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Budeme se zabývat těmito tématy:
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Co je kodek?
Kodek (složenina z počátečních slabik slov „kodér a dekodér“, respektive komprese a dekomprese; převzato z anglického codec analogického původu) je zařízení nebo počítačový program, který dokáže transformovat datový proud (stream) nebo signál. Kodeky ukládají data do zakódované formy (většinou za účelem přenosu, uchovávání nebo šifrování), ale častěji se používají naopak pro obnovení přesně nebo přibližně původní formy dat vhodné pro zobrazování, případně jinou manipulaci.
(viz wikipedia)
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Opakovani

H.323 je protokol typu peer-to-peer (mezi prvky na stejné
arovni), SIP a Skinny typu k//ent-server.

Klient navazuje spojeni se serverem.
Jedno zafizeni muze pracovat soucasné jako klient i server.
Napfriklad telefon pracuje jako klient pro odchozi volani a
jako server pro prichozi volani.

Fakt, ze protokol je typu klient-server neznamena, ze
komunikace muze byt pouze dvoubodova.



Co potrebujeme?

Oddélit pfepinani hlasovych hovoru
od jeho rizeni (agentem volani,
napr. CUCM)



Zm¢éna anglického nazvu nazvu

Public System Telephone Network (PSTN)

l

General Switched Telephone Network (GSTN)



1. Protokol MGCP



Charakteristika protokolu MGCP

- Slouzi pro vzdaleneé fizeni a spravu hlasovych a datovych komunikacCnich
zarizeni na okrajich paketovych siti IP a s vice sluzbami. Je to protokol
typu klient-server — bran. Vyvojoveé navazuje na SGCP (Simple GCP).

- Stipulacni protokol (koncové body a brany nemohou fungovat samostatne)
- Zahrnuje protokol SDP popisujici typ inicializované relace.
- Pouziti Cisco: Diky MGCP aplikace UCM zna jednotlivé porty a fidi je.

Brana MGCP provadi preklad médii mezi siti JTS a VolP pro externi volani

Vyhody: centralizovana sprava a Skalovatelné resSeni. VSechny informace
vytaceciho planu jsou ulozeny v samostatném ulozisti agenta volani.
Volani ridi agent volani ridici porty na brane.

Jde o protokol s prenosem dat v podobée prosteho textu. Prikazy v této

podobé jsou odesilany agentem volani prostrednictvim portu 2427 UDP.
Odpovédi brany jsou posilany prostrednictvim portu 2727 UDP.

Specifikace RFC 2705, aktualizace RFC 2435, pak RFC 3660 (ball'c“:ky)7
posledni RFC 3661 (navratove kody).




Rozdil MGCP a Megaco (H.248)

= Megaco Ize pouzit vSude, kde Ize pouzit MGCP. Opak nemusi byt
nutné pravda. Megaco je mezinarodni standard pro ovladani media
brany, zatimco MGCP neni standard.

= Megaco byl navrzen pro media branu, ktera umoznuje kontrolu nad
nasazenim Siroke Skaly multimedialnich sluzeb. To byl vysledek
mnoho mésicu v ramci mezinarodni spoluprace a tvrdé prace.

* NejvétsSi rozdil mezi obéma je model pfipojeni. MGCP shrnuje
informace o pripojeni do koncového bodu. To umoznuje snadné
nastaveni pripojeni typu one-to-one, ale dela obtizné nebo nemozne
pfipojeni one-to-many a many-to-one. H.248 rozklada spojeni na
koncovém bodu MGCP do terminalnich ukonceni. To urCuje H.248
pro pouziti v oblasti multimedialni distribuce a konference, v oblasti
one-to-one pripojeni Ize pouzit bez problému oba protokoly.



Prvky systemu a konfiguracni pfi kazy

- CA (Call Agent) téz zvany jako fadi€ medialnich bran (Media Gateway
Control) — zajiStuje zpracovani signalizace a hovoru. Muze jim byt server
od nejakého dodavatele.

- brana: muze ji byt smérovac (napf. Cisco), pfistupovy server, kabelovy modem.

Co musi definovat konfiguracCni pfikazy:

- cestu mezi CA a branou
- typ brany
- typ volani, jez brana zpracovava

Protokol
UDP, ale kdyz neni odpovidajici paketova sit k dispozici, vraci hovor do JTS,
coz se nazyva jako hairpinning (vlasenkova metoda)



Praktické pouziti MGCP

Zadani adresy IP call-agent a umozni MGCP stahnout konfiguraci z call-agenta.

router (config) #ccm-manager config server X.X.X.X
router (config) #ccm-manager config

Smérovac se bude pravidelné pokouset stahnout konfiguraci z call-agenta.
Kdyz je call-agent vhodné nakonfigurovan, smérovac si muze stahnout svuj
XML konfiguracCni soubor.

router#show ccm-manager
MECP Domain Name: router

Priority Status Host

Primary Registering with CM cucmé (X.X.xX.X)
First Backup None

Second Backup None

Current active Call Manager: None

Backhaul/Redundant link port: 2428

10



Pro komunikaci mezi siteémi SIP/H.323 a

SS7/ISDMN/CAS neni jen Cisco

TDM
Network (E1/T1).

and CAS

GCEMS Server | Remote Access T A

Supports SS7, ISDN,

SIP
H.323
. RTP
SIGNAL TIRING
CTRLO DATA0 _ SIGD 0
g - ] O O
192.168.0.x i - - . . @ .-
—— )
R ERE— ¥
e M 1 ~ T REDUNDANCY
C Al 8IG k
SAMAS SNSeANAaAS easan BEARER
V100 1OV 1007 1000 1100 SPANS 0-27

IMG 1010 Rear Panel

GCEMS - Dialogic Gate Control Element Management System
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Pro¢ MGCP

= Nemusi se konfigurovat statické dial-peery, protoze Call Agent MGCP
zajistuji obdobné funkce

s Vah'ad

» Centralizované Cislovani (napr. CME)
JednodussSi sprava a reSeni potizi s telefonni siti

= Centralizovana konfigurace brany
Jsou spravovany na jedné konfiguracCni strance

» Podpora doplfikovych sluzeb QSIG, coz umoznuje propojeni prostiedi
IP telefonie s tradiCnimi PBX.

12



Architektura MGCP

= Koncové body (EP) — body propojeni paketové sité a JTS

= Brany — preklad zvuku — brany cestou MGCP hlasi udalosti
(zvednuté sluchatko, vytacené Cislice, ...)

» CA —ridi provoz brany a prirazenych EP. Po brane pozaduje, aby
sledovala a hlasila udalosti

Agenti oznamuji brané
- jaké udalosti se maji hlasit CA
- Jak se maji EP spojovat
- jake signaly maji byt implementovany na EP
CA vedou adresar EP a vztahy, které ma kazdy EP k systému Cislovani

MGCP rovnéz umoznuje CA auditovat aktualni stav EP na brané
13



Komponenty MGCP

Call Agent (MGCF}) Cisco Unified
Communications
d_,_,da—#'
ol Manager
Cisco Voice
Gateway

Cisco Voice
Gateway
FX5 'L
PRI —— HI_‘;":.__ =
_— haw
Pfiklad: kabelové modemy, smérovaCe  Pfiklad: pfistupové servery, smérovace

L/ L/

Spojeni muze byt jednobodové ¢i mnohobodové prenos pfe RTP, UDP nebo AAL2, nebo TDM,
MGCP seskupuje udalosti a signaly do balicku 14




Zakladni principy MGCP

(text-based protocol)

volani a spojeni — jejich ustanoveni a spojeni dvou i vice EP
ridici prikazy — CA predava prikazy brane

typy bali€kt — umoznuji brané stanovit cil volani

15



Prikazy protokolu MGCP

MG CreateConnection (CRCX) Vytvafi spojeni mezi dvéma koncovymi body,
pouziva SDP (Session Description Protocol) k definovani schopnosti u€astnicich
se koncovych bodu pfijimat data.

MG ModifyConnection (MDCX) Méni vlastnosti spojeni, ma skoro stejné
parametry jako prikaz CreateConnection

MG DeleteConnection (DLCX) Ukonc&uje spojeni a sbira statistiky provadéni
spojeni. Media Gateway muze také poslat DLCX, kdyz potfebuje smazat spojeni
pro fizeni sebe sama.

MG NotificationRequest (RQNT) Pozadavek na media gateway, aby poslala
notifikaci pfi vyskytnuti se specifické udalosti na koncovém bodé.

MG Notify (NTFY) Informuje Media Gateway Controller, kdyz nastane specificka
sledovana udalost. Je pouzivan Media Gateway k indikovani Call Agentovi, ze
detekovala udalost, jejiz notifikaci Call Agent predtim vyzadal (pfes RQNT).

MG AuditEndpoint (AUEP) Zjistuje stav koncového bodu.
MG AuditConnection (AUCX) Ziskava parametry souvisejici se spojenim.

MG RestartinProgress (RSIP) Signalizuje, Zze koncovy bod nebo skupina
koncovych bodu je ve stavu restartovani. 16



a) VVolani a spojeni MGCP

VSechna spojeni pfifazena stejnému hovoru budou mit jeden identifikator volani a jeden medialni
proud.

P P -
e~ i | -u“‘.- ——
l ay> =0 P S
...f(.\., L1 l . f(.\
Create Connection (CRCX}
>
Create Connection (CRCX)
-«
Modify Connection (MDCX
_____________________________ Parametry | __________________ 5
relace
Delete Connection (DLCX)],
Delete ACK
»
Delete Connection (DLCX)
Delete ACK
< 17




b) Ridici ptikazy MGCP

(pfikazova slovesa)

= CA se pta na stav bran médii
AuditEndpoint (AUEP) - CA se pta na stav koncového bodu
AuditConnection (AUCX) — CA se pta na stav spojeni

» Sprava spojeni RTP na brané médii
CreateConnection (CRCX) — CA chce po branég, aby vytvofila spojeni s EP
DeleteConnection (DLCX) — CA nebo brana Zada o odstranéni néjakého spojeni
(chybi prostfedky k zachovani hovoru)
ModifyConnection (MDCX) — CA zada branu, aby aktualizovala parametry néjakého
spojeni
» Pozadovani upozornéni na udalosti na brane medii a k pozadovani toho,
aby brana médii aplikovala signaly
NotificationRequest (RQNT)

» Brana médii indikuje CA ze zjistila takovou udalost, na kterou chtél byt CA

s VaD a4

Notify (NTFY)

= Brana medii oznamuje CA, Ze je v procesu restartovani

RestartinProcess (RSIP) 18



\Va 4

tru do prikazu

4

4

ani parame

Mapov

Farameter Mame

Resporeet ch

BeareIntormation

F

M M o F

F

Callld

Cormestonld

WotifiedBrtity

F

M M F F

o

o

Ragquestldentifier

LocalConmestion Oplons

F

M M F F

F

ClormesHonbiod e

Ragquestad Everts

Bignalbequests

Drigithiap

> F F F F

o

F M F [F F

F

CbeervedBEvents

CormesHonPararnetars

Feasordiole

SpecificErd poirdI T

Becord BndpointIT

BecordCormectionld

Faguestsd Indo

Grarantite Handling
DetectBErrents

Restarthlethod

FRestartDelay

BErertitates

19

ul

FeroteaCornecton Descriptor

F

LocalConmection Descriptor



tru do odpovedi

14

4

ani parame

Mapov

Farameter Marme

P

F F P F F F F

F

B pomese Ak

F

F F F F

F

BearerIndforToation

F F F O F

F

F

Ciallld

ClonmectionId

HotifiedEndity

Baquestldentifisy

F

F F F F

F

LocalConrecton Cptions

Cionrectiondiods

F F F o F

F F F

F

RaquestedBrents

BigralReguests

DigitMap

CbsetredBErents

F F F O F

o

F

ConnectionPararreters

F

F F F F

F

Reasonliode

& pecificEndpointI D

Berond Erdpoint] T

fecondonrectiondd

Raquestedlnto

F

F F F F

F

narantiret andlitg

DetectBrerts

F

F F F F

F

Restarthethod

RestartDelay

BEyentitates

20

Clapabilities

F F F o F

F F F

F

BRerrotelonmection Descyiphor

F M O PP F F F O F

LocalConrecton Descriptor



Ukazka APl — syntax piikazu

RQNT Transactionld Endpointld MGCP 1.0

N otified En’uty] Adresa CA, kterému je tfena z brany ptikaz poslat
-Requested EventS] Napf. detekce zvednuti telefonu
Requestldentifier

Dlgltl\/l ap] Pro branu: jaké posloupnosti €islic mohou pfijit

S|gna| Requests] Pozadované signaly (napf. zvonéni)
:QuarantineHand"ng] Co ma EP udélat s udalosti — zpracovat &i ignorovat
'DetectEventS] Které udalosti ma EP detekovat (zvednuti, poloZeni sluchéatka, flash, DTMF)

fencapsulated EndpointConfiguration]

21



CRCX

Pro jednosmeérny provoz slouzi sendonly, recieve only.

S — signaly, které se pouzivaji pro koncovy bod (napfiklad vyzvanéci ton).

Local Connection Options ( L) — seznam moznosti pfipojeni, jako jsou Sifka pasma, perioda
paketizace, potlaceni ticha, zesileni, echo, zruSeni a Sifrovani.

22



SDP v CRCX

Session Description Protocol

Sesdion Dedscription Protocol Version (wl: 0 Liverse iprotokola SOP
OwnerjCreator,: Se3510n Id: [0]:'— D0 IN TP4- 15216810131
--DwnerUsername .
.Session ID: 0.- ID relace
‘Session Version: D - werze relace

_ Owner Network Type: IN - typ sit2
- Owner Address Type: 1P4 - typ adresy
: Dwner Addres=s:1192.168.10.31 = IP adresa
Session Name (8): - = i il :
Connection Information (c): IN‘IP4J192.168:1G.31'
Connection Network Type:
. Connection Address Type- IP4 - ' By
Connectieon Address: 102.168.10.31 — adresa pllpﬂjenl

Time Description, active time: (t}: 0 0
Segsion Start Time: 0. = zafatek relace
Session Stop Time: 0 - kohec relace

Media Description, name and address {(m): audio 12002 RTP/AVP 8
. Media Type: audio - typ média Lind e L Ll
Media Porti: 12002 = ivyysilacl port
iMedia Protocol: RTB/AVE - transportni protokol |
- Media Format: ITU-T G.711 PCMA - format média
Media Attribute (a): rtpmap:8 PCMA/8000/1
Media Attribute Fleldnamﬂ:-rtpmap
- Media Format: 8 ; i
- MIME Type: PCMA
Sample Rate: 800071 :
Media Attribute (&) : Bendrecv
Media Attribute f(a): ptime:20
| ] Media Ettribute Fieidnamﬁ:jptima:

Mediz DEtribilite Valiue: 20




Po RTP a ACK piijde RQNT
(NotificationRequest)

CA zada ustrednu, aby poslala notifikaci pri vyskytnuti se
specificke udalosti na koncovém bode, parametry jsou:

Media Gateway Control Protoeol
Response Code: The requested transaction was executed normally. (200)
Transaction ID: 22099
Response String: OK
[This is a response to a request in frame 66]
[Time from reguest: 0.001875000. seconds]

Zruseni hovoru:

Medid :Gateway  Control  Protocol
DLCX + {DeleteConnection)
Transaction ID: 22104
Endpoint: . dl@Q080Ef03££349
Version: MGCP: 1.0
{The tesponse to thig tequest iz in Frame!779]

Parameters
CailTd: (C¥:: 3
ConngctignTdentifisy (I} 10

ResponselAck (K): 22103 24




N¢ékdo vola pf1 mém hovoru

25



fidrzim HOLD - odejde MDCX

Méﬂiazéﬁtéﬁﬁ?:Cﬁﬁﬁfﬁl:Pfdﬁﬁﬁdi::::::::::::::::::::::
::ZHMDCEZ{Mﬂdif?ﬂéhﬁﬂétiﬂﬂ]fZ::ﬁ:::fﬁ::ﬁ:::f:::fﬁ::ﬁ
i SEREIEid iRl EEatani iR ekg i trir i e eRRE s b Ee it
;;;'Endpulnt dl@ﬁﬂﬂﬂfﬂEff349
- Néersion: MGCP : i b 6 1 sbalibiblbn bbbl bbb b bl
et he respﬂnﬂe to thlE request is ih framﬁ 13?5}
;;;'Parameters el 2o abdids sudbl bl s il Lo
iCadlTd: (C} L
'EfﬂﬂnnectlﬂnIdentlfler {I] c@rersibaisiiriabeie s
. ConnectionMode: (M) : 1nact1ve
'ZUL@caICGnnectlgnDptluns (LI L p EG
] :Packetlzatlnn perlad {pj' 20

-::EEEPGHEERCk {K} ?3429 'ﬂZZZﬂZZZﬂZZZﬂZZZH

26



pozadavek na udalost

Media Gateway Control Protocol
NTEY (Notify)
Transaction ID: 231
Endpoint: dl@0080f03£f340
Version: MGCP 1.0

[The response to this request dis in frame 1123]
Parameters

Reguestidentifier (X} 1
ObservedEvents (0) : X-P/fk0b00 Funkce CONF

Responselck (K): 230

27



Chci prepojit hovor — stisknu
tlaCitko a CA poSle bran¢ pozadavek

|||||||||||

28



Chci konferen¢ni hovor — stisknu
tlaCitko a CA posle bran¢ pozadavek

—e gl Gateway [ Contral : Pratocal:

ZZZHRespenee ‘Code::-The: requested traneactlen was executed normally-.EEGU:
sisiTrangaction 1B IBEDG ti e, b
:::ﬂ cEponse Strlng OIS Z:ﬁ

IZZU[Thle is .a: response to-a requesb ‘in frame 760}

[Time from request--ﬂ 6222?2ﬁ96 seeonde]
SESSlOﬁ Bescrlptlon EBrotocol . A R 3 e A
il géssion Déscription befdeel Werelen (v SR ciiiiiistii i anii s iaind
fff--owner,fereater Session: Id:-{o):- - 0:- 0 - IN 194 192 .-168.10:32-
B DL Onher Ugéfhamé.”...ﬂf::ff::ﬂ...”...“...”...”...“...”..:Hf::ﬂf::f
o L
'ﬂSESEan ver31en @ Hf::ﬂf::ff::ﬂf::ﬂf::ff::ﬂf::ﬂf::ff::ﬂf::ﬂf::f

:..”SEESIQH Name {e) _g:'
Cenneetlon Informatlon {c}--IN IP4 192 168 10 32

Cehﬁeétieﬁ'hddrees Type IP4
Connectlon Address--192 168 1@ 32

..............................

..... Tlme DESCKlPtlDﬂ active tlme ('}"U'ﬁ

---------- Seselen Start Tlmef 0
e i e
:ZZHMedla Descrlptlﬂn name and address. (m) - audio: 8000, BRTP/AVE. 8. ...
Sjjj_ - Media: r{-yrpe,:ﬂudl,:5 ket il ok o bk o d ke de L ke ke o ke e o
il i Media Port: 8‘3{}{} :
st b I Medis: Protocol RTPﬂAVP
1:"' - Media-Format: - ITU-T G.711-PCMA..
.....'Medla Attribute (a): ‘rtpmap:8: PCMMB{}@G
fiiiiesioMeddia: Attrlbute Fleldname i rtpmap - S e e e
-+ Media - Format: 8---::.__.”__.___.__:::555555?5555555?5555555?55555 29
- MIME Type: POMA EsE e s s e b e b e e b el b e

MR R RS e e R



...rozesilaji se RQNT

Medla Gateway Control Protocodl ——. .~
e HUNE ot el onleaue st e e mes e R a
'ZZ'TIEI?IEE.GEJ.QH.IE..?5.523111ZZZZZ:Z:ZZZZZZZZZZZZZ:Z:ZZ:ZZZ:
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c) Typy balicku

(seskupeni udalosti a signali)

» Trunk: mgcp package-capability trunk-package

» Linka: mgcp package-capability line-package

» DTMF: mgcp package-capability dtmf-package

= Obecné (generické) medium: mgcp package-capability gm-package
» RTP: mgcp package-capability rtp-package

= Oznamovaci server: mgcp package-capability as-package

= Skript: mgcp package-capability script-package

MGCP balicky podporuje prostfednictvim ukazkovych pfikazu
Standardné byvaji podporovany baliCky trunkovy a linkovy

31



Cekejte na zvednuti sluchatka,

pak poskytnéte oznamovaci ton
a shromazduj Cislice

5551234

Spoj se se svym koncovym bodem

SDP — popis relace
(IPaddr, port pro RTP)

brana vymaze spojeni

/ L cwall

Cislice se shoduji

mam oba popisy relaci

On Hool

Tok volani MGCP

Gateway A Gateway B
Call T — /
Agent I GWA'
RQNT RQNT
-« |
RQNT Response RQNT Response
NTFY
CRCX
-« | CRCX
CRCX Response (SDP) (SDP, Encapsulated
RQNT)
CROX brana B ma oba popisy relaci a vi
MDCX (Encapsulated Response (SDF) Tedy, jak vytvotit své relace RTP,
RQNT, SDF) , . .
vola zpét odpovéd
MDCX Response
| RTP Stream \
>
| ‘{ RTF &tream |
| RTCP Stream N,
V< =)
—NTFY
DLCX DLCX
DLCX Response DLCX Response 32




Topologie rezidenCni brany

Cisco UCM
b 172.20.5.20

Residential
_/ Gateway

11000 &=

-
o Z
140 .4(.’
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Konfigurace rezidenCni brany
(v rezimu dial peeru)

Router (config)#ccm-manager mgcp

Router (config)#mgcp

I Inicializace aplikace MGCP

Router(config-mgcp)#mgcp call-agent 172.20.5.20 service-type mgcp

! Je nutny alespon jeden p¥ikaz call-agent

! Volani mizZe byt identifikovano IP adresou (zde) ¢i nazvem hostitele
Router(config)#dial-peer voice 1 pots
Router(config-dialpeer)#application mgcpapp
Router(config-dialpeer)#port 1/0/0

Router(config)#dial-peer voice 2 pots
Router(config-dialpeer)#application mgcpapp
Router(config-dialpeer)#port 1/0/1

I K aplikaci se vaze dial peer

Router(config-dialpeer)#exit

Router(config)#mgcp package-capability dtmf-package

Router(config)# mgcp package-capability gm-package

Router(config)# mgcp package-capability line-package

Router(config)# mgcp package-capability rtp-package

Router(config)# mgcp default-package line-package

! Zadani péti podporovanych balicku udalosti podporovanych na rezidenéni strané

34



Topologie trunkove brany

Cisco UCK
10.1.1.201 '

" d . -
I Gateway
IF Phones @
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Konfigurace trunkove brany

(pod rozhranim radice

Router (config)#ccm-manager mgcp

Router(config)#mgcp 4000

Router(config)#mgcp call-agent 10.1.1.201 4000

! Zadana CA, IP adresy, portu

Router(config)#controller t1 0/1/0

'Konfigurace radic¢e trunku T1

Router(config-controller)#framing esfT

I Extended Super Frame

Router(config-controller)#clock source internal
Router(config-controller)#dsO-group 1 timeslots 1-24 type none service mgcp
Router(config)#controller tl1 0/1/1

'Konfigurace radice trunku T1

Router(config-controller)#framing esf

I Extended Super Frame

Router(config-controller)#clock source internal

Router (config-controller)#dsO-group 1 timeslots 1-24 type none service mgcp

36



Ov¢reni stavu parametru MGCP smérovace

router#show mgep

MGLP
MGLP
MGLP
MGLP
MGGP
MGCP
MGCP

MGCGP
MGCGP
MGLR
MGLR
MGLR
MGLR
MGLP
MGLP
MGLP
MGGP

MGLR
SGLP
MGLR

Admin State ACGTIVE, Opaer State AGTIVE - Cause CGode MOME

call-agent: 1@.1.1.181 4008 Initial protocol service is MGGP @1 IPadr a port

validate call-agent source-ipaddr DISABLED

valida}e domain name DISABLED

block-newcalls DISABLED

send SGGF REIP: forced/restart/graceful/disconnected DISABLED

quaranting mode dizcard/step

codec type g71iulaw, MGCP packetization period 20

JB threshold 1wm 30, MGGP JB threshold hwm 158

LAT threshold lwm 158, MGGP LAT threshold hwm 300

PL threshold lwm 19808, MGGP PL threshold hwn 10006

GL threshold lwm 19808, MGGP CL threshold hwn 10006

playout mode is adaptive 6@, 48, 200 in msec

Fax Playout Buffer is 300 in msec

media (RTP) dscp: ef, MGCGP signaling dscp: afad

default package: trunk-package

supported packages. gm-package dtmf-package trunk-package line-package
he-package atm-package ms-package dt-package mo-package
res-package mt-package fxr-package md-package

Digit Map matching order: shortest match I

Digit Map matching order: always left-to-right

Vot 2 1gnore-lco-codec DISABLED

branou
podporované
balicky
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Z15téni, které nakonfigurované CCM jsou
aktivni a ktere redundantni

a také, zda je brana registrovana u CCM

router#show ccm-manager
MGCP Domain Name: cisco-voice-01
Priority Status Host

Primary Registered 10.89.129.211
First Backup None

Second Backup None

Current active Call Manager: 10.89.129.211
Backhaul/Redundant link port: 2428

Failover Interval: 30 seconds

Keepalive Interval: 15 seconds

Last keepalive sent: 5wld (elapsed time: 00:00:04)
Last MGCP traffic time: 5wld (elapsed time: 00:00:04)
Last failover time: None

Switchback mode: Graceful

MGCP Fallback mode: Not Selected

Last MGCP Fallback start time: 00:00:00

Last MGCP Fallback end time: 00:00:00

38



Vypis seznamu hlasovych portu
nakonfigurovanych pro MGCP

router#show mgcp endpoint

Interface T1 0/1/0

ENDPOINT-NAME V-PORT SIG-TYPE ADMIN
S0/SU1/ds1-0/1@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/2@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/3@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/4@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/5@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/6@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/7@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/8@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/9@HQ-1 0/1/0:1 none up
S0/SU1/ds1-0/10@HQ-1 0/1/0:1 none up
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Vypis poctu uspesSnych a neuspeéSnych tidicich prikazu

router#show mgcp statistics

UDP pkts rx 8, tx 9

Unrecognized rx pkts 0, MGCP message parsing errors 0
Duplicate MGCP ack tx 0, Invalid versions count O
CreateConn rx 4, successful 0, failed 4
DeleteConn rx 2, successful 2, failed 0
ModifyConn rx 4, successful 0, failed 4
DeleteConn tx 0, successful 0, failed 0
NotifyRequest rx 0, successful 0, failed 4
AuditConnection rx 0, successful 0, failed 0
AuditEndpoint rx 0, successful 0, failed 0
RestartinProgress tx 1, successful 1, failed 0
Notify tx 0, successful 0, failed 0

ACK tx 0, NACK tx 8

ACK rx 0, NACK rx O

IP address based Call Agents statistics:

IP address 10.24.167.3, Total msg rx 8, successful 8, failed 0

davod k dal$i analyze
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Ukazka konfigurace

wersion 12.2
service timestamps debug uptims
service timestamps log uptims
no service password-sncryption
!
hostname D
!
memory-size iomem 10
ip subnet-zero
!
mgcp
mgep call-agent 172.20.5.20
mgcp package-capability gm-package
mgcp package-capability dtmf-packags
mgcp package-capability line-packags
mgcp package-capability rtp-package
mgcp default-package line-package
cns event—service server
!
volce-port 1/0/0
!
voice-port 1/0/1
!
dial-peer voice 1 pots
application MECELEP
port 1/0/0
!
dial-peer wvoice Z pots
application MECELEP
port 1/0/1
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CUCM

https://www.youtube.com/watch?v=34nWvmO0ql3g

https://www.youtube.com/watch?v=C1NuR8CjWaE
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Priklad: Tok hovori od reziden¢ni brany
(RGW) k trunkove bran¢ (TGW)

e Chidca. whatever.net ﬂ

E=E
E=
Teleplone B%
B
== rgw.whatever.net; tgw . whatever et —
% 140,113.214.123 140.113.65.24 ‘
Tekphone
E__E
B 4
Tekphone |'.
E=E
B
r——— \ hrd3,/15 cardb/s
E8
A: 5712836 -
A calls B. = e

B: 5721043 ™
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Prvni Cast diagramu

i

ﬂ
TGWr

DE
T i

=1 R L b
HE
i‘:an[uh
[ ACH{1) v
Of-hook
Dial HIF%2)
S721043 hor
CRCH[3)
ACK{3) _
Query(E._1[61) i
-.m I
LRCEA) [:I:i.itial Address Meg
ACHK{4) -
) IAM
Ihl)ﬂ]ﬂﬂ_-__ @d.tess Complete Mg
ACK(S) | e ]
) ) ACH
RQHT(6)_ Answer Message
mowon| (A ]
- AN OF-honk
MDCH[T)
ACK(7) | Call start




Druha Cast diagramu
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Obsah prenasenych zprav od RGW k TGW

e RONT(1) : NotificationRequest
» RONT hrd3/15@rgw.whatever.net MGCP 1.0
» N: CA@ca.whatever.net:5678

» X:0123456789AC N: Notinyntity_ _
» R: hd(E(R(hu(N)),S(dl),D/(D))) X: Requestldentifier
» D: (11x]080xxxxxx|57xxxxX|002x.T) R- RequestEvents

D: DigitMap

e ACK to RQNT(1)

» 200 OK - Embedded Request

: Notification Request
: Notify mmmediately
- Signal Request

R: RequestedEvents (hd — vyvésSeny telefon
hu — zvednuty telefon)

O 0w 2 20 m

: Digit Map



Obsah prenasenych zprav od RGW k TGW

e NTFY(2) : Notify from RGW

» NTFY hrd3/15@rgw.whatever.net MGCP 1.0
» N: CA@ca.whatever.net:5678

» X:0123456789AC

» 0:5721043

e ACK to NTFY(2)

» 200 OK N: NotifyEntity
X: Requestldentifier

O: ObservedEvent
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Obsah prenasenych zprav od RGW k TGW

e CRCX(3) : CreateConnection

» CRCX hrd3/15@rgw.whatever.net MGCP 1.0
C: A3C47F21456789F0
» L:p:10, a: G.711; G.726-32

>

v

M- | C: Callld
» V. feeventy L: LocalCXOptions
» X:0123456789AD ] _ _
p: packetize period(ms)
» R:hu ) _
a: Compression Algo.
e ACK to CRCX(3)  |M: Mode
» 200 OK X: Requestldentifier
» | EDE234CS8 R: RequestEvents
1 Connectionld

» Session Description 48



Obsah prenasenych zprav od RGW k TGW

e ACK to CRCX(3) Session Description
» V=0
» C=IN IP4 140.96.102.166
» m=audio 3456 RTP/AVP 0 96
Kodovani G726~G732
» a=rtpmap:96 G726-32/8000 | audio vzorky 8 kHZ

- protocol version
- connection information
: media name and transport address

v 3 0 <

- more media attribute line
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Obsah prenasenych zprav od RGW k TGW

e CRCX(4) : CreateConnection

» CRCX carde/5@tgw.whatever.net
MGCP 1.0

» C: A3C47F21456789F0

» L: p:10, a: G.711; G.726-32

» M: sendrecv

» Session Description from ACK(3)

e ACK to CRCX(4)

C: Callld
» 200 OK M: Mode
» |? 32F345E2 1: Connectionld

» Session Description 50



Obsah prenasenych zprav od RGW k TGW

e MDCX(5) : ModifyConnection

» MDCX hrd3/15@rgw.whatever.net MGCP 1.0
» C: A3C47F21456789F0 c- callld
» |: FDE234C8

I: Connectionld

» M: recvonly M- Mode

v

>

v

Session Description from ACK(4)

e ACK to MDCX(5)

» 200 OK

o1



Obsah prenasenych zprav od RGW k TGW

e RONT(6) : NotificationRequest
» RONT hrd3/15@rgw.whatever.net MGCP 1.0
» N: CA@ca.whatever.net:5678
» X: 012345789AE
» R: hu
» S:v (alerting)

e ACK to RQNT(6)

» 200 OK

- NotifyEntity
- Requestldentifier
> RequestEvents

»w o X =2

- SignalRequests

52



Obsah prenasenych zprav od RGW k TGW

e MDCX(7) : ModifyConnection

» MDCX hrd3/15@rgw.whatever.net MGCP 1.0
» C: A3C47F21456789F0
» |: FDE234C8

- C: Callld
» M. _
» X: 012345789AF 1= Connectionld

M: Mode

» R: hu

e ACK to MDCX(7)

» 200 OK
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Obsah prenasenych zprav od RGW k TGW

e DLCX(8) : DeleteConnection

» DLCX hrd3/15@rgw.whatever.net MGCP 1.0

» C: A3C47F21456789F0
» |: FDE234C8

e ACK to DLCX(8)

» 200 OK

C: Callld

I: Connectionld

» P:PS=1245, 0S=62345, PR=780, OR=45123, PL=10, JI=27, LA=48

PS:
0S:
PR:
OR:
PL:
JI:
LA:

Packets sent

Octets sent

Packets received
Octets received
Packets lost
Average Jitter (ms)
Average Latency (ms)
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2. Priklady: Od SIP k MGCP



Opakovani:
Navazani spojeni u SIP

[P

INVITE
2 >
b e Ringing
ik
C
4 ACE .
Corsrersation
B = = = — — =
BYE
f :
ik
g |

Podobny mechanismus jako u HTTP
- Vyhoda: programy navrzené pro HTTP mohou byt snadno piepsany pro SIP

viiwv s



Odlozené volani
(priklad pruznych sluzeb SIPu)

o) 0

. | INVITE

o
b e Busy(Tryat dpm)
o BCE »
@ 4 | INVITE N
e le Ringing
Fle )
AR
2 o
orrrersation
h g = =T —
BYE
-
(2E
] =




Vicenasobna registrace na jedno
telefonni Cislo

User at Address 2 User ot Addmess 1

4 REGIS TER. (address 1)
Registrace doma, v kancelafi, b |J
bezdratovy telefon... | rEorTER e
I
i |
IHVITE
® I
£ | >
g (3
h e |
i[Ok |
i L ZruSeni po volani z aktualniho mista
, | | O (fox INVITE) .
! | O (for CANCEL) |
m | :{ ACE
n le | ﬂCKl
I .
o lg Cormrsation »
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Jak byste skartovali zaregistrovany hovor?

CollinsFrr crk.com

?

[

Fegstrar

REGETEER siprregistrar wod: com STPE2 0
Via: SIP2OMTDE s tation] sarcele.com
Fromy sip:Collimsi@erork.com

Tor sipeCollinsgirarork com

CallID: 1234 58@station ] sarodk.oom
C5eq: 1 REGIZTER

Contact: sip:Collinsf@station] sarork.com
Expires: 7200

Contert-Length: O

SIP20200 O

Wia: ST QMDP stahonl work ecm
From: sip:C ollinsiinarar.com

To: sip:Collivs {fherork.corm

Call-ID: 1 2534565 taticm ] arark.com
Cieq: 1 REEGIETER

Cortact: sip:Collivs @ station] ot com
Expires: 3800

Content-Length: 0
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SDP v SIP zprave

Dariel=sip Collins@er cek.cor-

Boss=sip Manageninr ork.cont=

INVITE sipmanageriaork.com SIPL20
CSeq: 1 INWITE

Cormtent-Length 250

Comtent-Type: applicatontsdp

=0

o=collivs 125455 001 [N IP4 stahoml s crk oo
s=varation

i=Dhis s siom abont Hme offarod:

c=IH P4 statiord work.com

+=00

m=mdio 4444 ETRAVP 2 4 15

a=ripenap 2 G728-32/E000

a=riprmap 4 GT23E000

a=ripenap 15 GT2EE000

L i

SIR2.0200 0K

CSeq: | INVITE
Content-Length 161
Content-Type: applicationfsdp

=0

5= crnpany vacaton policy
o = I IP4 staticeid wrod:.com
=00

m=andin B568 ETRAVE 15
a=ripenap 15 GT22/2000

o=rmanager 45678 W01 I IP4 statiom2 wodk cond

ACE sipmanagenfhrark com 3 IPA20
Cieq 1 ACE
Content-Length: 0

60



Pro¢ nékteré zpravy maji Content-Length 07?

Dani.el<sip:Cn]]jm_s (@arotk come ﬁoss:s1p:ﬂllamgn_:n:c_§m.rm'k.mrrp

1/

INVITE sip:manageninarork com S TR0
Wia: § [F2. WTDF stationl s#rodk com
Froan: Damel=sip:Collimsi@work.com=
To: Boss<sip Managen@rrod: coms=
Call-ID: 123456@Fstat onl wroelk.com
Cleq: 1 INVITE

Subject: Vacation

Comtent-Lengthe xo:

Cortent-Type: application's dp
[messazebady)

SIPF20 120 Ringing

Wia: SIP20TDE s tatiom] ek com
Fromr Dartel=s ip:C ollins@harod: cont
To: Boss =sip M anagen@erork.cone
Call-ID: 123456@staﬁ.on]:j‘1vjnﬂ{.mm
CSeq: 1 INVITE

C ontert-Length: 0

SI20 200K

Via: 3 IP2.OTDP station] srork.com
Fromn: Daniel=sip Collivs @iharork. com=
To: Boss=s ipMaragenfiwrodk cone=
Call-ID: 12545635 tsh onl wrork.com
Cieq: 1 MVITE

Subject: Vacation

Cortent-Length o

Cortent-Type: application’s dp
[messazebody]

ACE siprmanagesfiarodecom S TR0
Wia: SIF20MIDE s tatiom ] swrork com
Fromr Darnel=sip:C ollinsi@work come
To: Boss =sip Manager@herork cont=
Call-ID: 1234 3@ station] wrod.com 61
CSeq: 1 ACE

Zotert-Length: O

[ |



Presmérovani pi1 zmeéne lokality

Daniel= sip:Collins@rwrork oo sip:ferverwrotkoom  Boss=Mansgen@hone net=

IM¥ITE sipmatagen@senserwrork.com SIR2 0 i
Wia: SIR2.QTDP stabonl wrodk.com

From: Daniel=sip:CollinsiEnar ork.com=

To: Boss=s ipMaragenFrarod: come

Call-T0: 123456 @ stabon] sarork.com

Cleq: ] INVITE

b

|
|
|
|
SR 030 Moved Temporanly |
Via IR 1M com |
From Darnel=sipe Collinsifharod: com=
To: Beos s=sip: Maragenrarot: cone |
Call-ID: 123458 @station] wrork.com
CSeq | TNVITE |
Contact: Managen@home ret |
|
|
|
|

c -

ACE sipmansgeifsermrarork.com STPL0
Wia: SIPALOMDE station] wrork.com

From: Dael=sip:Collins i@harork.com=

Te: Bhss=sipManagen@wrork. com=
Call-ID: 1 23456@s taion L swroek com

Cleq: 1 ACK

L 4

INWITE siprmanagen@home net STR2.0
Via: SIP2.0TIDE s tation] sarcelecom
From: Dartel=sipeC cllinsi@narork cont=

CaAlHD: 123 5@ station] srodk com
Cleq 2INVITE

To: Boss=sip:Managenfrork.come 62



Aplikace proxy serveru

Route vyuziva udaji z Contact
pro pfimé smérovani misto
cesty pres proxy

=Manager@home net=

Boss Dramel
sip:ferver work com

1/ g O ]

=

A B :

INVITE sip:Colling®s arver ok com STRN2Z0 |
WVia: SIP2OTUDE station] howme net

From: Boss=sip:Marnazes® home ret= |
To: Damel=sip: Coll irs@work com= |

Call-ID: 1 Z3456@station] home net

CSeq: 1 INVITE | b ol @rok som STRIZD
Cortact: B 23ipe o et la! ! SETET ANDTH 00T
~ortact: Boss <sip managerPhome e | ¥ia: SP200UDP station] howe net

Recomrd -route: <sip:Collins@sermr work coms=

STFF2.0 100 Trving
Via: SIF2UDP stationl home ret

| e R Managex@home ret=
To: Darel= sip:C ollinsi@herork.coms=

From: Bos s=sip: Manageni@home net= | canim: 1 254560 station ] horme net

To: Dardel=s ip:C ollinsi@erork comm= C5eq: 1 INVITE

Call-ID: 125456i@s tation] howme net | Contact: Boss= sip: manages® home net=

C5eq: ] INVITE

| SIFM2.0200 CE

Wiz SIF2 VUL server wod.com

Wia: ST 20U DE staion] home net
Fecord-route: =sip:Collins @serverwork.com=

STR¥2.0 200 OK | PR b M anazex@home ret-
Wia: SIFVZUDE station] Jhome ret Tor: Darmiel=s iprCollinsiErerotk cor=
Fecord-thute: <sip:Collivs @serverworkoom=  Call-ID: 1234563 staticn] hoane net

wFpEeesin L anaze i@ home net= | Cleq: 1 INVITE
To: Dartel=sip:C olhnsi@herork .comm= Contact: sip:Collinsi@rerork.com
Call-ID: 1Z3456¢@s tatiom] hoeme niet |
Cieq: 1 INVITE |
Contact: sip:CollvsifEwrork.com .
ACK sip:Collins@serrerarork.com STF20 I
WVia STPFZ UTDPF station] home net |
Fooate: =sip:Collins @harork.come
TILID Doss =sip Manageri@home net= | -
To: Daniel=sip:Collinsg@her o come | ACH sip Collinsi@herork com STR2.0
Call-T: 1 25456@station] horme net Wia SIRFLOMDE s erver wo com
Cleq 1 ACKE Via: & IFF2 WTDP stationl Jome net

From: B os s=s1p M anag enfthome net=
| To: Darial=sipiC cllins@marode com=

Call-T: 1 Z54566@s tatiom 1 horme net
Cleq: 1 ACE

=sip:Collins@haroek.com=

/

L/
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E—— Boss

Forking:
volany je registrovan na vice mistech

«Manager® home ret= sip:derverwrork .com

=¥ -

a
N VIIE sip:Collins @server work com S IPr2.0]
Via: SIPR2.0MWDE station] hoe et
From: Boss=aip Manageri@home net= |
To: Daniel=sip Colling@aotk cot= |
Call-TD: 123456 @stationl hore ket
b TSeq: 1 IMVITE |
IPf20 100 Trying |
c . .
via.S ﬁiﬁgﬁﬁ;@f&ﬁp [TVITE sip-Collina@pel workcom SIF/2.0 ) 5 .
To: Danielesip Collits@workcane= | gl_a: ggﬁ.gﬁ%%gs;nﬁ.Tﬁ.cnmjimh=l Vola se na vSechna mista,
Call ID B3 @ bl becw et g e MensgGlons et kde je volany registrovan
q | ) .
T =gipCollive@worke o=
| Call 1D 1 23456@etation] horee net
4 | CSeq 1 INVITE
"IHVIIE sip:Collins@ pe2 work.com 5 [P2.0
| Wia: SIPM OIUDE senver wok conthranch=2
| Via: SIPR2OUDP station] hore net
Frorn: <sip Wanagen@home net=
To: =sipCollirs@work coros
Call-ID: 123456@station] horme net
| CSeq: 1 INVITE
g .
I"$1P/20 200 OK
| WVia: SIP2.0MDP server work comgbranch=2
Wia: SIP2 WWUDE station] home net
| From: =sipWEnagenfbome nets
T =gipCollite@workeorm=
| calliD: 123456 station] homme net
; | CSeq: 1 INVITE I
CANCEL sipCollins@pel wotk com 3 P20 &i SN A An{
g | ! Vin: SIPR.OMUDE sermr work comb mnch=1 Rusim Zbytecne volani
P20 200 OK | Via: SIF2.0/UDF station] bome net
Via: SIP2 0/UDP station] }ome zet Froma: <sip Wnager@horas net> |
From: <sipTvbmager@home net= | To: <sip:Collins@wnrk come= | 64
To: =sipColling@work covee Call-ID: 123456 @station] home re t
Call-ID: 1 23456@station] home ret I CSeq: | CANCEL |

CSeg 1IMVITE




Vlozeni SDP zprav

Damzl=s1p:C ollins@work com=

=1

=¥ .

do zprav

Boss =sip Managenfwork com=

0/

IHVIIE sip:mamger@w ork com STP2.0
Coeq 1 IMVITE

Content-Lergth: 230

Content-Type: applicationsdp

=i

o=collire 123456 01 M P4 station] workcor
=vacation

Flisrussion about tire off work

o=IN P4 stationl work.com

=10

m=andio 444 BTRAVE 2415

a=ripraap 2 GT26-32/2000

a=Hpnap 4 GT23E000

a=rprmap 15 GFI2RE000

STP20 200 OF

CSeq 1 INVITE
Content-Length: 161
Content-Type: application/sdp

=0

o=taanager 45678 001 IN IP4 station work com
s=Companyvacation policy

¢ = [N IP4 station2 work com

t=10

m=audio G666 RTPIAVE 15

a=tprnap 15 GT2EE000

Y

ACE sipranager@orkcom SIP2 0
Coeq 1 ACK
Content-Length: 0

= = = = = = = === === =»

Conversation

IP

Pokud Boss odpovi G.711,
musi to Daniel odmitnout,
i kdyby kodek znal,
protoze ho nenavrhl
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Metoda OPTIONS slouzi ke

..V

7]1Sténi moZnosti protéjSku

SipZCD]]jIIS@“-DIk.IFDm

=Ny

a

siplanagerifaork corm

m;

o

OPTICHS siprrvanagenf@work corm STF20
Via: SIPS2.0MDE Stationd workeom
Frora: Daniel =sip: Collingf@hwork cor=
To: Boss=sipIlanagen@work com=
Call-ID: 123456 station] otk com
CSeg: 1 OPTIONS

L cept: aPPHTETIT D

Content-Length: 0

h |

[
»

STPI20 200 O

Via: SIPOMTDE Station] work cor
From: Daniel <sip: Collirsifwork cor=|
To: Bogs=sipManagen@work c om=
Call-ID: 123456 @station] work.com
CZeq: 1 OPTIONS

Content-Lergth: 106

Contert-Type: applicationSadp

=0

5=
¢ =IM IP4 stationd work.com
t=010

m=andio 0 ETRIAVEO 3

o=raanager 45678 001 TN IP4 station? work.com

SIP mlze nést
- SDP specifikace
- MIME zpravy

SIP podporuje

- nové sluzby

- tradicni telefonni sluzby
CLASS (Custom Local Area Signaling Service)
Call Waiting, Call Forwarding, Multi-party Calling,
Cau}Screening atd.

66



Call Forwarding pri obsazeni
(nebo vyprseni timeoutu)

nmrl sipr Server work com
L=
a > |
INVITE sipmserdi@server. work.com SIR20 |
From: sipuser] |
To: siprser2ifwork com |
Contact: Userl | |
Cheq: 1 INVITE |
b |y | |
SIP200 100 Trying I
From: siprser] | |
£ To: sipuserdi@work com >
CSeq: 1 INVITE | INVITE siprse rd@wodscom SIPF20 |
From: sipruserl |
| To: sipmserdi@wok. com
Contact: Userl |
| cSeq: 1 MVITE
d ¢ |
SIP2.0 486 Busy Her |
| From: s
| To: sipserd@work com
| Cleq: 1 INVITE
& >
| INVITE sipmse r3@wotk.com SIPF20
Fromm: sipruserl L\x’
| Ta: sipruzerdi@work.com
| CHeq: 2 INVITE
f
I SIPI2.0 200 OK
| From: sipruserl
g e To: dpruser2if@work.com
SIP2.0200 Ck | Contact: sip:use y3@work.com
From: sip:user] CSeq 2 INVITE
To: dpuserifwork com |
Contact: sip e r3@work com |

CHeq: 1 INVITE



Konzultac¢ni pridrzeni (hold)

Meer & . eserB Userc |
‘2 o/
N g

=¥

=1

INVIIE sipTser & @there STP0 |
Frorn: sipelTeer Bidthere
1D 12345 |

]
S TP2.0200 O i
From: sipUser Bi@lere
Call [D:12345

-

|
|
ACE sip:User Aifther SIPR2.0
From: sip:User Bi@lere |
Call-ID: 12345 |
]

Conversation

INVITE sip:User i there |
From: sipelzer Bi@hers |
Call ID:12345

(c=l |

Fror: sip:User Bihere
Call-ID:12345

{e=0)
S

STRf20 200 OF 7l
|
|

ACE sip User A there
Fror: sip:User Bi@hers
Call-ID: 12345

|
|
T Omheli] = >

.

INVIIE sip:User L thers
From: sipelzer Bi@hers
Call-ID:12345

{c=0)

SIP202000K
Frorn: siprUser Bi@here
Call-ID: 12545

|
|
el
>
|
|

{c==)

User B calls User C, speaks, then hangs up

¢ — connection information
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RozSireni o INFO metody

INFO je jedno z rozSifeni RFC 2543 zvanych SIP-T i jinak.

Priklady INFO:

= pfenos Cisla DTMF (Dial Tone Multi-Frequency)
» pfenos ucetni informace
» pfenos informace vygenerovaneé v jiné (napf. JTS) siti

Resdeni: Rozsirena zahlavi
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RozSirena zahlavi

Client 4, derver B

./ E

o—

IHVIIE sip:ServerB@netrork com S IR20 L\}
Via: SIF2 0JDP FC networkcom
Supoorted: Fover
(Ere taork. com
To: 51p ServerBi@ne tanrk corm
Call-ID: 123456 PC network com
Cleq: 1| NVITE
Subject: Walkies

F Y

STPR 04N Extension Beanited,
Via: SIE AU LE P2 network oo

Feoumre: Feln:
PRI e o come

To: sipServerBif@re tanrk com
Call- 1D 12345630 ne vtk corm
CSeq: 1 INVITE

PoZaduje rozSifeni Felix

LCE sipd erve B @ retwork.com STF20
Via: SIPR2.0MDE PC ye twork cora
From sipClientbf@neteork corm

To: siprSe e Bi@netaork com

Call-ID: 1 23456@PC network corn
CHeq: 1 ACK




Rozsifeni popsane v RFC 3262

provizorni potvrzent)

Hetwork Working Group J. Rosenberg
Eequest for Comments: 3262 dynamicsoft
Category: Standards Track H. Schulzrinne

Columbia 1.
June 2002

Reliability of Provi=sional Responses
in the Sesszion Initiation Protocol (SIF)

Statu=s of thi=zs Memo

Thi=zs document specifies an Internet standards track protocol for the
Internet community, and requests discussion and suggestions for

improvement=. Please refer to the current edition of the "Internet
Official Protocol Standards"™ (5TD 1) for the standardization state
and status of this protocol. Distribution of this memo iz unlimited.

Copyright Notice
Copyright (C) The Internet Society (2002). &All Rights Reserved.

Ab=stract

Thi=z document specifies an extension to the Session Initiation

Protocol (S5IP) providing reliable provisional response messages.

Thi= extension uses the option tag 100rel and defines the Provisional 71
Respon=se ACEnowledgement (PRACE) method.



Provizorni potvrzeni
(PRACK)

ServerBifmeter ork com

Userd@retaod: com

=F

H

INVITE sip:3 erverBi@ne tarork.com S TR0
Wia: SIP2.0TDE PCoretorcek com
Suppotted : org 1etsip. 100l

Frome sip:Chentd @retarod: com
To:sipd ererBEneterork. com

Call-ID: 123455@PC reterodk com

b

CZeq: 1 INVITE
v -
SIR2.0 180 Ringing
Via SIF20/MWDP PC retwrod:.com
Fespomse Lost Rfeq: 557830

Fron sip:Clientd@neterod:.com
To: siped erverBi@ retarork com
Call-ID: 12534 5@ PC network.com
Cleq: 1 INVITE

~

SIPM2.0 180 Ringing

Wia: SIF2MUDE PC netarork.com
F5 e 557851

From: sip:Cliermtd @neterork.com
To: sip:ServerB@neterork.com
Call-ID: 1254566 PO netarod com
Coeq: 1 INVITE

FRACE s ip:ServerBi@neterork.com STF2.0
Wia: SIP2 WUDP PC retwodk com

Rack: 567851 1 INVITE

From: s ipeC lientd @netarork.com

To: sip:Serverf @retarotk com

Call-ID: 125456@PC neterorkcom
Cleq:2 FRACK

SIP20200K

Wia: SIF2 WUDP PC neterork.com
From: s ipeC Liertd @ netarork.com
To: sip:Serverd @reterork com
Call-ID: 1253456@PC neterork.com
Chen: 2 FRACE

]

Respomse
Fe-trams not

PRACK - Provisional Response ACK

Potvrzuje zvonéni a tim hlidam,
zda se neztratilo
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Sest kategorii navratovych kodu

Opakovani:

Trida Popis
Ixx Pozadavek je zpracovavan (napft. ,,100 Trying“, “180 Ringing”). To jsou docasné odpovédi
2XX Pozadavek byl uspésné zpracovan (napt. “200 OK”).
3XX Piesmérovani: Pozadavek je tieba smérovat jinam (napt. “305 Use proxy”).
4xx Chyba klienta: Dotaz by se nem¢él ve stejné podob¢é opakovat (napt. "403 Forbidden").
5xX Chyba na serveru (napt. "500 Server Internal Error”, "501 Not Implemented").
BXX Globalni chyba (606 Not Acceptable™).

Odpovédi 2xx az 6xx jsou ,spolehlivé dorucované®, protoze maji svij ACK

1xx ane NE!!
b e
INVITE CANCEL
< 100 Trying 200 OK
VITE L CANCEL
100 Trying -
— 200 OK
< 180 Ringing
180 Ringing 487 Reguest Cancelled
N 200 OK ACK
o
- 200 OK 487 Request Cancelled
ACK - on
ACK -
-
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N¢ckdy ale potrebujeme potvrdit

1 doCasn¢ odpovedi!

Nekdy potfebujeme potvrdit, Zze se zpravy 180 (Ringing) a 183 (Session
Progress) neztratily. K tomu slouzi PRACK (provisional ACK)

Proxy

:NWIE/
A 4

SIP UAC

16:32:35.762 CALL(SIE)
16:32:33.782 CALL(SIF)
16:32:35.782 CRALL(SIE)

> Proxy Proxy ‘_.: Proxy
1XX
\ / PRACK \
N 7 X
.-"-x{_ }':

SIP UAS SiP UAC

SiF UAS

(00:0004:00) SENT 183 Session Progress Reliable (100rel) to 10.129.45.102:8000 UDP

(00:0004:00) RCVD PRACK from 10.129.45.102:8000 Cseq:2 with Via sent-by: 10.129.45.102 UDP
(00:0004:00) SENT 200 OK PRACK to 10.129.45.102:8000 UDP
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Tak jeste jednou

-

UAC AS
INVITE {Supported: 100rel R
100 Trying

NVITE)
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Ve zpravé PRACK
muze byt 1 podpora SDP

PRACK sip:222@10.129.45.104:5060 SIP/2.0

Via: SIP/2.0/UDP 10.129.47.146:8000;branch=z9hG4bK3b1bce
0-22330

Max-Forwards: 70

From: sip:111@10.129.47.146:8000;tag=48346074

To: sip:222@10.129.45.104:tag=294c095b773belddbe8d668a785a9c84904eaa2e
Call-ID: 11408@10.129.47.146

CSeq: 2 PRACK

RAck: 1 1 INVITE

Content-Type: application/sdp

Content-Length: 174

v=0

0=_ 2890844527 2890844527 IN IP4 10.129.47.146

s=-

c=IN IP4 10.129.47.146 Pokud bude SDP neplatneé, bude ignorovano
t=00

m=audio 9000 RTP/AVP 0 101

a=rtpmap:0 PCMU/8000

a=rtpmap:101 telephone-event/8000 76



Extension popsane v RFC 4032
(PRACK je jeden z nich)

[Docs] [txt|pdf] [draft-ietf-sip-rf...] [Diffl] [Diffl]

PROPCSED STANDARD

Hetwork Working Group G. Camarillo
Eequest for Comments: 4032 Ericsson
Updates: 3312 F. Eyziwvat
Category: Standard=s Track Cizco Systems

t} March 2005
Opdate to the Ses=zion Initiation Protocol (SIF)
Preconditions Framework
Status of This=s Memo

Thiz document specifies an Internet standards track protocol for the
Internet community, and requests discussion and suggestions for

improvements. Please refer to the current edition of the "Internet
Official Protocol Standards" (S5TID 1) for the standardization state
and statu=s of this protocol. Distribution of this memo iz unlimited.

Copyright Notice
Copyright (C) The Internet Society (2005).

Eb=stract
Thi=z document updates EFC 3312, which defines the framework for
precondition=s in 5IP. We provide guideline=s for authors of new

precondition types and describe how to use S5IP preconditions in
gituation=s that involwve =ses=sion mobility.



Predpoklad rezervace zdroju v SIP

a

Telefon na druhé strané nezazvoni,

Us elt (Fire borcak. corn Prozor vetarcek. com UserbBiEmetwork.com
J - 'IJ
% / om—
NVITE |
Session Desciphon ) N
farith precondition athibates) [ irv1TE i
| Session Desciption
[writh precondibon athaba tes)
|l
:[ SIPYA0 183 Sessiom Progiess
- ! Sessiom Desoription
SIP2 0 183 Session Progress {writh precondition attrintes)
Session Descriphon
farith precondibion athibates)
FRACE .
B STR0 200 (O (fe FRACE)
Fesource Feservation i

FEECONDITION-MET
Session Des aphon
(withhpdated precondiion attributes )

SIP2.0 200 (OK) (for PRECONDITION-MET)

|_.

SIF/20 200 (OK) (for INVITE)

Session Descuphon

3
1

SIFY20 200 (OK) (for IV ITE)

Sess1om Desoription

ACE

Pokud nejsou rezervovany
potfebné zdroje

MuzZe byt pfimo i pfes proxy
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Typy predpokladu
(preconditions)

Precondition-Type Description Specification
conn Connectivity precondition RFC5898
qos Q_uality of Service preconditions RFC3312
seq Security precondition RFC5027




Predpoklady, uvedené¢

current-status

desired-status

confirm-status

precondition-type
strength-tag

status-type
direction-tag

v RFC 3312

"a=curr:" precondition-type

SP status-type SP direction-tag
"a=des:" precondition-type

SP strength-tag SP status-type
SP direction-tag

"a=conf:" precondition-type

SP status-type SP direction-tag
"qos" | token

("mandatory"™ | "optional™ | "none"

| "failure”™ | "unknown™)

("e2e”™ | "local” | "remote™)

("none"™ | "send" | "recv" | "sendrecv")
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Jak je tato informace predavana
dle RFC 3312

(1) INVITE SDP1

(2) 183 Session Progres SDP2

)

)

(3) PRACK

J

(4) 200 OK (PRACK)

A

RESERVATION
RESERVATION

[
[

(5) UPDATE SDP3

(6) 200 OK(UPDATE) SDP4

(7) 180 Ringing

(8) PRACK

(9) 200 OK (PRACK)

(10) 200 OK (INVITE)

(11) 200 ACK




Priklad, jak je predpoklad
indikovan ve zpravé SIP

INVITE sip:user1@192.168.1.11:37607 SIP/2.0

Via: SIP/2.0/UDP 192.168.1.12:64700;branch=z9hG4bK635101086023655710;rport;transport=UDP
Max-Forwards: 69

Call-1D: 635101086023565705@192.168.1.2

CSeq: 6 INVITE

Via: SIP/2.0/UDP 192.168.1.2:64627;branch=z9hG4bK635101086023565705;transport=UDP

To: <sip:userl@anritsu-cscf.com>

From: <sip:0123456789@anritsu-cscf.com>;tag=1111111111

Contact: <sip:0123456789@anritsu-cscf.com:64627;transport=udp>

Allow: INVITE, UPDATE, ACK, CANCEL, BYE, PRACK, MESSAGE

Supported: 100rel // Indicate "PRACK" is supported

Supported: precondition // Indicate "Precondition” is supported

Accept-Contact: *;+qg.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-application.ims.iari.gsma-vs"; require;explicit
Privacy: id

Content-Type: application/sdp

Content-Length: 565

Record-Route: <sip:192.168.1.2;Ir>
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Priklad, jak je predpoklad
indikovan ve zpravé SIP

INVITE sip:0123456789; phone-context=one.att.net@one.att.net;user=phone SIP/2.0
Allow: INVITE,ACK,OPTIONS,CANCEL,BYE,UPDATE,INFO,REFER,NOTIFY,MESSAGE,PRACK
P-Preferred-Identity: <sip:310410123456789@one.att.net>

User-Agent: SAMSUNG IMS CLIENT 4.0

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

CSeq: 1 INVITE

Max-Forwards: 70

P-Access-Network-Info: 3GPP-E-UTRAN-FDD;utran-cell-id-3gpp=31041000010000000
Route: <sip:[2001:0:0:2::2]:5060;Ir>

a: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel"

c: application/sdp

f: <sip:310410123456789@one.att.net>;tag=2763466811

i 2270680280

k: 100rel,timer,precondition

l: 733

m: <sip:310410123456789@[2001:0:0:2::1]:5060;transport=UDP>;+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-
service.ims.icsi.mmtel"

t: <sip:0123456789;phone-context=one.att.net@one.att.net;user=phone>

v: SIP/2.0/TCP [2001:0:0:2::1]:5060;branch=z9hG4bK932432170smg;transport=TCP
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Priklad, jak je predpoklad
indikovan ve zpravé SIP

SIP/2.0 183 Session Progress

Max-Forwards: 70

Via: SIP/2.0/TCP [2001:0:0:2::1]:5060;branch=z9hG4bK932432170smg;transport=TCP
From: «<sip:310410123456789@one.att.net>;tag=2763466811

To: <sip:0123456789; phone-context=one.att.net@one.att.net;user=phone>;tag=1111111111
Call-ID: 2270680280

CSeq: 1 INVITE

Contact: <sip:0123456789@[2001:0:0:2::2]:65094;transport=tcp>

Record-Route: <sip:[2001:0:0:2::2];Ir>

Content-Type: application/sdp

Require: precondition // Indicate "precondition” is required

Require: 100rel // Indicate "PRACK" is Required

RSeq: 1

Content-Length: 763

Privacy: none

P-Asserted-Identity: <sip:0123456789>;phone-context=one.att.net@one.att.net;user=phone
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BezpecCnostni predpoklady v SDP
popsane v RFC 5027

A B
| |
| - ——————————— - (1) INVITE SDPl-————————————- —>|
| |
| <—————— (2) 183 Session Progress SDPZ2———————- |
| |
| - ——— (3) PRACK SDP3———————————— —>|
| |
| <= (4) 200 OK (PRACK) SDP4————————— |
| |
| < (5) 180 Ringing—-—————————————— |
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ISUP — ISDN User Part of SS7

ISUP definuje protokol a postupy pouzivané pro nastaveni,

spravu a uvolnéni obvodu trunku, které provadéji hlasové

a datoveé hovory prostrednictvim verejné komutované telefonni sité.
ISUP se pouziva jak pro ISDN a non-ISDN volani.

ISUP byl specifikovan ITU-T jako ¢ast série protokolu Q.76x
a ANSI T1.113. ETSI ma vilastni specifikace podobné ITU-T.
Format ISUP paketu je:

Routing label
Circuit identification code
Message type code
Mandatory fixed part - (Parameters)
Mandatory variable part - (Parameters)
Optional part - (Parameters)
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ISUP jako soucast

protokolové sady SS7

A pplication

viR || auc ]1

[
| map | | saamap | h ER || HIR |

Session

ISUP TUP |
Presentation

TCAP

Transport

H}E/:

[oue jv. 7

BSEA.F'

SCCF'

GSMJ’CDI‘U‘IA.
BSEI'I.I'I.H. F' DTAP 55
BTSM I'I.I'II'I.I'I
MICC SMS

Data Link

MNetwork: " GpPRS "

4 Protection
W5 Control
W5 PSTH
Wi Link Control

SNDCP
GTP
MTP2
HS-Metwork

Physical

8
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Prikazy ISUP

" Initial Address Message (IAM) — Navazani spojent.
Parametry: Cislo volajiciho a volaného, typ sluzby (hlas nebo data) atd.

» Subsequent Address Message (SAM) — Pro pfipad,
ze |AM neobsahuje pIné Cislo

= Address Complete Message (ACM) — U volaného zvoni telefon.
= Answer Message (ANM) — Druha strana zvedla telefon.

» Release (REL) — Telefon zustava zavéSen (on hook) nebo spojeni
nemuze byt uzavreno (pak je v parametru Cause Value uveden duvod,
napr. "User busy").

= Release complete (RLC) — Uvolnéni linky.
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Komunikace PSTN — host v
Internetu

______________

trunk (T1, T3, )
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Internet jako most mez1 dvéma
SS7 domenami

I ]
PSTN i i PSTN

S57 (ANSI)
S57 (ETSI)
SST (AIN)
TIE

'TE;E —
1 B

[ | '
V] & ¥ |
fml'."ln protacos | k RTP

trunk (T1. T3, _)
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Volani ze SIP do JTS

Manage rifhanodk com Proceywrork.com HGW
INVITE ]
- 100 { Teying) I,\}
HVITE i
100 [ Tiying)
T i
LAM
i —————
ACM
T 185 (S ession Progiess)
Sessiom description
" 123(S ession Pregiess)
Session description
< - >
Oresaray andio Ore-wray adio
o — — —
AWM
200 (00K
Updated session descnphon
h 200 (0E)
Updated session description
ACE i
ACE
- ol -
Taro-ar 2y voace Trarc2ar a7 vouce

IAM — Initial Address Message

ACM — Address Complete Message

ANM — Answer Message
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Volani z JTS do SIP site

M anagenferod com

O/

om—1
a b o m— — — —
TaR
b -
INVITE
c : 2
100 Tyrine)
d i
INVITE
g =
120 (Finging)
f =
120 (Rirging)
g fr— — — — — -
AT
h T -
Ore-way andio (n.n% tome]
1 >
2000k
i Ses s1on des criphion -
200K
Session des criphion
k **
] ACE
B ACK
m f— — — — — -
AT
S e >
Tharoaar ay volce Thanoar ay woice

Procgrwrork.com

E%
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Volani ze SIP sit€ do H.323 sit¢
s pouzitim volby Fast Connect

SIPClisnt Gateway H 323 Tenminal

1/ T m

a >
INVITE
b To: Terminali@H3 25 net
_— - - — - . . — ]
c=IN 1P 1254567 Setup _ _
m=adic B000 BTRVAYE O faststart [logical chanmfo = 711 TX,
P11 R 12545875000
C S
Alerting
1 |e
180 (Finging)
=] ol — — — — — — —
Conrect
£ fasts tart [logical chan inft = G711 T,
- 200 (0K G EE 1547892000
To: Tenminalf@HAES nat
c=INIP4 156789
neadie 00 ETRAVEQ
£
ACE
h e > - >
Taroaaray woice Tharcaray wolce



Volani ze SIP sité do H.323 sité
bez podpory Fast Connect terminalem

31F Chent Cateway N.ass lermitial

o
¥

INVITE
b | To: Terminal @HE23 net N
IN P4 123 4567 Setup
I:= " = 3 3 = yd -
y=audio 2000 RTPIAVE O fostetart [ogicel ohan info = G7LL T, Brana chce spustit setup,
terminal ho ale nezna a tak
i T T Tomect(m fastetart) | Jg situ_ace feSena béznou
. 1 - Signalizaci protokolu H.245.
[Termizal Capesility e Druhym smé&rem neni problém,

3711 T, (7111 RX )
Protoze brana zna SIP i H.323.

g e o o o o

Terminal Capability Set Ack)

f b o o o o o o o
Terrminal Capability Set
G111 T, G711 BX

4 R e B R

Tenrinal Capability Set Ack

Opsn Logical Channel
i G?ll TZ

Cpen Logical Chanmnel Ack

i =
0 0% F{=123 7.8 9:2000

To: Terrirali@HILS net

c=IN IP4123.4729
m=andio 2000 ETE/AYE O

k -
1 ALK " H.Z!ZS._EIF
Cpen Logical Chmmel
G711 TX H.245
L - - 94
Open Logical Channel Ack 3P

Rx=123.456.7:3000 EEm—



Volani z H.323 do SIP s pouzitim
Fast Connect

H 325 Tenminal Gatewray SIP Cliext

|;_-\_ 1
[ ] e ] e ] e e | F |.-'

A e e o o o o o o
Setip
b fas tstart logieal chanindt = G711 TX, -
711 B 12567892000 HYVITE
To: Usen@3 TP vet
=TI 156789
meEadio 200 ETRAYVE O
C Pl
180 (Fanging)
|I:1 [ — - @ - - e - -
Alerting
o bl
2MCE)
To: Usen@ S IP. et
f‘ ol — — — — — — — —
_ _ Comect c=IN P4 1234567
faststart [logical chan info = G711 TZ ne andio 2000 E TRA VPO
711 R 12545878000
£ o
ACE
95
h | > >
Taroiaar 2y voloe Tharcmaray wodoe



Volani z H.323 do SIP bez
pouziti volby Fast Connect

H.525 Termviral Gaterray SIP Client

o/ T =y

a —_— =

Setup (mo faststart)

INVITE
[defarlt messazs bod vl

200 (0K
L —
Comnect [no faststart) o=IN P4 1254567
neadio B000 ETRAVE O

i
Termunal Capa ility Set
G711 T, G711 RX

R A T ——

[Tenninal Capahility 5 et Aok

G T, GT11 BX

| P

Tearmmnal Capadility Set hck
AT A —
Oipen Logical Chanrel
G711 TE
i N ———
X Open Logical Charmel 4ck
RE=1236725.2000 ACE >
S A —— 1o g bk
Crpen Logical Charmel m=andio 2000 ETRAVE O
G711 TZ 2250
— —
I | = o 2 oo s o m o oa mmw
Open Logical Channel Ack H245
RE=123456.7.8000 _ =
n g - = SIF

Taroar ay voice Taroar ay voloe



MGCP: CA mezi dvéma branami

(CA dostal zvenci (SS7) pozadavek na navazani hovoru)

Call gent

i g Wil

TransactionID: 1111 a

CalllD: 1234567 CRCE 1111 EPL@MI3 A raedia net MGCP 10
o 1234567
I recvonly
ConnectionIiD: AAAA
b
VP 0 (G.711 mu-law ST OR
[ Abpb
[ .
; =0
CRCx 222 EPI@MGE"MMMCM?QC;;SE c=IN P4 123.45.6.7
M sanidremy m=auchin 11000 RTR/LVE 0
=[]

c=INTF4 1234567

Pozitivni od pOVéd’ m=audio 11000 ETR/AVE 0

ConnectionID: BBBB d

200 X322 QK
[.BEEE
LI recvorly
& >
=[] LDCE 1112 EFL@NASA media net MGCF 1.0
c=INIP412347T89 [ L
r=andio 22000 ETRAVEP O Il serdrecy
=[]
c=[MIP412367T89
ro=andio 22000 ETPAVEP O
f <
2001112 Ok
[ bl mp
97

Mecha Transfer



MGCP: CA mezi dvéma branami

(CA dostal pozadavek na navazani hovoru z EP)

MG E MG 4
T % L] T Komunikace je spousténa detekci udalosti,

tj. zvednutim sluchatka. Striktné fe€eno,

2 > MGCP nerozliSuje mezi udalostmi a signaly
ROHTI11] %2 MGA media ret MIGCP 10
1122535 H = -
D (012 Scccns) Co J(?’pro CA Qruatellne. . ’
E: 1 (E(Ribm, [%] (D015 (A1) * - Pfikaz pouzitelny na libovolné EP

b ‘4>W D: parametr Digimap
——R-RegESEdEvents. (hd — vyvéseny telefon

HTFY 1112 EPLEMG A media net MGCE 1.0 hu — zvednuty telefon)
X: 112233

O: hd, 7771234
b ~N

1 > ’
200 110K ™ Gislo 7771234 — spliiuje podminky

] .

CRCX 1113EFl@MGA media net MGCP 1.0

C: 1234567
M: recvonly
f ]
201113 QK
£ |« _ I Adid
CRCY 222 EF2@MGE medianet MGCFP 1.0
C: 123587 =0
M: sendrecy o=IH IP4 125 45 6.7
m=andic 11000 ETRATVED
v=0
c=IN P4 12545087
neandio 11000 R TRAAVEQ
h >
L |0 2EZ0E
1 [ BEEE
M scvonly MDCY 1114 EPI@MG b media ret MGCE 1.0
I-Anfn
=0 M: sendwew
=N P4 15783
nEandio 22000 ETRAAVED =0
c=IN [P4 12357209
m=andic 22000 RTFAVEQD 98

200 1114 0K
I-Affdd




Navazani spojeni mezi branou podporujici MGCP
a branou podporujici SIP
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M: recvonly
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20011 O
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2. Plany vytaceni



Regularni vyrazy pravidel piekladu hlasu

Znak pravidla

prekladu hlasu Popis

A Shoda vyrazu se zaCatkem radku.

$ Shoda vyrazu s koncem fadku.

/ Znacka ukazujici zaCatek i konec fetézce shody i nahrady.
\ Opis zvlastniho vyznamu nasledujiciho znaku.

- Neni-li na prvni pozici, pfedstavuje rozsah. Pouziva se se znaky ,[* a ‘]’

[seznam] Odpovida jedinému znaku v seznamul.

["'seznam] Neodpovida Zzadnému znaku zadanému v seznamul.

Odpovidé libovolnému jednomu znaku.

* Opakuje pfedchozi regularni vyraz (regex) ,nulakrat” nebo vicekrat.
+ Opakuje pfedchozi regularni vyraz jednou nebo vicekrat.

? Opakuje pfedchozi regularni vyraz ,nulakrat® nebo jednou.

0 Seskupuje regularni vyrazy.
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Co je tfeba naplanovat?

=\/ytaCeni pripojek

»Adresovani pfipojek (ukol agentu volani CA)
*Privilegia vytaceni

=\/ybér cesty

»Alternativni cesty v pripade zahlceni

»Blokovani urcitych Cisel

»Transformace volaného Cisla (napf. 10 Cislic na 5)
*Transformace volajiciho Cisla
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Priklad Ciselného planu - schema

Je tfeba vytadena Cisla ménit na ¢isla smérovatelna do JTS (napf. 2001 na 14085552001)

San Jose

CIG: + 14085552300 Austin

CIG: +151 25553000

Fhonel-1 Phonel -2 ¥ Fhone2-1 Fhone2-2
200 2002 S0 002
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Zpracovani prichoziho volani z JTS

3

Gateway Medifies
DMNIS to 2001 and
Froutes to Vioice Port

UCME Gataway

, DI ageses 2k | Call Setup Fram
FSTH:

= GMIS 4085552001

..l-..l
/

Uzer Dials
14DEEEEEDD1

(l@ , b T — . Pl \*\
Phanel-1 Rings H—l "‘-.{ __________ C =T oY [
'l‘! -
\ ku\“-———“““‘j 151 25555001
_—

Fhone1-1 Fhonel -2
2001 2002

Direct Inward Dial (DID ) vytacené Cislo, Dialed Number Identification Service (DNIS)
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Zpracovani odchoziho volani do JTS

H.323 Call Setup:
CMIS 915125550101
AMI151
Gateway Maodifies
CMIS and ANI

-,

) T N
Usar Dials _—— > ."_: < _________ F‘STM _______ > /
915125560101 I/\\?
| N

5125550101
UCME Gataway
,DID: 40855500 2931 Call Ssatup: F‘STM Phone

/ / DMIS 16125550101 Rings
IP’ IP’ = ANI 4385550151
Al

Fhonel-1 Fhonel -2
2151 152

-G

Dialed Number Identification Service (DNIS), Automatic number identification (ANI)
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Zpracovani prichoziho ISDN volani
zJTS

H.323 Call Satup:
AN 915125550101

Gateway Prepends
91 12 ANI Due to TON 3

San Jose
DID Ranga: 40855523

4 <
Fhene 1-1 Rings. | — > - H/‘_'/f— _\‘_\ -/
ANI H15125550101 l -“\( ------- - PSTN ) ........ ’
[y
' - 15125550101
Y (5 ataw ay
; ’ ; Call Satup From User Dials

-/‘—' —-— PSTN: l140%55m o1
=T = | ANI 5125550101 | (U

Phaonet -1 Phone?-1 3 TOMN Maticnal
o101 o102

Pred Cislo se vlozi 9 (kéd pfistupu k JTS) a 1 (identifikator statu — zde USA) 106



Priklad planu vytaceni JTS

San Jose:

CUCM na Routerl
Rozsah DID 4085552XXX
Rozsah DN 2XXX

Austin:

CUCM na Router3
Rozsah DID 4085553XXX
Rozsah DN 3XXX

2001 se zméni na 14085552001

_/ ‘ 5125551002

Lsers should be able
to reach the other site
via an extension.

San Jose

Austin

&
DID: 4085552300 7
—— T / f’

T

o, -

f"'("\\
"y

Router M
ChE .

Phone1-1| Phonet-2

Phone2-1 Phone?2-
2001 2002

3001 3002
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Manipulace s ¢islicemi ptrichozich hovoru
na smeérovaci Router 1

Routerl(config)#voice translation-rule
Routerl(cfg-translation-rule)#rule 1 /7"4085552/ /2/

! Zména prichoziho volaného ¢isla na skutecng adresarové ¢islo
Routerl(cfg-translation-rule)#exit
Routerl(config)#voice translation-profile pstn-i
Routerl(cfg-translation-profile)#translate called 1

! Stanoveni profilu pfekladu hlasu pstn-in, ktery se pouziva

! ke zméné prichoziho volaného a volajiciho éisla
Routerl(cfg-translation-profile)#exit
Routerl(config)#voice-port 0/0/0:23
Routerl(config-voiceport)#translation-profile incoming pstn-in
I Definovany profil hlasu pstn-in je navazan na hlasovy port

N - Shoda vyrazu se zacatkem radku
/a/ nahrad za /b/
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Manipulace s ¢islicemi ptrichozich hovoru
na smeérovaci Router 3

Router3(config)#voice translation-rule 1
Router3(cfg-translation-rule)#rule 1 /7512558537 /3/
Router3(cfg-translation-rule)#exit
Router3(config)#voice translation-profile pstn-
Router3(cfg-translation-profile)#translate called 1
Router3(cfg-translation-profile)#exit
Router3(config)#voice-port 0/0/0:23

Router3(config-voiceport)#translation-profile 1ncoming pstn-

in
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Manipulace s Cislicem1 v odchozich volanich
na smerovaci Router 1

Routerl(config)#voice translation-rule 2
Routerl(cfg-translation-rule)#rule 1 /"2/ 4085552/

! RozSireni ¢éisla na pripojce (2XXX) na DID 085552XXX)
Routerl(cfg-translation-rule)#exit
Routerl(config)#voice translation-profile pstn-ou
Routerl(cfg-translation-profile)#translate calling 2

! Profil prekladu hlasu pstn-out vyuzije pravidlo 2 k prekladu
! Volajiciho éisla

Routerl(cfg-translation-profile)#exit
Routerl(config)#voice-port 0/0/0:23
Routerl(config-voiceport)#translation-profile outgoing pstn-out
' Profil je navazan na hlasovy port
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Manipulace s Cislicem1 v odchozich volanich
na smerovaci Router 3

Router3(config)#voice translation-rule 2
Router3(cfg-translation-rule)#rule 1 /"3/ /5125553/
Router3(cfg-translation-rule)#exit

Router3(config)#voice translation-profile pstn-out
Router3(cfg-translation-profile)#translate calling 2
Router3(cfg-translation-profile)#exit
Router3(config)#voice-port 0/0/0:23
Router3(config-voiceport)#translation-profile outgoing pstn-out
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Manipulace s Cislicemi1 pro volani na sidle

Konfigurace umoznujici zkratkove vytaceni pripojek

Routerl(config)#num-exp 3... 915125553. ..
Router3(config)#num-exp 2... 914085552. ..
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Konfigurace odchozich dial peeru
(jen pro priklad smérovac 1)

Routerl(config)#dial-peer voice 910 pots
Routerl(config-dial-peer)#destination-pattern 9[2-9]..[2-9]......
Routerl(config-dial-peer)#direct-inward-dial
Routerl(config-dial-peer)#port 0/0/0:23

Tyto dial peery se budou pouzivat i pro pfichozi etapy hovoru.
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Shoda s prichozim dial peerem na smérovaci 1

Routerl(config)#dial-peer voice 910 pots
Routerl(config-dial-peer)#destination-pattern 9[2-9]..[2-9]......
Routerl(config-dial-peer)#direct-inward-dial
Routerl(config-dial-peer)#incoming called-number 2. ..

! Kromé pouziti incoming called-number lze pouzit 1 answer-address
Routerl(config-dial-peer)#port 0/0/0:23

Nespravné konfigurace shody pfrichoziho dial peeru byvaji
jednou z nejvétsich potizi pri provozu bran.
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Zobrazeni udaju o vytacCecich planech
show dralplan number 1001

source carrier-id = ', target carrier-id = 7,

source trunk-group-label = 7, target trunk-group-label = 7,
numbering Type = "unknown’

group = 20001, Admin state is up, Operation state is up,

incoming called-number = ', connections/maximum = O/unlimited,
DTMF Relay = disabled,

URI classes:

Destination =

huntstop = enabled,

in bound application associated: ‘DEFAULT’

out bound application associated: "

dnis-map =

permission :both

incoming COR list:maximum capability

outgoing COR list:minimum requirement

Translation profile (Incoming):

Translation profile (Outgoing):

incoming call blocking:

translation-profile = ™

disconnect-cause = "no-service’

advertise 0x40 capacity_update_timer 25 addrFamily 4 oldAddrFamily 4
type = pots, prefix = 7,

forward-digits O

session-target = ', voice-port = '50/0/11’,

direct-inward-dial = disabled,

digit_strip = enabled,

register E.164 number with H323 GK and/or SIP Registrar = TRUE 115
fax rate = system, payload size = 20 bytes

<rinnorted-l1anaiiaae =



Zobrazeni udajl o hlasovych dial peerech

Router#debug voip dialpeer

*Apr 18 21:07:35.291: //7-17XxXxXxXxxxxxxxx/DPM/MatchNextPeer :
Result=Success(0); Incoming Dial-peer=1 Is Matched

*Apr 18 21:07:35.291: //7-1/7xxxxxxxxxxxx/DPM/dpAssociatelncomingPeerCore:
Match Rule=DP_MATCH_ INCOMING_DNIS; Called Number=83103

*Apr 18 21:07:35.291: //7-1/7xXxxxxxxxxxxx/DPM/dpMatchPeertype:

Is Incoming=TRUE, Number Expansion=FALSE

*Apr 18 21:07:35.291: //-1/xXxXxxxxxxxxxx/DPM/dpMatchCore:

Dial String=83103, Expanded String=83103, Calling Number=

Timeout=TRUE, Is Incoming=TRUE, Peer Info Type=DIALPEER_INFO_FAX

*Apr 18 21:07:35.291: //7-17XxXxXxXxxxxxxxx/DPM/dpMatchCore:

Result=-1

*Apr 18 21:07:35.291: //-1/7xXxxxxxxxxxxx/DPM/dpAssociatelncomingPeerCore:
Match Rule=DP_MATCH_ANSWER; Calling Number=4085550111

*Apr 18 21:07:35.291: //-1/xXxXxxxxxxxxxx/DPM/dpMatchPeertype:

Is Incoming=TRUE, Number Expansion=FALSE

*Apr 18 21:07:35.291: //7-17XxXxXxxxxxxxxx/DPM/dpMatchCore:

Dial String=, Expanded String=, Calling Number=4085550111T
Timeout=TRUE, Is Incoming=TRUE, Peer Info Type=DIALPEER_INFO_FAX
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Zobrazeni udaju o pravidlech hlasového prekladu

Pravidlo:
voice translation-rule 1001

Router#debug voice translation rule 1 /~.*/ /5551212/

00:51:56:regxrule_get profile_ from trunkgroup:Voice port 0x64143DA8
does not belong to any trunk group
00:51:56:regxrule_get profile_ from trunkgroup:Voice port 0x64143DA8
does not belong to any trunk group
00:51:56:regxrule_stack pop RegXruleNumlnfo:stack=0x63DECAF4; count=1
00:51:56:regxrule_stack push RegXruleNumlnfo:stack=0x63DECAF4; count=0
This output shows the details of the original number following
“regxrule _profile _translate”.
00:51:56:regxrule_profile_translate:number=4088880101 type=unknown
plan=unknown numbertype=calling

Following “regxrule_profile_match”, the output shows that rule 1 iIn
the translation rule 1001 was a match and the details of the SED
substitution are shown.

00:51:56:regxrule_profile_match:Matched with rule 1 in ruleset 1001
00:51:56:regxrule_profile_match:Matched with rule 1 in ruleset 1001
00:51:56:sed_subst:Successful substitution; pattern=4088880101
matchPattern="_* replacePattern=5551212 replaced pattern=5551212
00:51:56:regxrule_subst _num type:Match Type = none, Replace Type = none
Input Type = unknown

00:51:56:regxrule_subst_num_plan:Match Plan = none, Replace Plan = none 117
Input Plan = unknown
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