’s client systems, called subscriber stations, are assumed to be not end-user computing devices, but rather systems that multiplex all the communication of the computing devices being used in a particular building. WiMAX provides up to 70 Mbps to a single subscriber station.
WiMAX, koja se zalaže za Worldwide interoperabilnost za mikrovalni Access, dizajniran je od strane WiMAX Foruma te standardizirani kao IEEE 802,16. To je izvorno zamišljen kao posljednji-mile tehnologije (odjeljak 2.1.2). U WiMAX slučaju da je "milja" je obično jedan do šest kilometara, s maksimalnom od oko 30 milja, što dovodi do WiMAX se klasificiraju kao velegradska mreža (MAN). U skladu s last mile ulogu, WiMAX ne sadrže mobilnost u vrijeme pisanja ovog teksta, iako su napori za dodavanje mobilnost pred završetkom kao IEEE 802.16e. Također u skladu s posljednje milje niša, WiMAX je klijent sustava, pozvani pretplatnik stanice, pretpostavlja se da se ne krajnjih korisnika računalnih uređaja, nego sustava koji multipleksu sve komunikacije računalnih uređaja se koristi u određenoj zgradi. WiMAX omogućava do 70 Mbit/s na jedan pretplatnik stanice.

In order to adapt to different frequency bands and different conditions, WiMAX defines several physical layer protocols. The original WiMAX physical layer protocol is designed to use frequencies in the 10- to 66-GHz range. In this range waves travel in straight lines, so communication is limited to line-of-sight (LOS). A WiMAX base station uses multiple antennas pointed in different directions; the area covered by one antenna’s signal is a sector. To extend WiMAX to near-line-of-sight and nonline-of-sight situations, several physical layer protocols were added that use the frequencies below 11 GHz (in the 10- to 11-GHz range, WiMAX can use either the original physical layer or one of the newer ones). Since this range includes both licensed and license-exempt frequencies, each of these physical layer protocols defines a variant better adapted to the additional interference and the regulatory constraints of the license-exempt frequencies.
Kako bi se prilagodili različitim frekvencijskim opsezima i različitim uvjetima WiMAX definira nekoliko fizički sloj protokola. Originalni WiMAX fizičkog sloja protokol je dizajniran za korištenje frekvencija u 10 - do 66-GHz. U tom rasponu valovi putuju u ravne linije, tako da komunikacija je ograničena na line-of-očima (LOS). Stanica WiMAX baznih koristi višestruke antene okrenuti u različitim smjerovima, a područje koje obuhvaća jedna antena je signal sektor. Proširiti WiMAX u blizini-line-of-očima i nonline vidljivi situacijama, više fizički sloj protokola dodani su koje koriste frekvencije ispod 11 GHz (u 10 - do 11-GHz, WiMAX može koristiti ni izvorni fizički sloj ili jedan od novijima). Budući da ovaj raspon uključuje i dozvolu i dozvolu oslobođen frekvencija, svaki od tih protokola definira fizički sloj varijanta bolje prilagođen dodatne smetnje i regulatorna ograničenja dozvole oslobođen frekvencije.

The physical layer protocols provide two ways to divide the bandwidth between upstream (i.e., from subscribers to base station) and downstream traffic: time division duplexing (TDD) and frequency division duplexing (FDD). TDD is simply STDM of the two streams; they take turns using the same frequency, and the proportion of upstream to downstream time can be varied dynamically, adaptively, by the base station. FDD is simply FDM of the two streams; one frequency is used for upstream and another for downstream. In license-exempt bands, the protocols use only TDD.
Fizički sloj protokola pružaju dva načina da podijeli bandwidth između uzvodno (odnosno, od pretplatnika do bazne stanice) i nizvodno promet: vremenskom raspodjelom obostrani ispis (TDD) i raspodjelom frekvencija obostrani ispis (FDD). TDD je jednostavno STDM od dva potoka, oni se izmjenjuju koriste istu frekvenciju, a udio uzvodno nizvodno vrijeme može se mijenjati dinamički, adaptively, uz baznu stanicu. FDD je jednostavno FDM od dvije struje, jedna frekvencija se koristi za uzvodno, a druga za nizvodno. U dozvola izuzet-bendova, protokoli koristiti samo TDD.

Both channels, upstream and downstream, must be shared not just among the many subscriber stations in a given sector, but also among the many WiMAX connections that each subscriber can have with the base station. WiMAX - unlike 802.11 and Ethernet - is connection oriented. One reason for this is to be able to offer a variety of QoS guarantees regarding properties such as latency and jitter, with the aim of supporting high-quality telephony and high-volume multimedia in addition to bursty data traffic. This is conceptually similar to some of the wired last mile technologies (such as DSL) with which WiMAX is intended to compete.
Oba kanala, uzvodno i nizvodno, mora biti podijeljena, ne samo među brojnim pretplatnik stanice u tom sektoru, ali i među brojnim WiMAX veze da svaki pretplatnik može imati sa bazne stanice. WiMAX - za razliku od 802,11 i Ethernet - je veza orijentirana. Jedan od razloga za to je biti u mogućnosti ponuditi različite QoS jamstva u pogledu svojstava, kao što su kašnjenje i jitter, s ciljem podupiranja visoke kvalitete telefonije i high-volume multimedija uz praskavi promet podataka. To je koncepcijski sličan nekim ožičen posljednje milje tehnologije (kao što je DSL) s kojim WiMAX je namijenjen da se natječu.

Sharing of the upstream and downstream channels is based on dividing them into equal-sized time slots. A WiMAX frame generally takes up multiple slots, with different frames taking different numbers of slots. The downstream channel (from base to subscribers) is relatively easy to subdivide into connections since only the base station sends on that channel. The base station simply sends addressed frames, one after the other. Each subscriber station in the sector receives all the frames, but ignores those not addressed to one of its connections.
Dijeljenje uzvodno i nizvodno kanala temelji se na njih dijeli na jednake veličine termine. WiMAX okvir obično zauzima više mjesta, s različitim okvirima uzimanje različitim brojem utora. Nizvodno kanal (od bazne pretplatnicima) je relativno lako podijeliti u vezama jer samo bazne stanice šalje na taj kanal. Bazne stanice jednostavno šalje obratio okvira, jedan za drugim. Svaki pretplatnik stanica u sektoru dobiva sve okvire, ali zanemaruje one koja nije adresirana na jednog od svojih veza.

In the upstream direction, how a connection gets handled depends on its QoS parameters. Some connections get slots at a fixed rate, some get polled to determine how many slots they need currently, and some must request slots whenever they need them. Connections in this last category must contend to place their requests in a limited number of upstream slots set aside for contention. They use an exponential backoff algorithm to minimize the chance of a collision, even on the first attempt.
U uzvodnom smjeru, kako veza dobiva rješava ovisi o njegovoj QoS parametara. Neke veze dobiti utore po fiksnoj stopi, neki bi anketiranih kako bi se utvrdilo koliko utora trebaju trenutno, a neki moraju zatražiti mjesta kad god ih trebate. Veze u ovoj kategoriji prošle mora boriti za mjesto svoje zahtjeve u ograničenom broju mjesta uzvodno izdvojena za tvrdnju. Oni koriste eksponencijalni backoff algoritam kako bi se smanjila mogućnost sudara, čak i na prvi pokušaj.

A European alternative to WiMAX is HIPERMAN, which stands for high-performance radio metropolitan area network and uses the 2- to 11-GHz range. South Korea’s WiBro (for wireless broadband) technology operates at 2.3 GHz, and is being brought into line with the emerging IEEE 802.16e standard for mobile WiMAX.
Europska alternativa je WiMAX HIPERMAN, koji se zalaže za visoke performanse radio mreža gradskog područja, a koristi 2 - do 11-GHz. Južna Koreja je WiBro (za širokopojasni bežični) tehnologiju radi na 2,3 GHz, te se uskladiti s novim IEEE 802.16e standard za mobilni WiMAX.

2.8.4 Cell Phone Technologies
1.8.4. 2.8.4 Mobitel tehnologija

Cell phone technology seems an obvious approach to mobile computer communication, and indeed data services based on cellular standards are commercially available. One drawback is the cost to users, due in part to cellulars use of licensed spectrum (which has historically been sold off to cellular phone operators for astronomical sums). The frequency bands that are used for cellular telephones (and now for cellular data) vary around the world. In Europe, for example, the main bands for cellular phones are at 900 and 1,800 MHz. In North America, 850- and 1,900-MHz bands are used. This global variation in spectrum usage creates problems for users who want to travel from one part of the world to another, and has created a market for phones that can operate at multiple frequencies (e.g., a tri-band phone can operate at three of the four frequency bands mentioned above). That problem, however, pales in comparison to the proliferation of incompatible standards that have plagued the cellular communication business. Only recently have some signs of convergence on a small set of standards appeared. And finally, there is the problem that most cellular technology was designed for voice communication, and is only now starting to support moderately high-bandwidth data communication.
Mobitel tehnologija izgleda kao očigledan pristup mobilnih komunikacija računala, i doista podatkovnih usluga se temelji na mobilnim standardima su komercijalno dostupni. Jedan nedostatak je cijena za korisnike, dijelom i zbog cellulars korištenje licenciranih spektra (koja povijesno je prodao off na mobitel operatera za astronomske iznose). Frekvencijskim opsezima koje se koriste za mobilne telefone (i sad za mobilne podataka) variraju širom svijeta. U Europi, na primjer, glavni bendova za mobilne telefone su na 900 i 1800 MHz. U Sjevernoj Americi, 850 - i 1900-MHz bendovi su koristili. Ovaj globalni varijacije u korištenju spektra stvara probleme za korisnike koji žele putovati iz jednog dijela svijeta u drugi, te je stvorio tržište za telefone koji mogu raditi na više frekvencije (na primjer, tri-band telefon može raditi na tri četiri frekvencijskim opsezima spomenuto gore). Taj problem, međutim, pales u odnosu na proliferaciju nekompatibilne standarde koje su mučile mobilne komunikacije poslovanja. Tek nedavno su neke znakove konvergencije na malom skup standarda pojavio. I na kraju, tu je problem koji najviše mobilne tehnologije je dizajniran za glasovnu komunikaciju, i tek sada počinju podupirati umjereno visoke propusnosti podataka komunikacija.

Like 802.11 and WiMAX, cellular technology relies on the use of base stations that are part of a wired network. The geographic area served by a base station’s antenna is called a cell. A base station could serve a single cell, or use multiple directional antennas to serve multiple cells. Cells don’t have crisp boundaries, and they overlap. Where they overlap, a mobile phone could potentially communicate with multiple base stations. This is somewhat similar to the 802.11 picture shown in Figure 2.43. At any time, however, the phone is in communication with, and under the control of, just one base station. As the phone begins to leave a cell, it moves into an area of overlap with one or more other cells. The current base station senses the weakening signal from the phone, and gives control of the phone to whichever base station is receiving the strongest signal from it. If the phone is involved in a call at the time, the call must be transferred to the new base station in what is called a handoff.
Kao 802,11 i WiMAX, mobilne tehnologije oslanja na uporabu bazne stanice koje su dio žičanu mrežu. Geografsko područje služio je bazne stanice antena se zove stanica. Stanica baza može poslužiti jedne ćelije, ili koristite više usmjerenih antena služiti više ćelija. Stanice nemaju jasne granice, i oni preklapaju. Gdje se preklapaju, a mobilni telefon potencijalno može komunicirati s više baznih stanica. To je nešto slično 802,11 sliku na slici 2.43. U bilo kojem trenutku, međutim, telefon je u komunikaciji s, i pod kontrolom, samo jednu baznu stanicu. Kao što je telefon počinje da napusti ćeliju, ona se seli u područje preklapanja s jednim ili više drugih stanica. Trenutni bazne stanice osjetila slabljenje signala iz telefona, i daje kontrolu nad telefon na onu bazu prima najjači signal od njega. Ako je telefon uključen je u pozivu u to vrijeme, poziv mora biti prenesena na novu baznu stanicu u ono što se zove handoff.

As we noted above, there is not one unique standard for cellular, but rather a collection of competing technologies that support data traffic in different ways and deliver different speeds. These technologies are loosely categorized by "generation." The first generation (1G) was analog, and thus of limited interest from a data communications perspective. Most of the cell phone technology currently deployed is considered second generation (2G) or "2.5G" (not quite worthy of being called 3G, but more advanced than 2G). The 2G and later technologies are digital. The most widely deployed 2G technology is referred to as GSM - the Global System for Mobile Communications, which is used in more than 200 countries. North America, however, is a late adopter of GSM, which helped prolong the proliferation of competing standards.
Kao što smo već navedeno, ne postoji jedan jedinstveni standard za mobilne, nego zbirka konkurentne tehnologije koje podržavaju promet podataka na različite načine i isporučiti različitim brzinama. Te tehnologije labavo su kategorizirane od strane "generacije." Prva generacija (1G) je analogni, a time i ograničeno zanimanje iz perspektive komunikacije podataka. Većina tehnologije mobitela trenutno raspoređeno smatra druge generacije (2G) ili "2.5G" (ne sasvim dostojan se zove 3G, ali napredniji od 2G). 2G i kasnije tehnologije su digitalni. Najčešće razmještene 2G tehnologiju naziva GSM - Globalni sustav za mobilne komunikacije, koji se koristi u više od 200 zemalja. Sjevernoj Americi, međutim, kasno usvojitelj GSM, koji je pomogao produžiti proliferacija konkurentskih standarda.

Most 2G technologies use one of two approaches to sharing a limited amount of spectrum between simultaneous calls. One way is a combination of FDM and TDM. The spectrum available is divided into disjoint frequency bands, and each band is subdivided into time slots. A given call is allocated every nth slot in one of the bands. The other approach is code division multiple access (CDMA). CDMA does not divide the channel in either time or frequency, but rather uses different chipping codes to distinguish the transmissions of different cell phone users. (See Section 2.1.2 for a discussion of chipping codes.)
Većina 2G tehnologije koristiti jedan od dva pristupa dijele ograničen iznos od spektra između simultanih poziva. Jedan od načina je kombinacija FDM i TDM. Spektra dostupan je podijeljen u disjunktan frekvencijama, i svaki bend je podijeljen u vremenske odsječke. Pojedinog poziva se dodjeljuje svake enti mjesto u jednom od bendova. Drugi pristup je kodno raspodijeljeni višestruki pristup (CDMA). CDMA ne dijeli kanal u bilo kojem vremenu ili frekvencije, nego koristi različite parčad kodove za razlikovanje prijenos različitih korisnika mobitela. (Pogledajte Poglavlje 2.1.2 za raspravu o parčad koda.)

The 2G and later cell phone technologies use compression algorithms tailored to human speech to compress voice data to about 8 Kbps without losing quality. Since 2G technologies focus on voice communication, they provide connections with just enough bandwidth for that compressed speech - not enough for a decent data link. One of the first cellular data standards to gain widespread adoption is the General Packer Radio Service (GPRS), which is part of the GSM set of standards and is often referred to as a 2.5G technology.
2G i kasnije mobitel tehnologija korištenje kompresije po mjeri ljudskog govora komprimirati glasovne podatke oko 8 Kbps bez gubitka kvalitete. Budući da 2G tehnologije usredotočiti na glasovnu komunikaciju, oni daju veze sa samo dovoljno propusnost za koji komprimirani govor - nije dovoljno za pristojan podatkovne veze. Jedan od prvih stanični podataka standarde za dobivanje rasprostranjenog usvajanja je general Packer Radio Service (GPRS), koja je dio GSM skup standarda i često se naziva kao 2.5G tehnologija.

GSM networks make use of a multiplexing technique called time division multiple access (TDMA). (Confusingly, there is also a particular cellular standard that is sometimes called TDMA, but is known formally as IS-136.) You can think of TDMA as being like TDM (time division multiplexing) - traditionally used for telephone services - with the additional feature that the timeslots can be dynamically allocated to users or devices that need them (and de-allocated from devices that no longer need them). The number of timeslots that are available for GPRS at a given frequency depends on how many cellular voice calls are currently in progress, since voice calls also consume timeslots. As a result, GPRS data rates tend to be lower in busy cells. In practice, users often get between 30 and 70 Kbps - coincidentally, just about the same as a user of a dial-up modem on a landline. Nevertheless, GPRS has proven quite useful and popular in some parts of the world as a way to communicate wirelessly when faster connection methods (such as 802.11) are not available. Other 2.5G data standards have also become available and some manage to be quite a bit higher in bandwidth than GPRS.
GSM mreže koristiti tehnika multipleksiranja zove višestruki pristup s vremenskom podjelom (TDMA). (Zbunjujuće, tu je i određeni stanični standard koji se ponekad naziva TDMA, ali je poznato formalno kao IS-136.) Možete misliti TDMA kao poput TDM (multipleksiranje vremenskom raspodjelom) - tradicionalno se koristi za telefonske usluge - s dodatnim značajka koja timeslots mogu se dinamički dodjeljuju korisnicima ili uređaji koji ih trebaju (i de-dodjeljuje od uređaja koji ih više ne treba). Broj timeslots koji su dostupni za GPRS na dane frekvencije ovisi o tome koliko stanični glasovne pozive su u tijeku, jer glas poziva konzumiraju timeslots. Kao rezultat toga, GPRS podaci stope imaju tendenciju da se niže u prometnim stanicama. U praksi, korisnici često dobiti između 30 i 70 Kbps - slučajno, samo o istom kao korisnik dial-up modem na zemni kabel. Ipak, GPRS je dokazano vrlo koristan i popularan u nekim dijelovima svijeta kao način da komuniciraju bežično, kada brže povezivanje metode (kao što je 802,11) nisu dostupne. Ostali podaci 2.5G standardi također su postali dostupni i neki uspijevaju biti sasvim malo veći u propusnost od GPRS-a.

The concept of a third generation (3G) was established before there was any implementation of 3G technologies, with the aim of shaping a single international standard that would provide much higher data bandwidth. Unfortunately, at the time of writing, several mutually incompatible 3G standards are emerging. Thus, the possibility that cellular standards will continue to diverge seems quite realistic. Interestingly, all the 3G standards are based on variants of CDMA. For example, the Universal Mobile Telecommunications System (UMTS) is based on wideband CDMA (W-CDMA). UMTS appears poised to be the successor to GSM, and in fact is sometimes referred to as 3GSM (i.e., the third generation version of GSM). UMTS is intended to support data transfer rates of up to 1.92 Mbps, although real network conditions will probably result in lower rates in practice. Nevertheless, it should represent a significant performance improvement over GPRS. And like GSM, it should have quite widespread (if not actually universal) adoption around the world.
Koncept treće generacije (3G) osnovana je prije nego što je bilo provedbu 3G tehnologija, s ciljem oblikovanja jedinstvenog međunarodnog standarda koji će osigurati mnogo veća propusnost podataka. Nažalost, u vrijeme pisanja ovog teksta, više međusobno nespojive 3G standarda u nastajanju. Dakle, mogućnost da stanični standardi će i dalje razilaze čini sasvim realna. Zanimljivo, svi 3G standardima temelji se na varijanti CDMA. Na primjer, Universal Mobile Telecommunications System (UMTS) temelji se na širokopojasni CDMA (W-CDMA). UMTS izgleda spremna da bude nasljednik na GSM, a zapravo se ponekad nazivaju 3GSM (tj., treća generacija verzija GSM). UMTS je namijenjen za podršku prijenos podataka stope do 1,92 Mbit/s, iako je realna mreža uvjetima vjerojatno će rezultirati nižim cijenama u praksi. Ipak, to bi trebalo predstavljati značajno poboljšanje GPRS. I kao što je GSM, to bi trebalo imati prilično raširena (ako ne i zapravo univerzalni) usvajanje širom svijeta.

There are a number of commercial UMTS networks in operation at the time of writing with many more announced or planned. And to make it quite clear that work in this field is far from complete, we note that 3.5G and 4G standards are also in the works.
Postoji niz komercijalnih UMTS mreža u pogonu u trenutku pisanja s mnogo više najavio i planirano. A kako bi to sasvim jasno da rad na ovom polju je daleko od potpune, napominje se da 3.5G i 4G standardi su također u radovima.

Finally, it should be noted that there is a class of mobile phones that are not cellular phones but satellite phones, or sat phones. Sat phones use communication satellites as base stations, communicating on frequency bands that have been reserved internationally for satellite use. Consequently, service is available even where there are no cellular base stations. Sat phones are rarely used where cellular is available, since service is typically much more expensive. Sat phones are also larger and heavier than modern cell phones because of the need to transmit and receive over much longer distances, to reach satellites rather than cell phone towers. Satellite communication is more extensively used in television and radio broadcasting, taking advantage of the fact that the signal is broadcast, not point-to-point. High-bandwidth data communication via satellite is commercially available, but its relatively high price (for both equipment and service) limits its use to regions where no alternative is available.
Konačno, treba napomenuti da je klasa mobilnih telefona koje nisu mobilne telefone, ali satelitskim telefonima, ili sub telefone. Sub telefoni koristiti komunikacijski sateliti kao bazne stanice, komuniciranje na frekvencijama koje su rezervirane u inozemstvo za satelitske koristiti. Slijedom toga, usluga je dostupna čak i tamo gdje nema mobilne bazne stanice. Sub telefoni rijetko koriste stanični gdje je dostupna, budući da je servis obično puno skuplje. Sub telefoni su također veće i teže od moderne mobilne telefone zbog potrebe da se slati i primati preko mnogo veće udaljenosti, do satelita, a ne mobilni telefon kulama. Satelitska komunikacija je opsežno koristi u televizijskim i radio emitiranje, iskoristivši činjenicu da je signal emitira, nije point-to-point. High-bandwidth podatkovna komunikacija putem satelita je komercijalno dostupan, ali je relativno visoka cijena (za obje opreme i usluga) ograničava njegovu uporabu u područjima gdje nema alternativa je dostupna.

2.9 Summary
1,9. 2,9 SAŽETAK

This chapter introduced the hardware building blocks of a computer network - nodes and links - and discussed the five key problems that must be solved so that two or more nodes that are directly connected by a physical link can exchange messages with each other. In practice, most of the algorithms that address these five problems are implemented on the adaptor that connects the host to the link. It turns out that the design of this adaptor, and how the rest of the host interacts with it, is of critical importance in how well the network performs overall.
Ovo poglavlje uvodi blokova hardver izgradnju računalnih mreža - čvorovi i veze - i razgovarali pet ključnih problema koje treba riješiti tako da dva ili više čvorova koje su izravno vezane za fizičku sponu koja možete razmjenjivati poruke jedni s drugima. U praksi, većina algoritama koji se bave ovim pet problema provode na adapter koji povezuje domaćin link. Ispada da je dizajn ovog adaptera, i kako ostatak domaćina komunicira s njim, od ključne je važnosti u tome kako dobro mreži obavlja u ukupnom poretku.

The first problem is to encode the bits that make up a binary message into the signal at the source node and then to recover the bits from the signal at the receiving node. This is the encoding problem, and it is made challenging by the need to keep the sender’s and receiver’s clocks synchronized. We discussed four different encoding techniques - NRZ, NRZI, Manchester, and 4B/5B - which differ largely in how they encode clock information along with the data being transmitted. One of the key attributes of an encoding scheme is its efficiency, that is, the ratio of signal pulses to encoded bits.
Prvi problem je na koji će kodirati bitova koji čine binarne poruke u signal na izvoru čvor, a zatim da se oporavi od bita signala na primanje čvor. Ovo je kodiranje problem, a to je napravio izazov je potrebno zadržati pošiljatelja i primatelja satove sinkronizirane. Razgovarali smo o četiri različite tehnike kodiranja - NRZ, NRZI, Manchester, i 4B/5B - koje se razlikuju u velikoj mjeri u tome kako kodirati sat informacije zajedno s podacima se prenosi. Jedan od ključnih atributa sheme kodiranja je njegova učinkovitost, koji je, omjer signala kodiranih impulsa bitova.

Once it is possible to transmit bits between nodes, the next step is to figure out how to package these bits into frames. This is the framing problem, and it boils down to being able to recognize the beginning and end of each frame. Again, we looked at several different techniques, including byte-oriented protocols, bit-oriented protocols, and clock-based protocols.
Nakon što ga je moguće prenijeti bitova između čvorova, sljedeći korak je shvatiti kako to paket tih bitova u okvire. To je kadriranje problem, a to se svodi na bitak u mogućnosti to prepoznati početku i kraju svakog okvira. Opet smo gledali na nekoliko različitih tehnika, uključujući i bajt-orijentirani protokoli, bit-orijentirane protokole, i sat na temelju protokola.

Assuming that each node is able to recognize the collection of bits that make up a frame, the third problem is to determine if those bits are in fact correct, or if they have possibly been corrupted in transit. This is the error detection problem, and we looked at three different approaches: cyclic redundancy check, two-dimensional parity, and checksums. Of these, the CRC approach gives the strongest guarantees and is the most widely used at the link level.
Pretpostavljajući da je svaki čvor je u stanju prepoznati zbirka bitova koji čine okvir, treći problem je da utvrdi da li ti komadići zapravo su točne, ili ako se eventualno oštećen u tranzitu. To je problem otkrivanje pogrešaka, a gledali smo na tri različita pristupa: provjera cikličke zalihosti, dvodimenzionalni paritet, i checksumova. Od tih, CRC pristup daje najjači jamstva i je većina naširoko koristi na link razini.

Given that some frames will arrive at the destination node containing errors and thus will have to be discarded, the next problem is how to recover from such losses. The goal is to make the link appear reliable. The general approach to this problem is called ARQ and involves using a combination of acknowledgments and timeouts. We looked at three specific ARQ algorithms: stop-and-wait, sliding window, and concurrent channels. What makes these algorithms interesting is how effectively they use the link, with the goal being to keep the pipe full.
S obzirom da su neki okviri će stići na odredište čvor sadrži pogreške, a time će biti odbačene, sljedeći problem je kako da se oporavim od takve gubitke. Cilj je da se link pojavi pouzdan. Opći pristup ovom problemu se zove ARQ, a uključuje korištenje kombinaciju priznanja i vremenska ograničenja. Mi smo gledali na tri specifične ARQ algoritme: stop-i-čekati, klizni prozor, i istodobno kanala. Ono što čini ove algoritmi zanimljivo je kako učinkovito koriste vezu, s ciljem kako bi se cijevi pune.

The final problem is not relevant to point-to-point links, but it is the central issue in multiple-access links: how to mediate access to a shared link so that all nodes eventually have a chance to transmit their data. In this case, we looked at a variety of media access protocols - Ethernet, token ring, and several wireless protocols - which have been put to practical use in building local area networks. The Ethernet and token ring media access protocols are notable for their distributed nature - there is no central arbitrator of access. Media access in wireless networks is made more complicated by the fact that some nodes may be "hidden" from each other due to range limitations of radio transmission. Most of the common wireless protocols today designate some nodes as "wired" or "base-station" nodes, while the other "mobile" nodes communicate with a base station. Wireless standards and technologies are rapidly evolving, with mesh networks, in which all nodes communicate as peers, now starting to emerge.
Konačna problem nije relevantan za point-to-point linkove, ali to je središnje pitanje u višestrukog pristupa linkovi: kako posredovati pristup zajedničkim link tako da svi čvorovi na kraju imati priliku prenijeti svoje podatke. U ovom slučaju, gledali smo u raznim medijima pristup protokoli - Ethernet, Token ring, i nekoliko bežični protokoli - koje su staviti na praktičnu primjenu u izgradnji lokalnih mreža. Ethernet i Token ring pristup medijima protokoli su poznati za njihove distribuirane naravi - nema središnje arbitra pristupa. Mediji pristup bežičnim mrežama je napravio više komplicira činjenica da su neki čvorovi mogu biti "skrivene" jedni od drugih zbog ograničenja raspon radio prijenosa. Većina uobičajenih bežične protokole danas odrediti nekim čvorovima kao "wired" ili "baza-stanica" čvorova, dok je drugi "mobitel" čvorovi komuniciraju sa bazne stanice. Wireless standardi i tehnologije brzo se razvija, s mreže mreže, u kojoj su svi čvorovi komuniciraju kao vršnjaka, sada počinju da se pojavljuju.

Open Issue (Sensor Networks)
1,10. Otvoreno pitanje (senzorskih mreža)

A sensor network is a wireless network of many nodes - up to tens of thousands - whose purpose is to monitor some aspect of the geographic area over which it is spread. The nodes are equipped with one or more types of sensor that allow them to detect, for example, sound, motion, radiation, or chemicals. Some example applications of sensor networks are monitoring a battleground to detect the locations of enemy forces, monitoring a natural environment for pollutants or seismic activity, and monitoring temperature throughout a building to optimize climate control.
Senzor mreža je bežična mreža mnogih čvorova - do nekoliko desetaka tisuća - čiji je cilj nadzirati neki aspekt zemljopisnom području nad kojim je raširena. Čvorovi su opremljeni s jednom ili više vrsta senzora koji će im omogućiti da otkriju, na primjer, zvuk, pokret, zračenja ili kemikalija. Neki primjer primjene senzorskih mreža prate bojno polje za otkrivanje mjesta neprijateljskih snaga, praćenje prirodni okoliš za onečišćujuće tvari, ili seizmička aktivnost, kao i nadzor temperature u cijeloj zgradi kako bi optimizirali kontrolu klime.

The nodes in a sensor network must be low cost because of the quantity involved, and must use very little power because they are generally battery powered. These minimal nodes are perhaps better described as devices rather than computers. There is an open-source operating system called TinyOS designed specifically for the constraints of these devices. Researchers are pursuing development of smart dust - sensor network nodes called motes
 whose size is on the order of millimeters.
Čvorovima u mreži senzora mora biti niska cijena, jer količine su uključeni, i mora koristiti vrlo malo energije, jer oni su uglavnom na baterije. Ovi minimalni čvorovi možda su bolje opisati kao naprave nego računala. Tu je open-source operativni sustav nazvan TinyOS dizajniran posebno za ograničenja tih uređaja. Istraživači su slijedila razvoj pametnih prašine - senzor čvorišta mreže pod nazivom motes čija veličina je na red milimetara.

Although the sensor information is ultimately routed to a base station, most of the nodes are not directly linked to the base station. Instead they communicate only with their nearest neighbors, who forward the data to their neighbors until it reaches the base station. This uses less power than transmitting over a longer distance, and allows the sensor network to extend beyond the range of a single link. One of the open questions about sensor networks is how a node should determine which node to transmit or forward data to. In one technique, the nodes form clusters. Each cluster designates one node as cluster head, and all data is routed via cluster heads. In a technique that blurs the line between network and application, nodes called aggregation points collect and process the data they receive from neighboring nodes, then transmit the processed data. By processing the data incrementally, instead of forwarding all the raw data to the base station, the amount of traffic in the network (and the power consumed) is reduced. Further complicating the issue of how to organize the network is the possibility of nodes failing, perhaps because of battery exhaustion, and the possibility of nodes being dynamically added to an existing network.
Iako je senzor informacije u konačnici je preusmjeren na baznu stanicu, većina od čvorova nisu izravno povezane na bazu. Umjesto toga, oni komuniciraju samo sa svoje najbliže susjede, koji su naprijed podatke svojih susjeda dok ne dođe do bazne stanice. To koristi manje energije od prijenosa na duže udaljenosti, te omogućuje senzor mrežu proširiti izvan raspon pojedini link. Jedno od otvorenih pitanja o senzorskih mreža je kako treba odrediti čvor koji čvor za prijenos ili proslijediti podatke. U jednoj tehnici, čvorovi obliku klastera. Svaki klaster označava jedan čvor kao klaster glave, a svi podaci je preusmjeren preko klastera glave. U tehniku koja zamagljuje granicu između mreže i aplikacija, čvorovi se zove agregacija bodova prikupljati i obrađivati podatke oni primaju iz susjednih čvorova, a zatim prijenos obrađenih podataka. Obradom podataka postupno, umjesto prosljeđivanja svih sirove podatke na baznu stanicu, količinu prometa u mreži (i potrošnja snage) je smanjena. Daljnje komplikuje pitanje kako organizirati mrežu je mogućnost čvorova nije, možda zbog iscrpljenosti akumulatora, kao i mogućnost čvorova se dinamički dodan u postojeće mreže.

Another open issue for sensor networks is localization or location discovery - determining the locations of nodes. Suppose the nodes are deployed by dropping them from an aircraft, as might be the case for, say, military or environmental monitoring. Then neither the node nor the base station would know where a node is. And yet that geographical information is crucial; we need to know the location of that seismic activity or enemy tank. GPS is considered too expensive and consumes too much power for the majority of nodes. A typical solution requires a few nodes called beacons to determine their own absolute locations based on GPS or manual configuration. The majority of nodes can then derive their absolute location by combining an estimate of their position relative to the beacons with the absolute location information provided by the beacons.
Drugi otvoreno pitanje za senzorskih mreža je lokalizacija ili lokaciju otkrića - određivanje lokacije čvorova. Pretpostavimo čvorovi su razmješteni po ispustite ih iz zrakoplova, kao što može biti slučaj za, recimo, vojni ili nadziranje okoliša. Tada ni čvor ni bazne stanice bi znati gdje je čvor. A ipak, to je presudno geografski podaci, moramo znati mjesto koje seizmička aktivnost ili neprijateljski tenk. GPS se smatra preskup i troši previše energije za većinu čvorova. Tipično rješenje zahtijeva nekoliko čvorova zove beacons bi se utvrdio njihov vlastiti apsolutni lokacija temelji se na GPS-a ili ručno podešavanje. Većina čvorova onda mogu izvući njihove apsolutne lokacije kombiniranjem procjenu svoje pozicije u odnosu na pratilice s apsolutnim mjesto informacijama koje je beacons.

Further Reading
1,11. Daljnje čitanje

One of the most important contributions in computer networking over the last 20 years is the original paper by Metcalf and Boggs (1976) introducing the Ethernet. Many years later, Boggs, Mogul, and Kent (1988) reported their practical experiences with Ethernet, debunking many of the myths that had found their way into the literature over the years. Both papers are must reading. The third and fourth papers discuss the issues involved in integrating high-speed network adaptors with system software.
Jedan od najvažnijih doprinosa u umrežavanje računala tijekom posljednjih 20 godina je izvorni papira Metcalf i Boggs (1976) uvođenje Ethernet. Mnogo godina kasnije, Boggs, Mogul, a Kent (1988) izvijestili su njihova praktična iskustva s Ethernet, raskrinkavanje mnoge od mitova koji su pronašli svoj put u literaturi tijekom godina. Oba su radovi moraju čitati. Treći i četvrti radova raspravljati o pitanjima vezanim za integraciju high-speed mreža adapteri s sistemskog softvera.

Metcalf, R., and D. Boggs. "Ethernet: Distributed Packet Switching for Local Computer Networks." Communications of the ACM 19(7):395-403, July 1976.
Boggs, D., J. Mogul, and C. Kent. "Measured Capacity of an Ethernet." Proceedings of the SIGCOMM ’88 Symposium, pp. 222-234, August 1988.
Metcalf, R. "Computer/Network Interface Design Lessons from Arpanet and Ethernet." IEEE Journal of Selected Areas in Communication (JSAC) 11(2):173 - 180, February 1993.
Druschel, P., M. Abbott, M. Pagels, and L. L. Peterson. "Network Subsystem Design." IEEE Network (Special Issue on End-System Support for High-Speed Net-works)7(4):8-17, July 1993.
There are countless textbooks with a heavy emphasis on the lower levels of the network hierarchy, with a particular focus on telecommunications - networking from the phone company’s perspective. Books by Spragins et al. [SHP91] and Minoli [Min93] are two good examples. Several other books concentrate on various local area network technologies. Of these, Stallings’s book is the most comprehensive [Sta00], while Jain gives a thorough description of FDDI [Jai94]. Jain’s book also gives a good introduction to the low-level details of optical communication. Also, a comprehensive overview of FDDI can be found in Ross’s article [Ros86].
Postoji bezbroj udžbenika s teškim naglaskom na nižim razinama mreže hijerarhije, s posebnim naglaskom na telekomunikacijama - umrežavanje s telefona tvrtke perspektive. Knjige Spragins et al. [SHP91] i Minoli [Min93] su dva dobra primjera. Nekoliko drugih knjiga koncentriraju na različite lokalne mrežnih tehnologija. Od tih, Stallings knjiga je najopsežniji [Sta00], dok Jain daje temeljit opis FDDI [Jai94]. Jain's knjiga također daje dobar uvod u low-level detalje optičkih komunikacija. Također, sveobuhvatan pregled FDDI može se naći u Ross's članak [Ros86].

For an introduction to information theory, Blahut’s book is a good place to start [Bla87], along with Shannon’s seminal paper on link capacity [Sha48].
Za uvod u teoriju informacija, Blahut knjiga je dobro mjesto za početak [Bla87], zajedno s Shannon poticajnom radu na link Kapacitet [Sha48].

For a general introduction to the mathematics behind error codes, Rao and Fujiwara [RF89] is recommended. For a detailed discussion of the mathematics of CRCs in particular, along with some more information about the hardware used to calculate them, see Peterson and Brown [PB61].
Za opći uvod u matematiku iza šifre pogrešaka, Rao i Fujiwara [RF89] je preporučeno. Za detaljnu raspravu o matematici CRCs posebno, uz neke dodatne informacije o hardveru koristi za njih izračunati, vidi Peterson i Brown [PB61].

On the topic of network adaptor design, much work was done in the early 1990s by researchers trying to connect hosts to networks running at higher and higher rates. In addition to the two examples given in the reading list, see Traw and Smith [TS93], Ramakrishnan [Ram93], Edwards et al. [EWL+94], Druschel et al. [DPD94], Kanakia and Cheriton [KC88], Cohen et al. [CFFD93], and Steenkiste [Ste94a]. Recently, a new generation of interface cards, ones that utilize network processors, are coming onto the market. Spalink et al. demonstrate how these new processors can be programmed to implement various network functionality [SKPG01].
Na temu mrežni prilagodnik dizajna, puno posla je učinjeno u ranim 1990-ih od strane istraživača pokušava povezati domaćini mreža radi na višim i višim cijenama. Osim ova dva primjera dati u čitanju popisa, vidi Traw i Smith [TS93], Ramakrishnan [Ram93], Edwards i sur. [EWL 94], Druschel et al. [DPD94], Kanakia i Cheriton [KC88], Cohen et al. [CFFD93], i Steenkiste [Ste94a]. Nedavno, nova generacija kartica za sučelja, one koje koriste mrežu procesora, dolazi na tržište. Spalink et al. pokazati kako ovi novi procesori može biti programiran za provedbu različitih mreža funkcionalnost [SKPG01].

For general information on computer architecture, Hennessy and Patterson’s book [HP06] is an excellent reference.
Za opće informacije o računalnoj arhitekturi, Hennessy i Patterson's book [HP06] je odlična referenca.

Finally, we recommend the following live reference:
Na kraju, preporučujemo sljedeće živjeti referenca:

http://standards.ieee.org/: Status of various IEEE network-related standards.
http://standards.ieee.org/: Status raznih IEEE mreže povezane standardima.
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� Strictly speaking, 802.11 is a set of standards.


� scarce … jedva


� burden … teret


� mere fact … puka činjenica


� subtlety … suptilnost


� It's unlikely that a packet could be delayed in this way on a point-to-point link, but later on we will see this same algorithm used on more complex networks where such delays are possible.


� Easy, that is, if we know the delay and the bandwidth. Sometimes we do not, and estimating them well is a challenge to protocol designers. We discuss this further in Chapter 5.


� To be more precise, all adaptors wait 9.6 (s after the end of one frame before beginning to transmit the next frame. This is true for both the sender of the first frame, as well as those nodes listening for the line to become idle.


� We will see an exception to this in Section 2.7.4.


� beacon frame … okvir za označavanje (beacon … svjetionik)


� wavy pair … valovit par


� mesh … mreža


� There is some debate over whether Wi-Fi stands for "wireless fidelity," by analogy to Hi-Fi, or whether it is just a catchy name that doesn't stand for anything other than 802.11.


� This ACK was not part of the original MACA algorithm, but was instead proposed in an extended version called MACAW: MACA for Wireless LANs.


� motes … čestice





