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8. Signalizace

8.1. Druhy signalizace v systémech 1. a 2. generace

U systém( 1. a 2. generace se vnitfni signalizace, ktera se pfenasi mezi fidicimi ¢astmi
ustfedny, oznaduje téz jako signalizace mezistupnova. Signalizace pfenasena mezi
ustfednami se oznacuje jako signalizace sit'ova. U spojovacich systém( 2. generace se

mezistupnova a sitova signalizace déli na
= registrovou signalizaci

= linkovou signalizaci

8.1.1. linkova signalizace
- mezi spojovacimi systémy na ruznych spojovacich vedenich (dvoudratové, Ctyfdratoveé, ...),

dohlizi na spojeni po celou dobu jeho trvani

8.1.2. registrova signalizace
- uplathuje se pfi vystavb& spojovaci cesty, kdy jsou v Cinnosti spolupracujici registry a

prislusné kédoveé prijimace-vysilace, nejcastéji se pouziva multifrekvenéni mfc R2
rozdéleni dle mista pfenosu:
e vnitfni (mezistupriova)
e sitova

e (Castnicka

8.2. Linkova signalizace
signalizace typu P

- vychazi ze stejnposmérné signalizace spojovaciho systému P 51, ze strany synchronnich
systému se pracuje stejnosmérnymi impulsy, véetné prenosu volby a tarifikacnich impulsa, u
asynchronnich systém( pfenos ucastnické volby pfebira MFC registrova signalizace R2.
Jednotlivé Fidici signaly jsou vyjadfeny rliznymi potencialy na a, b dratech a doplnény stavy na
¢ drétu.

signalizace typu |

- u impulsni signalizace jsou dopfedné a zpétné znacky vysilany tfemi rdznymi délkami
impulsl, modulovanymi signalem o kmito¢tu napf. 50 Hz (dle typu pfenosového systému),

kratky impuls (40az85)ms, stfedni impuls (250az350)ms, dlouhy impuls (950az2000)ms.
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= dvoudratové okruhy — 50 Hz

= (Ctyfdratové okruhy — 2280 Hz

signalizace typu T

- trvalou signalizaci je mozné pouzit pouze na &tyfdratovych okruzich, v dopfedném i ve
zpétném sméru jsou trvale vysilany fidici signaly a to po jednom dvoudratovém okruhu v
dopfedném sméru a po druhém ve zpétném , na kmito€tu napf. 3 825 Hz (mimo hovorové

pasmo), v pribéhu vystavby spojovaci cesty je doplnéna signalizaci MFC R2.

signalizace typu K

Pouziva se pro PCM 30/32 nejCastéji doplnéna o MFC-R2 (K+MFC-R2),v yuziva 2.
signalizaéni kanaly (bity a,b) v 16. Kl pro kazdy smér pfenosu. Pfi digitalnim spojeni do
ustfeden bez moznosti MFC-R2 se vysila volba impulsné (K+DEC), DEC=dekadika.

» signalizace K je signalizace typu CAS (Channel Associated Signalling), tzn. pro kazdy

hovorovy kanal ma rezervovany a pevné pfidéleny signalizaéni kanal pro linkovou signalizaci.

> laskavy ¢tenaf promine nékolik poznamek k PCM 30/32 pro zopakovani: Kl = time slot neboli
Casova pozice kanalu v ramci, 32 kanalovych intervall po osmi bitech tvofi ramec, Sestnact
ramcu vytvafi multiramec, v jednom ramci je 30 hovorovych kanalG a dva sluzebni (0.KI a
16.Kl), 0.KI pfenasi synchronizac¢ni znacky ramcové synchronizace, 16.Kl pfenasi znacky
linkové signalizace, v ostatnich Kl se pfenasi znacky registrové signalizace (pokud se
pouzije) a hovorové vzorky, 15 po sobé jdoucich ramcl prenese v 16 Kl linkovou signalizaci
pro v8ech 30 hovorovych kanall, prvni pfenaseny ramec multiramce obsahuje v 16 Kl
multiramcovou synchroniza¢ni zna¢ku 00001011 - zacdatek multiramce, fyzické parametry
digitalniho rozhrani dle ITU-T G.703 a G.704.

> pro kazdy hovorovy kanal jsou rezervovany v 16 Kl pfislusného ramce 4 bity abcd, zatimco v
nékterych zemich se pouzivaji az tfi bity v Ceské varianté se pouzivaji dva bity ab, bit c je
trvale nastaven ¢=0 a bit d=1.

» pro sestaveni spojeni je nutné pfenaset informace o Cisle volaného a k tomu se nejlépe pro
signalizaci K hodi registrova signalizace MFC-R2 (doporuceni ITU-T Q.421-Q.424)

> signalizace K se provozuje ve variantdch K+DEC (dekadicka volba), K+ MFC (registrova MFC-
R2), K+DTMF (pouziva se pouze ve vyjimecnych pfipadech K/U pfevodnik(l = pokud je pouzit
MUX, ktery pfevadi signalizaci K na uc&astnickou sig. U, ustfedna je tedy pfipojena na
analogové rozhrani se smyckovou signalizaci, napf. pfipojeni na P51, miize byt dokonce

obousmérné!!!).V narodni verzi se obé varianty (K+DEC, K+MFC) pouzivaji zasadné jako
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jednosmérné, pficemz se PCM trakt mlze rozdélit na pfichozi a odchozi kanaly, obvykle
15/15.

> prehled znacek K signalizace (d-dopofedna, z-zpétna), neuvadim napojeni, flash a blokaci:

klid 10z
obsazeni 00d
potvrzeni obsazeni 11z
impuls volby 01d 60ms
mezera volby 00d 40ms

mezicislicova mezera 00d 800-1000 ms

prihlaseni 01z 600 ms
tarifni impulz 00z 100 ms
zachyceni 10z
zavér 11z
vybaveni 10d
zpétné vybaveni 00z

» tarifni impulz 00 po 100 ms pfejde do mezery mezi tarifnimi imp. 01, coz je stav pfihlaSeni a

zUstava do pfichodu dal$iho tarif. impulzu

Princip pfemény analogové vyjadienych fidicich signalii na digitalni a naopak

Signalizace z anal. systém( 1. a 2. generace pfichazi po a,b dratech do A/D pfevodniku, pro
zpracovani signalizace se pouZziva signalizaCni adaptor SA, ktery pfijima anal. fidici signaly a
pfeméfuje je na impulsy vyjadiené zemnim potencidlem, vysilaji se po signalizacnim draté M do

koncového zafizeni multiplexu KZM, kde se pfeméni na digitalni tvar a zafadi do multiplexu PCM.

SA M_| KZM PCM
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Ridici pfijaté z PCM v digitalnim tvaru se v KZM pfeméni na impulsy vejadiené zemnim
potencidlem a pfedavaji se po signalizatnim draté E do signalizacniho adaptoru, odtud se

v analogové vyjadfenymi signaly pfedavaji po dratech a,b do analogové ustiedny.

Prvni pricip feSeni predstavuje pouziti 30-ti SA, z nichz vychazi 30 E&M drata vstupujicich do
KZM, digitalné vyjadifena informace se zarazuje do kanalového intervalu Kl 16 multiplexu PCM,

hovorové signaly jsou zafazovany do pfisliSnych Kl 1 az 15 a Kl 17 az 31.

a.b ab
AT oy E—M— KZM Ec KzM =M — s ab g

Efektivnéjsi zpusob spociva v SW FeSeni zpracovani signalizace, indikovani signall na draté E a
generovani signall na draté M se uskuteCriuje pomoci snimace S (Scanner) a rozdélovace D
(Distributor), oba prvky jsou fizeny jednotkou CU (Control Unit), nevyhodou zlstava pfeména
z digitalniho tvaru prostfednictvim E&M na analogovy a naopak. Toto feSeni se oznacuje jako

zpracovani signalizace pomoci bloku elektronickych pfenaseci E&M.

a.b
EEgM L
ab
. i KZM PCM
|
D S
Cu

Pfi plné digitdlnim zpracovani musi byt kazdy blok KZM vybaven vlastnim datovym adaptorem
LDA (Local Data Adaptor). Tento adaptor je pfes rozhrani J 64 propojen se signalizacnim
adaptorem . Zde se pfenasi fidici informace mezi KZM a fidici jednotkou CU. Metoda piné

digitalniho zpracovani ma vyhodu vtom, Ze signalizaéni informace nejsou konvertovany
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prostfednictvim E&M signalizace. Signalizaéni informace jsou pfenaSeny mezi Kl 16 a fidici
jednotkou CU, signalizace se sméruje na datovy adaptor LDA, osmibitova slova se vysilaji
rychlosti 64 kbit/s do signalizacniho terminalu CAST (Channel Associated Signaling Terminal).
CAST predava signaliza¢ni informace vcetné jejich prislusnosti k uréitému hovorovému kanalu do

fidici jednotky CU. V opacném sméru CAST vytvafi obsah 16 Kl vEetné multiramcového soubéhu.

8.3. Registrova signalizace MFC-R2

Pro dopfedné znacky se pouzivaji skupiny | a ll, pro zpétné skupiny A a B, nejdfive si registry
vyménuji znacky skupiny | se skupinou A, po pfechodu (A-3) se pfechazi na skupinu Il se
skupinou B. Jedna z uzite€nych vlastnosti je pfeneseni Cisla volajiciho (ANI - Automatic Number
Identification), pouziva se k tomu opakovana znacka A-5, proces zachyceni identifikace volajiciho
muze byt vyvolan kdykoliv béhem spojeni, v nékterych zemich (napf. Finsko) nedojde k pfihlaseni
pokud neni volajici identifikovan. Funkce ANI pouZivana zvasté u digitalnich PBX, které si
vyZadaji identifikaci volajiciho b&hem kdodové vymény a zobrazuji toto Cislo na displejich
digitalnich pfistroji nebo zapisuji do databazi pro pfichozi tarifikaci, funkce ANI u PBX je v CR k
nemilé radosti Telecomu velice oblibena a veSkeré poc&ateéni snahy Telecomu znemoZnit
identifikaci volajiciho z vefejné sité vysly naprazdno, protoze ustfedny SEL 100 S12 a EWSD se

nastésti fidi doporu¢enim ITU-T .
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» znacky MFC-R2 registrové signalizace - uvedu pouze nejpouzivanéjsi:

I-1az1-10 ¢islice 1az 0

1-12 ANI neni mozné

I-15 konec ANI, konec volby

-1 uc. nebo AT (spojovatelka) bez moznosti napojeni

-2 uc. s prednosti (moznost ¢ekani ve fronté)

-5 narodni AT s moznosti napojeni

A-1 vysilat Cislici n+1

A-3 adresa neuplnd, pfechod B-znacky a vysilat kategorii volajiciho
A-4 nepriichodnost

A-5 vysilat kategorii volajiciho &i vysilat ANI po pfedchozi A-5

A-6 adresa uplna, propojit hovorovou cestu a po pfihlaseni tarifovat
B-3 u¢. obsazen, napojeni mozné

B-4 nepriichodnost

B-5 neexistujici U¢.

B-6 uc. volny, tarifovat

B-7 ug. volny, netarifovat

8.4. Signalizace v digitalnich systémech a sitich

Signalizace na PCM 30/32
CAS - kanalové orientovana signalizace (pfifazena hovorovym kanaliim) — jde o signalizaci

K doplnénou o MFC-R2, volba se pfenasi v hovorovém Kil, zatimco u K+DEC je volba
pfenasena v 16 KI.

CCS - signalizace spoleénym kanalem — jedna se o centralizovany pfenos signalizacnich

zprav po spole¢nych kanalech,

8.5. Signalni systém CCITT ¢.6
- vSechny potfebné informace pro spolupraci dvou Ustfeden jsou pfenaseny ve spoleéném

signalizacnim kanale, signalizace se pfenasi po zvlastnim signalizacnim kanale obousmérné
rychlosti 2 400bit/s

- pfenasena zprava nese informaci o okruhu, ke kterému patfi, umozfiuje sledovani provozu,
lokalizaci poruch a z&vad, vytvafeni provoznich statistik (jednotlivé zpravy maji konstantni
délku 28 bitu)
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- SS CCITT ¢&.6 byl plivodné uréen pro analogové kanaly, byl vSak ¢asem pfizpusoben i
pro pfenos po digitalnich kanalech (ve tfech variantach), pro digitalni telekomunikacni

sité byla CCITT signalizace ¢.7

8.6. Signalizace ¢.7.
- vyuziva se spole¢ny digitalni kanal (vyhrazeny s pfenosovou rychlosti 64 kbit/s nebo celé

ISDN PRI toky), je pfedpokladem k zavedeni ISDN, kde kazda sluzba je samostatnym
uzivatelem signalizace. Vychazi z modelu OSI (Open System Interconnection), ktery
popisuje sedm vrstev. V signalizaci €.7. nam postaci definovat C&tyfi urovné (fyzicka,

linkova, sitova a uZivatelska)

N i
Ui'ﬂt_f.llsw tetefonn datot ostatni Uraved 4
[

o
~Fizen! signolizadni it
- ZPracevan| Epravy ,
-rd rova | uroved 3
pfenoseva
dost
. \\\ F‘ -1 L I1 ¥
NG pFijirmad wysitad deoved 2
'\\ kentrala cnyb :
‘"\. [}
5 )
b ¥
h isticovy prenosovy kanal . roveh 1

layer - physical, link, net, user

o fyzicka vrstva — je nejblize pfenosovému prostiedi, zajiStuje pfijem/vysilani zprav v kédu

HDB3, multiplexace/demulttiplexace signaliza¢nich zprav
e linkova (spojovaci) — zabezpecuje prenos, detekce/korekce chyb, kontrola chybovosti

e sitova — zpracovani signalizanich zprav, fizeni signalizacni sité

koncepce vychazi z rozdéleni signalizace na dvé asti:
o MTP (Message Transfer Part), pfenosova ¢ast MTP1 az MTP3 — pfenos signalizaénich zprav

o UP (User Part), uzivatelska ¢ast — zpracovani signalizanich zprav
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Formaty signalizaénich zprav

- format zpravy mezi uzivatelskou a pfenosovou ¢asti (mezi 3. a 4. vrstvou)

zprdva adresa ;ﬁ:g .
okruhu cilovy SP [zdrojovy SP )
8.n 12 14 % 8

- format zpravy mezi fyzickou a linkovou vrstvou (1. a 2.)

synchr. | kontrola | zprdva | adresa | vyznak| indik. | pofadi {potvrz. | synchr.
délky

8 16 8.n 40 8 8 8 8 8

zprava z UP

Asociativni pfenos signalizace:
signaliza&ni a hovorova cesta je stejna
Kvaziasociativni prenos signalizace:

signalizani a hovorova cesta je rGzna

————— signalizatni  cesta
hovorova cesta

Signalizaéni zpravy SS7

IAM — Initial Address Message

SAM — Subsequent Address Message (nese Cislice pfi volbé)
ACM — Address Complete Message (informace o volbé je Uplna)
ANM — ANswer Message (pfihlasenti)

CPG - Call ProGress (pred pfihlasenim)

REL — RELease
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RLC — RelLease Completed

Adresace ma tfi ¢asti:
OPC - originating point code
DPC - destination point code

SLS - signaling link selection

8.7. Signaling System 7 - SS7R2

Definition and Overview

Signaling System 7 (SS7) is an architecture for performing out-of-band signaling in support of the
call-establishment, billing, routing, and information-exchange functions of the public switched
telephone network (PSTN). It identifies functions to be performed by a signaling-system network
and a protocol to enable their performance. The signaling architecture SS7 defines a completely
new and separate signaling network. The network is built out of the following three essential

components, interconnected by signaling links:

signal switching points (SSPs)—SSPs are telephone switches (end offices or tandems)
equipped with SS7-capable software and terminating signaling links. They generally originate,

terminate, or switch calls.

signal transfer points (STPs)—STPs are the packet switches of the SS7 network. They receive
and route incoming signaling messages towards the proper destination. They also perform

specialized routing functions.

signal control points (SCPs)—SCPs are databases that provide information necessary for

advanced call-processing capabilities.

Once deployed, the availability of SS7 network is critical to call processing. Unless SSPs can
exchange signaling, they cannot complete any interswitch calls. For this reason, the SS7 network
is built using a highly redundant architecture. Each individual element also must meet exacting
requirements for availability. Finally, protocol has been defined between interconnected elements
to facilitate the routing of signaling traffic around any difficulties that may arise in the signaling

network.

To enable signaling network architectures to be easily communicated and understood, a standard
set of symbols was adopted for depicting SS7 networks. Figure 2 shows the symbols that are

used to depict these three key elements of any SS7 network.
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Figure 2. Signaling Network Elements

O 4 &

S5P STP SCP
Signaling Switching Signaling Transfer Signaling Gonirel
Point Point Point

STPs and SCPs are customarily deployed in pairs. While elements of a pair are not generally co-
located, they work redundantly to perform the same logical function. When drawing complex
network diagrams, these pairs may be depicted as a single element for simplicity, as shown in
Figure 3.

Figure 3. STP and SCP Pairs

“u

STP Pair SCP Pair

Basic Signaling Architecture

Figure 4 shows a small example of how the basic elements of an SS7 network are deployed to
form two interconnected networks.

Figure 4. Sample Network
Network 1 Network 2

i Subscriber Line  =gra—
A Voice Trunk
| ——— Signaling Link
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The following points should be noted:

1. STPs W and X perform identical functions. They are redundant. Together, they are
referred to as a mated pair of STPs. Similarly, STPs Y and Z form a mated pair.

2. Each SSP has two links (or sets of links), one to each STP of a mated pair. All SS7
signaling to the rest of the world is sent out over these links. Because the STPs of a
mated pair are redundant, messages sent over either link (to either STP) will be treated
equivalently.

3. The STPs of a mated pair are joined by a link (or set of links).

4. Two mated pairs of STPs are interconnected by four links (or sets of links). These links
are referred to as a quad.

5. SCPs are usually (though not always) deployed in pairs. As with STPs, the SCPs of a pair
are intended to function identically. Pairs of SCPs are also referred to as mated pairs of
SCPs. Note that they are not directly joined by a pair of links.

6. Signaling architectures such as this, which provide indirect signaling paths between
network elements, are referred to as providing quasi-associated signaling.

Call Setup Example

Before going into much more detail, it might be helpful to look at several basic calls and the way in
which they use SS7 signaling (see Figure 6).

Figure 6. Call Setup Example

= - Subscriber Line - -
Vioice Trunk
Signaling Link

In this example, a subscriber on switch A places a call to a subscriber on switch B.

1. Switch A analyzes the dialed digits and determines that it needs to send the call to switch
B.

2. Switch A selects an idle trunk between itself and switch B and formulates an initial
address message (IAM), the basic message necessary to initiate a call. The IAM is
addressed to switch B. It identifies the initiating switch (switch A), the destination switch
(switch B), the trunk selected, the calling and called numbers, as well as other information
beyond the scope of this example.

3. Switch A picks one of its A links (e.g., AW) and transmits the message over the link for
routing to switch B.
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4. STP W receives a message, inspects its routing label, and determines that it is to be
routed to switch B. It transmits the message on link BW.

5. Switch B receives the message. On analyzing the message, it determines that it serves
the called number and that the called number is idle.

6. Switch B formulates an address complete message (ACM), which indicates that the IAM
has reached its proper destination. The message identifies the recipient switch (A), the
sending switch (B), and the selected trunk.

7. Switch B picks one of its A links (e.g., BX) and transmits the ACM over the link for routing
to switch A. At the same time, it completes the call path in the backwards direction
(towards switch A), sends a ringing tone over that trunk towards switch A, and rings the
line of the called subscriber.

8. STP Xreceives the message, inspects its routing label, and determines that it is to be
routed to switch A. It transmits the message on link AX.

9. On receiving the ACM, switch A connects the calling subscriber line to the selected trunk
in the backwards direction (so that the caller can hear the ringing sent by switch B).

10. When the called subscriber picks up the phone, switch B formulates an answer message
(ANM), identifying the intended recipient switch (A), the sending switch (B), and the
selected trunk.

11. Switch B selects the same A link it used to transmit the ACM (link BX) and sends the
ANM. By this time, the trunk also must be connected to the called line in both directions
(to allow conversation).

12. STP X recognizes that the ANM is addressed to switch A and forwards it over link AX.

13. Switch A ensures that the calling subscriber is connected to the outgoing trunk (in both
directions) and that conversation can take place.

14. If the calling subscriber hangs up first (following the conversation), switch A will generate a
release message (REL) addressed to switch B, identifying the trunk associated with the
call. It sends the message on link AW.

15. STP W receives the REL, determines that it is addressed to switch B, and forwards it
using link WB.

16. Switch B receives the REL, disconnects the trunk from the subscriber line, returns the
trunk to idle status, generates a release complete message (RLC) addressed back to
switch A, and transmits it on link BX. The RLC identifies the trunk used to carry the call.

17. STP X receives the RLC, determines that it is addressed to switch A, and forwards it over
link AX.

18. On receiving the RLC, switch A idles the identified trunk.
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Database Query Example

People generally are familiar with the toll-free aspect of 800 (or 888) numbers, but these numbers
have significant additional capabilities made possible by the SS7 network. 800 numbers are virtual
telephone numbers. Although they are used to point to real telephone numbers, they are not
assigned to the subscriber line itself.

When a subscriber dials an 800 number, it is a signal to the switch to suspend the call and seek
further instructions from a database. The database will provide either a real phone number to
which the call should be directed, or it will identify another network (e.g., a long-distance carrier) to
which the call should be routed for further processing. While the response from the database could
be the same for every call (as, for example, if you have a personal 800 number), it can be made to
vary based on the calling number, the time of day, the day of the week, or a number of other
factors. The following example shows how an 800 call is routed (see Figure 7).

Figure 7. Database Query Example

1. A subscriber served by switch A wants to reserve a rental car at a company's nearest
location. She dials the company's advertised 800 number.

2. When the subscriber has finished dialing, switch A recognizes that this is an 800 call and
that it requires assistance to handle it properly.

3. Switch A formulates an 800 query message including the calling and called number and
forwards it to either of its STPs (e.g., X) over its A link to that STP (AX).

4. STP X determines that the received query is an 800 query and selects a database suitable
to respond to the query (e.g., M).

5. STP X forwards the query to SCP M over the appropriate A link (MX). SCP M receives the
query, extracts the passed information, and (based on its stored records) selects either a
real telephone number or a network (or both) to which the call should be routed.

6. SCP M formulates a response message with the information necessary to properly
process the call, addresses it to switch A, picks an STP and an A link to use (e.g., MW),
and routes the response.

7. STP W receives the response message, recognizes that it is addressed to switch A, and
routes it to A over AW.

8. Switch A receives the response and uses the information to determine where the call
should be routed. It then picks a trunk to that destination, generates an IAM, and proceeds
(as it did in the previous example) to set up the call.
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Layers of the SS7 Protocol

As the call-flow examples show, the SS7 network is an interconnected set of network elements
that is used to exchange messages in support of telecommunications functions. The SS7 protocol
is designed to both facilitate these functions and to maintain the network over which they are

provided. Like most modern protocols, the SS7 protocol is layered.

Physical Layer

This defines the physical and electrical characteristics of the signaling links of the SS7 network.
Signaling links utilize DS-0 channels and carry raw signaling data at a rate of 56 kbps or 64 kbps

(56 kbps is the more common implementation).

Message Transfer Part—Level 2

The level 2 portion of the message transfer part (MTP Level 2) provides link-layer functionality. It
ensures that the two end points of a signaling link can reliably exchange signaling messages. It

incorporates such capabilities as error checking, flow control, and sequence checking.

Message Transfer Part—Level 3

The level 3 portion of the message transfer part (MTP Level 3) extends the functionality provided
by MTP level 2 to provide network layer functionality. It ensures that messages can be delivered
between signaling points across the SS7 network regardless of whether they are directly
connected. It includes such capabilities as node addressing, routing, alternate routing, and

congestion control.

Collectively, MTP levels 2 and 3 are referred to as the message transfer part (MTP).

Signaling Connection Control Part

The signaling connection control part (SCCP) provides two major functions that are lacking in the
MTP. The first of these is the capability to address applications within a signaling point. The MTP
can only receive and deliver messages from a node as a whole; it does not deal with software

applications within a node.

While MTP network-management messages and basic call-setup messages are addressed to a
node as a whole, other messages are used by separate applications (referred to as subsystems)
within a node. Examples of subsystems are 800 call processing, calling-card processing,
advanced intelligent network (AIN), and custom local-area signaling services (CLASS) services
(e.g., repeat dialing and call return). The SCCP allows these subsystems to be addressed

explicitly.
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The second function provided by the SCCP is the ability to perform incremental routing using a
capability called global title translation (GTT). GTT frees originating signaling points from the
burden of having to know every potential destination to which they might have to route a message.
A switch can originate a query, for example, and address it to an STP along with a request for
GTT. The receiving STP can then examine a portion of the message, make a determination as to

where the message should be routed, and then route it.

For example, calling-card queries (used to verify that a call can be properly billed to a calling card)
must be routed to an SCP designated by the company that issued the calling card. Rather than
maintaining a nationwide database of where such queries should be routed (based on the calling-
card number), switches generate queries addressed to their local STPs, which, using GTT, select
the correct destination to which the message should be routed. Note that there is no magic here;
STPs must maintain a database that enables them to determine where a query should be routed.
GTT effectively centralizes the problem and places it in a node (the STP) that has been designed

to perform this function.

In performing GTT, an STP does not need to know the exact final destination of a message. It can,
instead, perform intermediate GTT, in which it uses its tables to find another STP further along the
route to the destination. That STP, in turn, can perform final GTT, routing the message to its actual

destination.

Intermediate GTT minimizes the need for STPs to maintain extensive information about nodes that
are far removed from them. GTT also is used at the STP to share load among mated SCPs in both
normal and failure scenarios. In these instances, when messages arrive at an STP for final GTT
and routing to a database, the STP can select from among available redundant SCPs. It can
select an SCP on either a priority basis (referred to as primary backup) or so as to equalize the

load across all available SCPs (referred to as load sharing).

ISDN User Part (ISUP)

ISUP user part defines the messages and protocol used in the establishment and tear down of
voice and data calls over the public switched network (PSN), and to manage the trunk network on
which they rely. Despite its name, ISUP is used for both ISDN and non—ISDN calls. In the North
American version of SS7, ISUP messages rely exclusively on MTP to transport messages

between concerned nodes.

Transaction Capabilities Application Part (TCAP)

TCAP defines the messages and protocol used to communicate between applications (deployed
as subsystems) in nodes. It is used for database services such as calling card, 800, and AIN as

well as switch-to-switch services including repeat dialing and call return. Because TCAP

Spojovaci soustavy , verze 1.3 Strana 17 miroslav.voznak@vsb.cz Btezen, 2005



Voziidk M., © FEL, VSB-TUO

messages must be delivered to individual applications within the nodes they address, they use the
SCCP for transport.

Operations, Maintenance, and Administration Part (OMAP)

OMAP defines messages and protocol designed to assist administrators of the SS7 network. To
date, the most fully developed and deployed of these capabilities are procedures for validating
network routing tables and for diagnosing link troubles. OMAP includes messages that use both
the MTP and SCCP for routing.

What Goes Over the Signaling Link

Signaling information is passed over the signaling link in messages, which are called

signal units (SUs).

Three types of SUs are defined in the SS7 protocol.
message signal units (MSUs)

link status signal units (LSSUs)

fill-in signal units (FISUs)

SUs are transmitted continuously in both directions on any link that is in service. A
signaling point that does not have MSUs or LSSUs to send will send FISUs over the
link. The FISUs perform the function suggested by their name; they fill up the
signaling link until there is a need to send purposeful signaling. They also facilitate

link transmission monitoring and the acknowledgment of other SUs.

All transmission on the signaling link is broken up into 8-bit bytes, referred to as
octets. SUs on a link are delimited by a unique 8-bit pattern known as a flag. The flag
is defined as the 8-bit pattern "01111110". Because of the possibility that data within
an SU would contain this pattern, bit manipulation techniques are used to ensure that
the pattern does not occur within the message as it is transmitted over the link. (The
SU is reconstructed once it has been taken off the link, and any bit manipulation is
reversed.) Thus, any occurrence of the flag on the link indicates the end of one SU
and the beginning of another. While in theory two flags could be placed between SUs
(one to mark the end of the current message and one to mark the start of the next

message), in practice a single flag is used for both purposes.
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Signal Unit Structure

SUs of each type follow a format unique to that type. A high-level view of those formats is shown

in Figure 8.
Figure 8. Signaling Unit Formats

Length

(in Octets) ! ! ! : '
s [EE
BIB FiB Indicator
Order of 1 2 3 4
Transmission Fill-in Signal Unit
BSN/ FSN/ Length
Flag BIB Indicator
Order of 1 2 3 4 S
Transmission Link Status Signal Unit
Length 1 1 1 1 1 §-212 !
— BSN/ FSN/ Length Signaling
BIB FIB Indicator Info. Field
Order of 1 2 3 4 5 8
Transmission Message Signal Unit

All three SU types have a set of common fields that are used by MTP Level 2. They are as follows:
Flag

Flags delimit SUs. A flag marks the end of one SU and the start of the next.

Checksum

The checksum is an 8-bit sum intended to verify that the SU has passed across the link error-free.
The checksum is calculated from the transmitted message by the transmitting signaling point and
inserted in the message. On receipt, it is recalculated by the receiving signaling point. If the
calculated result differs from the received checksum, the received SU has been corrupted. A

retransmission is requested.
Length Indicator

The length indicator indicates the number of octets between itself and the checksum. It serves
both as a check on the integrity of the SU and as a means of discriminating between different
types of SUs at level 2. As can be inferred from Figure 8, FISUs have a length indicator of O;
LSSUs have a length indicator of 1 or 2 (currently all LSSUs have a length indicator of 1), and
MSUs have a length-indicator greater than 2. According to the protocol, only 6 of the 8 bits in the
length indicator field are actually used to store this length; thus the largest value that can be
accommodated in the length indicator is 63. For MSUs with more than 63 octets following the

length indicator, the value of 63 is used.
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BSN/BIB FSN/FIB

These octets hold the backwards sequence number (BSN), the backwards indicator bit (BIB), the
forward sequence number (FSN), and the forward indicator bit (FIB). These fields are used to
confirm receipt of SUs and to ensure that they are received in the order in which they were
transmitted. They also are used to provide flow control. MSUs and LSSUs, when transmitted, are
assigned a sequence number that is placed in the forward sequence number field of the outgoing
SU. This SU is stored by the transmitting signaling point until it is acknowledged by the receiving
signaling point.

Because the seven bits allocated to the forward sequence number can store 128 distinct values, it
follows that a signaling point is restricted to sending 128 unacknowledged SUs before it must
await an acknowledgment. By acknowledging an SU, the receiving node frees that SU's sequence
number at the transmitting node, making it available for a new outgoing SU. Signaling points
acknowledge receipt of SUs by placing the sequence number of the last correctly received and in-
sequence SU in the backwards sequence number of every SU they transmit. In that way, they
acknowledge all previously received SUs as well. The forward and backwards indicator bits are

used to indicate sequencing or data-corruption errors and to request retransmission.

What are the Functions of the Different Signaling Units?

FISUs themselves have no information payload. Their purpose is to occupy the link at those times
when there are no LSSUs or MSUs to send. Because they undergo error checking, FISUs
facilitate the constant monitoring of link quality in the absence of signaling traffic. FISUs also can
be used to acknowledge the receipt of messages using the backwards sequence number and
backwards indicator bit.

LSSUs are used to communicate information about the signaling link between the nodes on either
end of the link. This information is contained in the status field of the SU (see Figure 8). Because
the two ends of a link are controlled by independent processors, there is a need to provide a
means for them to communicate. LSSUs provide the means for performing this function. LSSUs
are used primarily to signal the initiation of link alignment, the quality of received signaling traffic,
and the status of the processors at either end of the link. Because they are sent only between the

signaling points at either end of the link, LSSUs do not require any addressing information.

MSUs are the workhorses of the SS7 network. All signaling associated with call setup and tear
down, database query and response, and SS7 network management takes place using MSUs.
MSUs are the basic envelope within which all addressed signaling information is placed. As will be
shown below, there are several different types of MSUs. All MSUs have certain fields in common.
Other fields differ according to the type of message. The type of MSU is indicated in the service-
information octet shown in Figure 8; the addressing and informational content of the MSU is
contained in the signaling information field.
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Message Signal Unit Structure

The functionality of the message signal unit lies in the actual content of the service information

octet and the signaling information field (see Figure 8).

The service information octet is an 8-bit field (as might be inferred from its name) that contains

three types of information as follows:

four bits are used to indicate the type of information contained in the signaling information field;
they are referred to as the service indicator; the values most commonly used in American

networks are outlined in Table 1

Table 1. Common Signaling Indicator Values

Value Function

0 signaling network management

1 signaling network testing and maintenance
3 signaling connection control part (SCCP)
5 ISDN user part (ISUP)

two bits are used to indicate whether the message is intended (and coded) for use in a national or

international network; they are generally coded with a value of 2, national network

the remaining 2 bits are used (in American networks) to identify a message priority, from 0 to 3,
with 3 being the highest priority; message priorities do not control the order in which messages are
transmitted; they are only used in cases of signaling network congestion; in that case, they
indicate whether a message has sufficient priority to merit transmission during an instance of

congestion or whether it can be discarded en route to a destination

The format of the contents of the signaling information field is determined by the service indicator.
(Within user parts, there are further distinctions in message formats, but the service indicator

provides the first piece of information necessary for routing or decoding the message.)

The first portion of the signaling information field is identical for all MSUs currently in use. It is
referred to as the routing label. Simply stated, the routing label identifies the message originator,
the intended destination of the message, and a field referred to as the signaling-link selection field
which is used to distribute message traffic over the set of possible links and routes. The routing

label consists of 7 octets that are outlined below in Table 2 (in order of transmission).
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Table 2. Routing Label

Octet Group Function Number of
Octets Involved

destination  point contains the address of the node to 3 octets

code (DPC) which the message is being sent

originating point contains the address of message 3 octets

code (OPC) originator

signaling link distributes load among redundant 1 octet

selection (SLS) routes

Point codes consist of the three-part identifier (network number, cluster number, and member

number), which uniquely identifies a signaling point.
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8.8. R2 Signaling

R2 signaling is a channel associated signaling (CAS) system developed in the 1960s that is
still in use today in Europe, Latin America, Australia, and Asia. R2 signaling exists in several
country versions or variants in an international version called Consultative Committee for
International Telegraph and Telephone (CCITT-R2). The R2 signaling specifications are
contained in International Telecommunication Union International Telecommunication Union

Telecommunication Standardization Sector (ITU-T) Recommendations Q.400 through Q.490.

R2 signaling operates across E1 digital facilities. The E1 digital facilities carrier runs at 2.048
Mbps and has 32 time-slots. E1 time-slots are numbered TS0 to TS31, where TS1 through
TS15 and TS17 through TS31 are used to carry voice which is encoded with pulse code

modulation (PCM), or to carry 64 kbps data. The drawing below shows the 32 time-slots of an

E1 frame.
this | Signalling
vso | 751 | 782 | -+ Irst6 | -+« |7s30 |7sst
Fra:ing. 256 bits = 32 Time Slots = 125 psec
Synch &

Alarms . Time Slot 0

Frame Symch

CRC4

Alarms

Naticnal Specific Stulf

* Time Slot 16 - Signalling

An E1 carrier can use a multiframe structure within a Super Frame (SF) format or it can run in
a non-multiframe mode without cyclic redundancy check (CRC). The SF format contains 16
consecutive frames numbered 0 to 15. Time-slot TS16 in frame 0 is used for SF alignment,
and TS16 in the remaining frames (1-15) is used for CAS trunk signaling. TS16 uses 4 status
bits designated as A, B, C, and D for signaling purposes. This multiframe structure is used for
CRC, or error checking. This 16-frame multiframe structure (SF) allows a single 8-bit time slot
to handle the line signaling for all 30 data channels. The following diagram illustrates the E1
SF format.
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There are two elements to R2 signaling: Line Signaling (supervisory signals) and Interregister
Signaling (call setup control signals). Most country variations in R2 signaling are with the

Interregister Signaling configuration.

Line Signaling (Supervisory Signals)

You can use line signaling, which uses TS16 (bits A B C D), for supervisory purposes such as
handshaking between two offices for call setup and termination. In the case of CCITT-R2
signaling, only bits A and B are used (bit C is set to 0 and bit D is set to 1). For two-way
trunks, the supervision roles for forward and backward signaling vary on a call-by-call basis.
The following table illustrates the R2 supervision signal, transition, and direction used on

digital trunks.

An idle state is denoted when when A=1 and B=0.

Direction Signal Type Transition
Forward Seizure AB: 1,0t00,0
Forward Clear-forward AB: 0,0to1,0

Seizure Acknowledgment

Backward (ACK) AB: 10to1,1
Backward Answer AB: 1,11t00,1
Backward Clear-back A,B: 0,1to1,1
Backward Release-guard AB: 0,1t01,0
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Interregister Signaling (Call Setup Control Signals)

The concept of address signaling in R2 is slightly different from that used in other CAS
systems. In R2 signaling, the exchanges are considered registers and the signaling between
these exchanges is called inter-register signaling. Inter-register signaling uses forward and
backward in-band multifrequency signals in each time-slot to transfer called and calling party

numbers, as well as the calling party category.

Note: Some countries use two-out-of-six in-band dual tone multifrequency (DTMF) instead of

forward and backward in-band multifrequency signals.

Multifrequency signals used during the Interregister Signaling are divided in forward signal
groups ( | and Il), and backward signal groups ( A and B). Interregister signaling starts after
the 'Seize-ACK' of the line. The diagram and table below illustrate forward and backward

signal information.

+ Forward: towards the called party

+ Backward: towards the calling party

——
a a
Bacloward
calling called
Forward Signal Groups Backward Signal Groups
Group-l Signals Group-A Signals
Represent the called party number or Indicate if the signaling ended or if a particular forward
dialed digits signal is required.
DNIS/ANI digits. Used to acknowledge and convey signaling
information

[-1 to 1-10 are digits 1 to 10.

I-15 is the end of identification. A-1is send next digit.

Group-l Signals A-3 is address-complete, changeover to reception of
Group-B signals.
Represent the calling party category
A-4 is congestion.
[I-1 is subscriber without priority.
A-5 is send calling party's category.
[I-2 to 11-9 are subscriber with priority.
A-6 is address complete, charge, setup, speech

11-11 to lI-15 are spare for national use. conditions.
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Group-B Signals

Sent by the terminating switch to acknowledge a
forward signal, or to provide a call charging and called

party information.

Used to acknowledge Group-II forward signals. This is

always preceded by an address-complete signal A-3.
B-3 is subscriber line busy.

B-4 is congestion.

B-5 is unallocated number.

B-6 is subscriber's line free charge.

The following inter-register group sequence rules are used to identify the signal's group:
The initial signal received by the incoming exchange is a Group | signal

Outgoing exchanges consider backward signals as Group A signals

Group A signals received by outgoing exchanges are used to identify whether the next signal

is a Group B signal

Group B signals always indicate and end-of-signaling sequence

Most country-specific variations of R2 signaling are seen in the interregister signaling.
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