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3. Signalizace volani pres digitalni hlasove porty



1. Konfigurace hlasovych
portu na smerovacich
Cisco



Co musime mit ujasnéné pred
zahajenim konfigurace

» Kde se nachazeji okrajove zarizeni?
= Jake typy spojeni je treba mezi nimi uskutecnit?

» Jaké schéma cCislovani bude na né uplatneno?



Jak konfigurujeme POTS

= dial peer (adresovatelny koncovy bod volani)
S priznakem (tag) mistniho vyznamu

* Udaj, pro ktere telefonni Cislo TZ prijima
telefonni hovory (destination pattern)

» kam je TZ pripojeno (modul/slot/hlas.port)



Vztahy dial peeru

FOTS Dial Paar FOTS Dial Paar
o — ——
*x1111 == 11114 KA == 1 1M
YolP Dial Paar YolP Dial Pear
_
WA A== {0 112 ¥11141 == 10.1.1.1
ﬁ,ﬁgﬂ 10.1.1.1
J—. “ J
Fa 1011 2 'FES
15114 15154

x1111



K ¢emu slouzi POTS dial peer?

POTS dial peer asociuje telefonni Cislo
s fyzickym portem



Priklad POTS dial peeru

Dhal Peer1

// 14040 l‘f-j:f;i

Ext 7777 Routeri

Routerl#configure terminal
Routerl(config)#dial-peer voice 1 pots
Routerl(config-dialpeer)#destination-pattern 7777
Routerl(config-dialpeer)#port 1/0/0
Routerl(config-dialpeer)#end




Priklad POTS dial peeru

FOTS Dial Feer

111 == 1A A

/ e

/ =0
w1111 144 gy

R1(config)#dial-peer voice 1111 pots
R1(config-dial-peer)#destination-pattern 1111
R1(config-dial-peer)#port 1/1/1




Prakticky scénar konfigurace
POTS dial peeru

R1:

dial-peer voice 2222 pots
destination-pattern 2222
port 1/0/0 O 1mm

B1:10114

—
'ﬂ_\:',...--h._.

i
1701
/ 1 { L Ro10112 “\{L’i//aﬁz

2110 |
RZ. FSTH 17170 //3113

dial-peer voice 3111 pots
destination-pattern 3111
port 1/0/0

dial-peer voice 3112 pots
destination-pattern 3112
port 1/0/1

dial-peer voice 3113 pots
destination-pattern 3113
port 1/1/0
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K ¢emu slouzi VoIP dial peer?

VolIP dial peer asociuje telefonni Cislo
s IP adresou
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Priklad VolIP dial peeru

YaolP Dial Peer

=
A2 =011 .2

e 10111 <
l - T //
' 10.1.1.2' ‘FEE
&

=¥ Rz 144 x2230

R1(config)#dial-peer voice 2222 voip
R1(config-dial-peer)#destination-pattern 2222
R1(config-dial-peer)#session target ipv4:10.1.1.2
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fiklad VoIP dial peeru

Rauterd Fh:lutErE

() reon g — 4

Ext. 7777 LO: 1018, ﬂ 1 Ext 3888

Routerl#configure terminal

Routerl(config)#dial-peer voice 2 voip
Routerl(config-dialpeer)#destination-pattern 8888
Routerl(config-dialpeer)#session target i1pv4:10.18.0.1
Routerl(config-dialpeer)#end

13



Prakticky scénar konfigurace
VoIP dial peeru

R1:

dial-peer voice 3111 voip

destination-pattern 3111

Session target i1pv4:10.1.1.2

dial-peer voice 3112 voip

destination-pattern 3112

Session target i1pv4:10.1.1.2

dial-peer voice 3113 voip

destination-pattern 3113

Session target ipv4:10.1.1.2 100

/?3111
R1:10.1.1.1 R2:10.11.2
L A
— o
’—1 % Z ) 3112
/4 1M ' /?

2097 17170 [y A M)
17170
R2: . /)3113
—\-\_\F_

dial-peer voice 2222 voip ' /
destination-pattern 2222 t
Session target i1pv4:10.1.1.1
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Scenar s POTS 1 VoIP dial peerem

Routerl(config)#dial-peer voice 1 pots
Routerl(config-dial-peer)#destination-pattern 7777
Routerl(config-dial-peer)#port 1/0/0
Routerl(config-dial-peer)#exit
Routerl(config)#dial-peer voice 2 voip
Routerl(config-dial-peer)#destination-pattern 8888
Routerl(config-dial-peer)#session target i1pv4:10.18.0.1

Dial Peer 2

1177 bl Peer 1 10.18.0.1 Dial Peers 5688
//_‘ - IF*EIﬂui)—| ’—_ '— //

Routerd Router: PR

Router2(config)#dial-peer voice 3 pots
Router2(config-dial-peer)#destination-pattern 8888

Router2(config-dial-peer)#port 1/1/0 5



Konfigurovani moznosti
ciloveho vzoru

destination-pattern [+] fetézec [T]

+ - fetézec odpovida E.164

specialni znaky fetézce

* # - klavesy standardnich telefond. Pouzivaji se pfi pfedavani volani automatické aplikaci
Priklad volani interaktivniho hlasového systému (Interactive Voice Response — IVR)
VytoCenim Cisla 973443544888# zajisti zadani telefonniho Cisla 973443544 a zadani
vstupniho kodu 888 za kterym kfizek ukoncuje dotaz IVR.

, pauza 1 s, napt. pfi volani k JTS da Cas k otevieni cesty, napr. 973,443544.
Odpovida jedné Cislici, napf. 9734435..
[] Rozsah, napf. 97344354[0-4]

?  Cislo max 1 (% - libovolny poéet, ekvivalent * v regularnich vyrazech)

T fetézec s proménlivou délkou, napf. .T — 1 az 32 Cislic, pokud jsou vytoCeny do limitu
(implicitné 10 s., zménit |Ize pfikazem 1nterdigit timeout), 16
jiny pfiklad: .T# - fetézec muze byt ukoncen #.



Pouziti cilového vzoru

deatinatic:-n-paite
o

Vi
deatinatbn-pat’k w

9

A Q00 - 7999
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Atributy prikazu dial-peer

Incoming called-number - definuje volané Cislo neboli fetézec DNIS
(Dialed Number Identification Service)

answer-address - definuje pocatecni volajici ¢islo neboli fetézec ANI
(Automatic Number Identification)

destination-pattern - pfifazeni etapy pfichoziho hovoru k pfichozimu
dial peeru
Port - pfifazeni nakonfigurovaného portu dial peeru

k hlasovému portu
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S T o

Poradi srovnavani parametru
nastaveni hovoru smeérovaci

Shoda Cisla pozadavku s Incoming cal led-number

Prifazeni Cisla k answer-address

Shoda s destination-pattern (vzorem cile) jednotlivych dial peeru
Shoda mezi etapou pfichoziho volani a nakonfig. parametrem port

V pfipadé nakonfigurovani vice portl se pouzije ten prvni

Posledni volba — dial peer O (virtualni dial peer), konfigurovany prikazem
no 1vr application

Vychozi konfiguraci nelze meénit ani zobrazovat pfikazy show.
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Charakteristiky dial peeru O

= [ibovolny kodek

= pfednost IP O

= podpora VAD

» bez podpory RSVP
» sluzba fax

-V kazdém ze dvou sméru muze byt jiné kvalita hlasu (napf. odchozi
dial peer ma vypnuty VAD a ten pfichozi ho ma zapnut)

- Je-li vychozi dial peer pfifazen prichozi etapé volani POTS, neexistuje Zadna
vychozi aplikace IVR daného portu. V dusledku toho uslysi zakaznik
oznamovaci ton a pokracuje vytacenim cCislic.
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Prednost ma vice specificke Cislo

Router(config)#dial-peer voice 1 voip
Router(config-dial-peer)#destination-pattern 2468
Router(config-dial-peer)#session target 1pv4:192.168.1.1
Router(config-dial-peer)#dial-peer voice 2 voip
Router(config-dial-peer)#destination-pattern 2. ..
Router(config-dial-peer)#session target 1pv4:192.168.2.2
Router(config)#dial-peer voice 3 volip
Router(config-dial-peer)#destination-pattern 2T
Router(config-dial-peer)#session target i1pv4:192.168.3.3
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Priklad: Jaka je vysledna cilova IP adresa pro volani
na Cislo 55501247

Router(config)#dial-peer voice 1 voip
Router(config-dial-peer)#destination-pattern .T
Router(config-dial-peer)#session target 1pv4:10.1.1.1
Router(config)#dial-peer voice 2 voip
Router(config-dial-peer)#destination-pattern 55501[3-4].
Router(config-dial-peer)#session target 1pv4:10.2.2.2
Router(config)#dial-peer voice 3 volip
Router(config-dial-peer)#destination-pattern 555012.
Router(config-dial-peer)#session target i1pv4:10.3.3.3
Router(config)#dial-peer voice 4 voip
Router(config-dial-peer)#destination-pattern 5550124
Router(config-dial-peer)#session target i1pv4:10.4.4.4
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Pouziti preferenci

dial-peer voice 100 voip preference 1
I-—- prvni volba
Ip precedence 5 destination-pattern 1...
voice-class h323 1

l1-—— Aplikace hlasové tridy na dial peer
session target 1pv4:10.10.10.2
I-—— Adresa primarniho Cisco CallManagera

dtmf-relay h245-alpha

dial-peer voice 101 voip preference 2
1-—-—- druha volba
Ip precedence 5 destination-pattern 1...
session target i1pv4:10.10.10.3
I-—- Adresa sekundarniho Cisco CallManagera
dtmf-relay h245-alpha
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Priklad: Jake je poradi vyb¢éru?

dial-peer voice 10 voip
preference 1
destination-pattern 2001
voice-class h323 1

session target i1pv4:10.100.1.51
Ip qos dscp cs3 signaling

I cs.. class selector

dial-peer voice 11 voip
preference 2
destination-pattern 2001
voice-class h323 1

session target i1pv4:10.100.1.51
1

dial-peer voice 12 voip
destination-pattern 200.
session target i1pv4:10.100.1.50
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Jeden kodek pridé€leny
k VoIP dial peeru

Cisco Voice Cisco Voice
553-1234 Gateway router 1 N i Gateway router 2 555-5678
e J [ T
%iEig————EEfqiiaEEi——————ffIPneWxnk ) DA 100 giﬁi!
10234 J 10567 -
Analog — Analog
phone phone
volce-port 1/0/0 volce-port 1/0/0
! !
dial-peer volice 1 pots dial-peer wvoice 2 pots
destination-pattern 5551234 | destinaticn-pattern 5555678
port 1/0/0 port 1/0/0
! !
dial-peer woice 10 wvoip dial-peer wvoice 20 volp
destination-pattern 5555678 destination-pattern 5551234
session target ipv4:10.5.6.7 session target ipv4:10.2.3.4

codec g7llulaw codec g/llulaw



Priority kodeku ve tridé

Cisco Voice
553-1234 Gateway router 1
Ardilon 10.2.3.4 "
phone

volice class codec 1

codec preference 1 g7Z59c8
codec preference Z gillulaw
!

voice-port 1/0/0

!

voice-port 1/0/1

!

! R

dial-peer voice 1 pots
destination-pattern 5551234

port 1/0/0
!
dial-peer wvoice 2 wvoip
destination-pattern 5555678
voice-class codec 1

session target ipv4:10.5.6.7

rolin

Cisco Voce

Gateway router 2 555-5678

o

Analog

IP network 3
1 106.67

e
phone
voice class codec 1
codec preference 1 g7ZS9rd
codec preference Z gillulaw
I
voice-port 1/0/0
!
voice-port 1/0/1
I
]
dial-peer voice 1 pots
destination-patte 5555678

port 1/0/0
1
dial-peer volice 2 wvoip
destination-pattern 5551234
volce-class codec 1

session target ipv4:10.2.3.4
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Rozdil mezi session target
a destination pattern

Soume Dis=tination
-

VolP dial peer VolP dial peer
session target destination pattern

579...
-~ &

b i

Router(config-dialpeer)# session-target 10.45.44.43

Ur€uje ,,next hop*

27



PLAR

(pf1 zvednuti sluchatka je automaticky volano €islo)

1[)111

/ E‘#EI l 1ﬂ112 'FJ*IE /

%1111 A4 Ry rz 1A wops

R1(config)#dial-peer voice 2222 voip
R1(config-dial-peer)#destination-pattern 2222
R1(config-dial-peer)#session target i1pv4:10.1.1.2
R1(config-dial-peer)#voice-port 1/1/1
R1(config-voiceport)#connection plar 2222

T batphone

Batphone (hotdial, autodial) je bud jednosmérny anebo obousmérny.
28



Priklad

maui-sit-
PBX

voice-port 1/0:1
connection plar 2000
I--— This command starts a PLAR switched
I——— VoIP call that uses digits (2000)
I-—— to match a VoIP dial-pesr when the volice-port 1/0:1

1
voice-port 1/0:2
connection plar 2001

rnally by the router
voice-port.

!-—— The digits are generated inte

!-—- and are not received from the
!

dial-peer wvoice 1 pots
destination-pattern 1000

port 1/0:1

|

dial-peer voice 2 pots
destination-pattern 1001

port 1/0:2

|

dial-peer voice 3 voip
destination-pattern 200.

connection plar strings

dtmf-relay h245-alphanumeric
session target ipv4:192.168.100.1

interface Serial0/1

ip address 192.168.100.2 255.255.255.0

nastaveni plaru

maui-vgw-

hostname maui-vgw-01
1

volce-card 3

voice-port 1/1/0

goes off-hook.

!-—- This is an FXS port.

voice-port 1/1/1

!--— This is an FXS port.
1

dial-peer voice 1 pots
destination-pattern 2000
port 1/1/0 —_—
!--— This dial-peer terminates the connection PLAR
!-—— from maui-s1t-01's veoice-port 1/0:1. When thes
!-—- reouter recelves digits 2000 in a call-setup, it
!--- takes port 1/1/0 off-hook and completes the call.
!

dial-peer voice 3 pots

destination-pattern 2001

port 1/1/1

1

dial-peer veoice 2 voip
destination-pattern 100. dtmf-relay h245-alphanumeric
session target ipw4:192.168.100.2

router receives digits from a

!-—-— POTS peer that starts with 100 and follows one more
!--- string of characters (0-9, A-Z,*,# or .),

!-—— it creates a VoIP call toc the router

!--— with IP address 1682.168.100.2.

!-—— When the

29

]
interface Serial0/0

ip address 192 .168.100.1 255.255.255.0



Kontrola nastaveni plaru

maui-slt-0l#show voice port 1/0:1

Foreign Exchange Office
Type of VoicePort is FXO
Operation State is DORMANT
Administrative State is UP

The Last Interface Down Fallure Cause 1s Administrative

Description is not set

Nolse Regeneration is enabled

Non Linsar Processing 1s enabled

Music On Hold Threshold is Set to -38 dBm
In Gain is Set to 0 dB

Qut Attenuation is Set to 0 dB

Echo Cancellation is enabled

Echo Cancel Coverage 1s s=t to 8 ms
Connection Mcde i=s plar

Connection Number is 2000

Initial Time OQut 1is set to 10 s
Interdigit Time Qut is s=t to 10 s
Call-Disconnect Time CQut is set to 60 s
FEinging Times Cut 1is set to 180 s

Region Tone is set for US

Shutdown
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PLAR Off-Premise Extension
(PLAR-OPX)

Ceka se, az protéjsek zvedne sluchatko, pokud ne, je hovor pfesmérovan jinam, napr.

na hlasovou postu.

101.11

() e =i

w1111 1A gy AR oo

Router(config)#dial-peer voice 2222 voip
Router(config-dial-peer)#destination-pattern 2222
Router(config-dial-peer)#session target i1pv4:10.1.1.2
Router(config-dial-peer)#voice-port 1/1/1
Router(config-voiceport)#connection plar-opx 2222
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Zpozdéni Hookflash Relay na
hlasovém portu FXS/FXO

PBX

voice-port 1/0
timing hookflash-out 500
!'-—— Qutgoing hookflash is 500 msec.

connection plar opx 200
!-—— Use PLAR OPX opticn con the FXO

|
voice-port 1/1
timing hookflash-out 500
!'-—— Qutgeling hookflash is 500 msec.

connection plar opx 201
!'-—— Use PLAR (OPX opticon cn the FXO

I
dial-peer voice 100 pots
destination-pattern 100
port 1/0
I

dial-peer voice 101 pots
destination-pattern 101

port 1/1

|
dial-peer voice 200 woip

incoming called-number
destination-pattern 20.

session target ipv4:200.1.1.1
dtmf-relay h245-signal

!-—— H.Z245-5ignal to pass hookflash.

P

fxo 1/1

or

t.

MainSite

voice-port 1/0
timing hookflash-in 1000
}-—— Interpret loop breaks of up to 1 second.

connection plar 100

!'-—— PLAR provides dial tone from remote PBX.

I
voice-port 1/1
timing hookflash-in 1000

!-—— Interpret loop breaks of up to 1 second.

connection plar 101
!-—— PLAR provides dial teone from the remote

|
dial-peer wvoice 100 voip
incoming called-number
destination-pattern 10.
session target ipv4:205.1.1.1
dtmf-relay h245-=ignal
!-—— Use H.Z245-signal to pass hookflash.

ip precedsnce 5

|

dial-peer wvoice 200 pots
destination-pattern 200
port 1/0

|

dial-peer voice 201 pots
destination-pattern 201
port 1/1
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Huntstop

Hunting: Volani skupiné, ¢lendm skupiny podle priorit nebo podle Cisel

router#show running-config
dial-peer voice 101 pots
destination-pattern 2001
preference 1
port 1/0/0

dial-peer voice 102 pots
destination-pattern 2001
preference 2
huntstop
port 1/0/1

dial-peer voice 200 voip
destination-pattern 20..
session target i1pv4:10.0.4.2



Priklad pouziti preference

router#show running-config
dial-peer voice 101 pots
destination-pattern 2001
preference 1
port 1/0/0

dial-peer voice 102 pots
destination-pattern 2001
preference 2
huntstop
port 1/0/1

dial-peer voice 102 pots
destination-pattern 2007
huntstop
port 1/0/1
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Cisco IP telefony 7940 a 7960
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Konfigurace tlacitka IP telefonu jako
samostatné instance (ephone-dn)

tladitko

/ (button)

ephpne — Ethernet phone
dn —directory number

36



Jednoducha konfigurace

router#show running-config
ephone-dn 4 dual-line
number 1001 extension number

ephone 7
mac-address 000d.aa45.3f6e casto autodiscovery
button 134
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Jak nakonfigurovat ephone-dn a
asociovat ho s ephonem

CME_Voice#! Konfigurace ephone-dn

CME_Voice# config terminal

CME_Voice(config)# ephone-dn ?

<1-150> ephone-dn tag

CME_Voice(config)# ephone-dn 1

CME_Voice(config-ephone-dn)# number 1000
CME_Voice(config-ephone-dn)# exit

CME_Voice(config)# ephone-dn 2 dual-line
CME_Voice(config)#! dualni linka pro call waiting, konference
CME_Voice(config-ephone-dn)# number 1001

I anebo

CME_Voice(config)#ephone-dn 2 dual-line
CME_Voice(config-ephone-dn)#number 1001 secondary 4805551001
I Asociace ephone a ephone-dn

CME_Voice(config)# ephone 1

CME_Voice(config-ephone)# button 1:2
CME_Voice(config-ephone)# restart

I nebo

CME_Voice(config-ephone)# reset 38



ephone (tlacitko) musi mit svijj

CS_IDutEI#shDW running-config

"Output omitted for brevity

ephone-dn 1

number 1001

name C5 Engineerl
call-forward all 3001

-

ephone-dn 2
jﬁ;ber 1010
I e C5 Engineer2

]

ephone-dn 3

number 1003

name C5 Engineer3

[ ]

ephone 1

mac—addresz 0007.EB46.
type 7960

button 1:1

)
[f=]
i)
=l

ephone 2

mac—address 0003.E373.76FB
type 7960

button 1:2

1

ephone 3

mac-addre=ss 0030.9%4C2.585815
button 1:3

[ ]

ephone 4

mac—-addre=szs 000D.BDBE.F372
button 1:4

ephone-dn

Debug béhem Conference Setup

CS_IDutEI#dEhug ephone detail

3d0lh: Ephnne—ljljZSEPDGD?E{§EEBBEZ:SnftKeyE?entHessage event 13 line 1

callref 45

3d01h: ephone-1[1]:5K CONFERENCE line 1 ref 45

3d01lh: SkinnyGetCallState for DN 1

3d01h: called DN 3 chan 1,

3d0lh: SkinnyGetCallState for DN 1

3d0lh: called DN 3 chan 1,

3d01lh: SkinnyGetCallState for DN 1

3d01h: called DN 3 chan 1,

3d0lh: ephone-1[1] :DisplayMes=zage:
3d0lh: ephone-1[1] :Conference with

chan 1 CONMECTED

DN -1 chan 1 phone 1 =32=3:1
chan 1 CONMECTED

DH -1 chan 1 phone 1 =Z23:1
chan 1 CONMECTED

DN -1 chan 1 phone 1 =32=3:1

Ho Line Awailable

no idle line awvailable: abort
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Kolik ephone a ephone-dn podporuje
CME?

R1(config)#ephone 1

ephone tag 1 exceeds max-ephones 0O
R1(config)#ephone-dn 1

dn 1 exceeds max-dn O

! Zadné. Je t¥eba je nakonfigurovat!
Router>enable

Router#configure terminal
Router(config)#telephony-service
Router(config-telephony)#max-ephones 4
Router(config-telephony)#max-dn 8

Jaké jsou maximalni po&ty?

Napf. CME verze 4.3:

The 2801 podporuje 25 IP telefonti a120 ephone-dn
The 2811 podporuje 35 IP telefont a 144 ephone-dn
The 2821 podporuje 50 IP telefont a 192 ephone-dn
The 3845 podporuje 250 IP telefont a 720 ephone-dn
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Ptikazy ephone-dn CME

Kompaktni zpusob zapisu

ephone-dn 7
number 1001
name John

vytvari

Y ¥
virtual voice-port 50/0/7 dial-peer voice 20007 pots
station-id number 1001 destination-pattern 1001

station-id name John port 50/0/7




Priklad rozkladu kompaktniho
tvaru na subelementarni

t
ephone (je kompaktni) subdelementy ephone

_ _ router#show running-config
router#show running-config

------ ] i 4 é dial-peer voice 20004 pots
epnhone-adn destination-pattern 1001
number 1001

name Jan Do preference 1
huntstop
preference 1 bort 507074

voice-port 50/0/4
station-1d number 1001
station-1d name Jan Do
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Sekundarni ¢islo u ephone-dn

router#show running-config

ephone-dn 4

number 1001 secondary 1007

name Jan Do
preference 1 secondary 2

—

router#show running-config

destination-pattern 1001
preference 1

huntstop

port 50/0/4

dial-peer voice 30004 pots
destination-pattern 1007
preference 2
huntstop
port 50/0/4

voice-port 50/0/4
station-1d number 1001
station-1d name Jan Do
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Telefon primarni pro jedno Cislo
a sekundarni pro druhé

router#show running-config
dial-peer voice 20004 pots
destination-pattern 1001

preference 1

- - no huntstop

router#show running-config port 50/0/4
dial-peer voice 30004 pots
ephone-dn 4 destination-pattern 1007

preference 2

number 1001 secondary 1007 no huntstop

name Jan Do port 50/0/4
no huntstop dial-peer voice 20005 pots
preference 1 Secondary 2 _ﬁ destination-pattern 1007

preference 1
no huntstop

ephone-dn 5 port 50/0/5
dial-peer voice 30005 pots

number 1007 secondary 1001 destination-pattern 1001
name Jan Do preference 2
no huntstop no huntstop

preference 1 secondary 2 port 50/0/4

voice-port 50/0/4
station-id number 1001
station-id name Jan Do

voice-port 50/0/5 44
station-id number 1007
station-1d name Jan Do




Forwarding

router#show running-config
ephone-dn 4 dual-line

number 1001

name Jan Do

call-forward busy 1007
call-forward noan 1007 timeout 20
noan — no-answer

ephone-dn 5 dual-line
number 1007
name Jana Huy
call-forward busy 1001
call-forward noan 1001 timeout 20
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Konfigurace sdilené linky

router#show running-config
ephone-dn 1
number 1001 Privatni linka
name Jan Do

ephone-dn 2
number 1002 Privatni linka
name Jana Huy

ephone-dn 3
number 5001 Na prvni volani na &islo 5001 mohou odpovédét oba
preference 1
no huntstop Je-li islo obsazeno, bere to ten druhy

name SalesLinel

ephone-dn 4
number 5001
preference 2
name SalesLine2

ephone 12

mac-address 000d.1234.0efc .
button 1:1 2:3 3:4 Cisco 7960 ma 6 tlacitek

ephone 15
mac-address 000d.5678.0dcT 46
button 1:2 2:3 3:4



Prekryvna (overlay) dn

router#show running-config
ephone-dn 1
number 1001
name John Smith
ephone-dn 2
number 1002
name Jan Kala
ephone-dn 3
number 5001
preference 1
no huntstop
name SalesLinel
ephone-dn 4
number 5001
preference 2
name SalesLine2
ephone 12
mac-address 000d.1234.0efc
button 1:1 203,4
ephone 15
mac-address 000d.5678.0dcT
button 1:2 203.4

Resenim je multiplex!
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Chci vidét yména volanych,
aby sluchatko zvedl ten spravny

ephone-dn 20
number 55505..

Reseni

telephony-service

service dnis dir-lookup

directory entry 1 5550500 name Dr. Do
directory entry 2 5550501 name Dr. Huy
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3 mody ephone-huntu

Sequential mode — po projiti seznamu je hovor pfesmérovan
k finalni stanici

Peer mode - cirkulace definovana pfikazem max-redirect,
nakonec hovor pfesmérovan k finalni stanici

Longest idle — zaCne se od stanice, ktera byla nejdelsi dobu v klidu
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Priklad pouziti ruznych modu
ephone-huntu

router#show running-config
ephone-hunt 1 sequential
pilot 5001

list 1001, 1003, 1007, 1008
final 6001

preference 1

timeout 15

ephone-hunt 2 peer

pilot 5002

list 1002, 1003, 1008, 1009
final 6002

hops 3

preference 1

timeout 15
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Vypis ephone-hunt dial peert

router#show dial-peer voice summary

TAG TYPE ADMIN OPER DEST-PATTERN PREF SESS-TARGET
20051 pots up up 1001 0 507071

20053 pots up up 1003 0 50/0/3

20057 pots up up 1007 0 50/0/7

20058 pots up up 1008 0 50/0/8

20069 pots up up A5001A000 1 50/0/1

20070 pots up up 5001 1 50/0/1

20071 pots up up A5001A001 1 50/0/3

20072 pots up up A5001A002 1 50/0/7

20073 pots up up A5001A003 1 50/0/8



router#show running-config

ephone-dn 1 dual-line
number 1001

name Jan Do

ephone-dn 2 dual-line
number 1002

name Jana Huy

ephone-dn 3

number 1111

intercom 1112 label Jana
ephone-dn 4

number 1112

intercom 1111 label Jan

ephone 12

mac-address 000d.1234.0efc
button 1:1 2:3

ephone 15

mac-address 000d.5678.0dcfF
button 1:2 2:4

Intercom — volani na zmacknuti
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Jednocestny Intercom aplikovany
na vztah typu ,,many-to-one*

ephone-dn 1 dual-line

number 2101
name Pracovnikl

ephone-dn 2 dual-line

number 2102
name Pracovnik?2

ephone-dn 3 dual-line

number 2103
name Pracovnik3

ephone-dn 4 dual-line

number 2201

name Sekretarka
ephone-dn 5

number 1110
intercom 1110 label
ephone-dn 6

number 1111
intercom 1110 label
ephone-dn 7

number 1112
intercom 1110 label
ephone-dn 8

number 1113
intercom 1110 label

Intercom

Intercom

Intercom

Intercom

ephone 12

mac-address 000d.1234.0efc
button 1:1 2:6

ephone 13

mac-address 000d.5678.0dcf
button 1:2 2:7

ephone 14

mac-address 000d.4321.0ef7
button 1:3 2:8

ephone 15

mac-address 000d.4132.f7e4
button 1:4 2:5

Kazdy ze skupiny zmackne tlaitko
a hovori se sekretarkou
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Jednocestny Intercom aplikovany
na vztah typu ,,one-to-one*

router#show running-config

ephone-dn 1 dual-line
number 2101

name Reditel
ephone-dn 4 dual-line
number 2201

name Sekretarka
ephone-dn 5

number 1110

intercom 1111 label Intercom

ephone-dn 6 % (
number 1111

intercom 1110 label Intercom no-auto-answer

ephone 12

mac-address 000d.1234._0efc Se sekretarkou mam
button 1-1 2-6 jen schvéleny hovor
ephone 15

mac-address 000d.4132.f7e4
button 1:4 2:5
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2. ISDN




Kanaly

A — analogovy kanal — sirka pasma 4
kHZz

B — digitalni kanal 64 kb/s

C —digitalni kanal 8/16 kb/s

D — sluzebni digitalni kanal 16/64 kb/s
E — interni digitalni kanal 64 kb/s

H — digitalni kanal 384, 1536, 1920 kb/s
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Presenter
Presentation Notes
Kanály však nelze skládat libovolně, viz následující slajd. 


Kombinace kanalu

Basicrate: 2B +D

Primary rate: 23B + D (USA,Jap.)
30B + D (Evropa)

Hybrid: A+C
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Poznamky

Hybrid — to je nouzoveé feseni, které slouzi k pfipojeni stavajicich analogovych telefonti na ISDN.
Zbyvajici kombinace jsou mnohem zajimavejsi.

Basic Rate je urCena jako nahrada stavajici u€astnickeé pripojky do domacnosti, malych kancelafi nebo

k pracovnim stolum jednotlivych u€astnikt v ramci velkych organizaci. Kazdy z kanalu je schopen pfenaset
jeden telefonni hovor s kédovanim PCM nebo data rychlosti 64 kb/s. Pro Fizeni (,vytaCeni“ isla, udaj o Cisle
volajiciho, o poplatcich za spojeni atd.) slouzi kanal D. Dva kanaly B — to znamena hovor nad obrazkem,
zvuk nad videem atd. 2*64 + 16 = 144 kb/s.

Zvladne to analogova sit? Ano. 80% telefonnich pfipojek je krat$i nez 7-8 kilometrt ,a to

umoznuje prenos az 2Mb/s. Zvladne tedy dokonce agregované B kanaly HO (384 kb/s), H10 (1475 kb/s),
H11 (1536 kb/s), H12 (1920 kb/s) atd.
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Ucastnické piipojky

» jednoducha pripojka (max 8 zarizeni)

* pripojka s poboCkovou ustrednou
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Presenter
Presentation Notes
Jednoduchá přípojka je ukončena NT1 (Network Termination), za kterými lze připojit na sběrnici až 8 zařízení. Pokud to nestačí, lze zvolit pobočkovou ústřednu NT2.
Ve srovnání s modemy je ISDN sice dražší, ale funkčně výhodnější.

Srovnání ISDN a Modemu: 



TE1l
TE2
TA

NT1
NT2

Pripojka ISDN s pobockovou

’ A\
ustfednou
“ TE1 || NT2 NT1 i
|
«—
prostor
uzivatele E
TE2 . TA !
‘:—:—E—E—:)

— Terminal Equipment 1
— Terminal Equipment 2
— Terminal Adapter

— Network Termination 1
— Network Termination 2

2B+ D
linka
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Presenter
Presentation Notes
Jednoduchá přípojka: 
Nad jednou linkou ISDN může mít uživatel současně zapojený počítač, fax i telefon (dvě z těchto zařízení pak může současně používat).


Rozhrani

U -jednoduchy par linek (2 linky)
S/T -dvapary linek (4 linky)
V - vnitfni rozhrani prepinace
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Presenter
Presentation Notes
Rozhraní U, V, S a T; zde LT – Line Termination, ET – Exchange termination, TE - Terminal Equipment 


Fyzicka vrstva

Bits Quaternary Voltage

Symbol Level
00 -3 -2,5
01 -1 -0,833
10 +3 +2,5

11 +1 +0,833
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Blize k fyzicke vrstve

Fyzicka uroven je specifikovana v sériich | a G dokumentt ITU.

U rozhrani je dvoudratové, o prenosoveé rychlosti 160 kb/s. Pro potlaceni ruSeni je pouzita
technika ,echo cancellation“ (eliminace odezvy). Kédovaci schéma je v Severni Americe
2B1Q (2 Binary 1 Quaternary), zatimco v Evropé 4B3T.

Format fyzického ramce (tento ramec nema nic spolecného s ramcem na linkové urovni) je:
- 18 synchronizacnich bitu;

- 216 bitt pro 12x dva B kanaly a jeden D kanal, neboli 12x(2x8+2);

- 6 rezijnich bitd (kontrolni pole, pfiznaky zpétnovazebniho testovani);

celkem 240 bitu. 8 ramcu je pfenaseno v jednom superramci o velikosti 1920 b.
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Struktura ISDN ramce

11 a8 1T 1111 a8 a8 a8
FIL| B1 |L|D|L|F|L] B2 B1 B2
MT frame (hetwark to terminal)

11 g 11111 g 8 g
FIL| B1 E|ID|A[F|F| B2 B1 B2

TE frame iterminal to network)

A = Activation hit
B1 = B1 channel hits
BZ = BZ channel hits

O = D channel {4 bits x 4000 framesisec. = 16 khps

E = Echo of previous D hit
F = Framing bit

L = Load balancing

S = Spare bit
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Prakticka instalace

Computer _[‘J_T'1 Wall Jack
_ m
(==Y S— |
Demarc
S/T interface U interface

Telefonni sit

NT-1 ma zvnéjsku konektor RJ-11 s dvéma pary.
Na vnitfni strané ma RJ-45 se Ctyfmi pary.
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| Inkova vrstva

Ramec:

Flag | Address | Control | Information | CRC | Flag

Struktura adresy: - dva oktety
1 2 3 4 5 6 7 8

SAPI (6 bits) C/R | EAO

TEI (7 bits) EAL

SAPI| — Service Access Point Identifier
TEI — Terminal Endpoint Identifier


Presenter
Presentation Notes
Komunikace na linkové úrovni v rámci protokolu LAPD:


Pouziti adresoveho pole

Terminal Equipment Terminal Network Termination
TE1 | Equipment TE2 Equipment NT2
Layer3 Layer 3 Layer 3
~
Packet | Signalling Signalling Signaling Packet || [
data information _iniormaiion _ information data
Layer 2 L2 Layer2
TEI=5 TEI=8
TEI=5 TEI=8
L N =)
| |1 | —————"———_———— ]
.............. fel
D - channel SAPI=0 SAPI=16
(Layer 1)

SAPI - identifikace pfistupového bodu ke sluzbé (SAP), ve kterém 2. vrstva poskytuje sluzbu 3.
vrstvé.

0 ... volani fidici procedury,

1 ... paketovy mdd pouzivajici proceduru Q.931,
16 ... paketovy mdd komunikacnich procedur,

=63 ... fidici procedury.

TEI — jednotné ID pro kazdé TE na S/T sbérnici.

0 - 63 ... pevné hodnoty pfifazené pfi instalaci,
64 — 126 ... dynamické hodnoty TElI,
127 ... rozhlaSovani pro vSechna zafizeni.




Sit'ova vrstva

1 2 3 4 S 6 / 8

Protocol Discriminator

0 0 0 0 Length of CRV

Call Reference Value (1 or 2 octets)

0 Massage Type

Mandatory & Optional Information Elements (variable)

Protokoly Q.930 az Q.934.

Slouzi pro navazani, udrzbu a ukonc€eni spojeni mezi dvéma zafizenimi.

SPID (Service Profile ID) — identifikuje poskytované sluzby a vlastnosti.

CRV (Call Reference Value) — jednotné identifikace kazdého volani na rozhrani uzivatel — sit.

Typ zpravy — napfiklad SETUP, CONNECT atd.



Presenter
Presentation Notes
Protokoly Q.930 až Q.934.
Slouží pro navázání, údržbu a ukončení spojení mezi dvěma zařízeními.
SPID (Service Profile ID) – identifikuje poskytované služby a vlastnosti.
CRV (Call Reference Value) – jednotná identifikace každého volání na rozhraní uživatel – síť.
Typ zprávy – například SETUP, CONNECT atd.
Příklad komunikace:


Vymena zprav 3. vrstvy

volajic piepinad wolany
SETLP
SETUP
* CaLL PROG } }'
ALERTING
_‘ ALERTING "‘.
MNECT
{ COMMECT "4. COoE

CONNECT ACK j} CONMNECT Ak }
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3. Signalizace volani
pres digitalni hlasové

porty



Digitalni trunky

Volba okruhu

T1/E1 CAS Analog sighaling over digital TI/E1
E1R2 Can provide Automatic Number Identification (ANI)
IS0 T1 PRI More services than CAS (Channel Associated Signalling)
El1 FRI Separate data channel (D channel) CCS (Common Channel Signalling)
Cornrnon on modern PEXs
PRINEAS Multiple ISDIN PRIinterfaces controlled by a single D
channel
Eackup D' channel can be -:-::-nﬁgure%l
EEI Mlostly for Burope, Middle East, anél Africa
QEIG Created for interoperation of PEXs from different vendors

Rich in supplementary services

CAS (Channel-associated signaling) — inband
CCS (common channel signalizing) — outband
QSIG (signalizing na bazi Q.973 mezi PBX riznych vyrobc)
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Superramec CAS T1

Time Slot 8 Bitz

24=+8 Bits+ 1 Bit =1 Frame (183 Bitg)
123|145 |6 |7 |8 |8 1011 (1213141516 (17 {18 1820 |2H EEES?J

12 Frames = Super Frame 1 Bit Syne.

P

& 4 5 = 7 g g 10 | 11 12

24+ (7 Bite + 1 Bobbed-Bith + 1 Bit =1 Frame (183 Bitg)

Time Slot 7 Bitz
+ 1 Robbed-Bit

Z 8 000 F bitd: 2 000 k vytvareni ramcu, 2 000 CRC a 4 000 dohled 72



RozS$ifeny

Time Slot 8 Bits |

4

(ESF Extended Super Frame)

248 Bits + 1 Bit =1 Frame (153 Bits) |

superramec CAS T1

1l2|a|4]s5]6|7[a]s|10]11]12[15]14|15[16[17|18]| 19|20 |22[23[24]

24 Frames = Extended Super Frarme |

A

1 Bt Syne.

1 (213|458

=

o

g 10

11

12

13

14115

16

17

18

19|20

2

22

23

24

| 24+ (7 Bits + 1 Robbed-Bit) + 1 Bif= 1 Frame (193 Bits) |

T T

Time Slot7 Bis
+ 1 Rabbed-Bit
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Tira Slat 1

Fram
Synchranizatian

CAS E1 R2?

Tira Slat 17

Frame 1 | Indicates Start af Muliframea

Frameas 2 16

Carmy Signaling (ABCD Bits)
far Twa Waice Channals

&
i
=

1 [12[13) 14151617 |1 8] 18] 20| {22z (ae

3

16 Framas

fultiframsa

2.048 hbps

—
L |

—
—

—
ka

e
[k |

-
-3

—
tn

—
(o |

|l len | fn ) pe i ra

1.
. Frame:
. Frama
Frama:
: Bignaling far Yaice 5kats &land 21
Framea:
: Bignaling far Yaikce 5 lats 7land 23
. Frama:
. Frame
. Frame:
. Frame
. Frama:
. Frama
. Frame:
. Frame
. Frama:

Frama

Frama

Frama; Start of Muoltiframe
Bignaling far Waice Slkats 2[and 18

: Bignaling far Yaica 5 kats 3[and 18

Bignaling far Waica 5 kats 4and 20

Bignaling far Waice 5lkats &and 22

Bignaling far Waica 5 lats 8[and 24

s akinaling far Waice Skts 9land 25

Bignaling far Waice Skts 10 and 26

: Bignaling far Yaice Skats 11 and &7

Bignaling far Waica Skats 12 and 28

: Bignaling far Yaica Slkats 18 and 23

Bignaling far Waica Skats 14 and 37

: Bignaling far Waice Skats 15 and 3

Bignaling far Waica Skats 16 and 32
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Parametry BRI a PRI

Capability BRI T1 PRI E1 PRI
E-Channels 2w 64 kbps 23 x 64 kbps 30 x 64 kbps
D-Channels 1= 16 kbps 1x 64 kbps 1x 64 kbps
Framing 16 kbps # kbps I,\\, &4 kbps

Total Data Rare 160 kbps 1544 Wbps 2048 Wbps
Framin g T, TE Fame SE ESF Multiframe

Line Coding 2B10 or 4BST AMI o1 BEES HDES

Country World North America, Japan Burope, Australia
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Kddovani trunku CAS T1

— casovani od smérovace

Clock

— >
N aaa—

FEX

! Nastaveni radice:

Routerl(config)#controller T1 1/0
Routerl(config-controller)#framing crc4
Routerl(config-controller)#linecoding hdb3

! High Density Bipolar (kédovani s potlac¢ovanim nul)
Routerl(config-controller)#clock source internal

! c¢asovani se odvozuje od ¢éipu PLL (Phase Lock Loop) na desce
I Digitalniho hlasového rozhrant

Nastaveni parametrd hlasového portu:
outerl(config-controller)#dsO-group timeslots 1-15 type e&m-wink-start
e&m-wink-start — signalizace startu s mrknutim (pulz zvednuti
sluchatka na druhé strané

e mm JJ = 1mm
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Kddovani trunku CAS T1

— casovani z JTS

Chck

e
I Z PSTN

M

Router?

Router2(config)#controller T1 1/0

Router2(config-controller)#framing esft
Router2(config-controller)#linecoding ami

1 AMI (Alternate Mark Inversion) — na starSich obvodech Tl — oznaéduje

! Pfechody signalu binarni jednickou

Router2(config-controller)#clock source line

! V JTS obvykle bézi hodiny presnéji
Router2(config-controller)#dsO-group timeslots 1-12 type e&m-wink-start
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Hlasova konfigurace T1

Metwork Module
Slot 1 Voice WAN
Interface Card Slot 0

Configures T1 T

Controller 14

iN

t Creates D30 group, or
logical voice port,

18021 by grouping 12
tirmeslots together.

Eoutericonfig) # controller
Eouter(config-controller) i
Eoutericonfig-controlleri #
Eoutericonfig-controlleari #
Eouteri{config-<controller) #
etm-wWink-start

£l 1/0
oclock source line — | I

linecods LEz=
ded-group 1 timezlots 1-12 ty¥pe

| — zdroj kédovani:
aktivni linka

modul:slot

1/0:1

B8ZS (Binary 8-Zero Substitution) — spolehliva, a proto oblibena metoda kédovani linek
8 nul nahrazeno dvéma unikatnimi sekvencemi

78



Nastaveni parametru hlasoveho portu

Router3(config)#voice-port 1/0:1
Router3(config-voiceport)#cptone US

I Tony postupu hlasového volanit
Router3(config-voiceport)#compand-type u-law
Router3(config-voiceport)#no shutdown
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Zadani konfigurace trunku CAS T1

E&M FGD Time Shots
1-12, Receive AN

Routerd E&Mh FGD EANA
Time Shots 13-24, Send AN
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Reseni konfigurace trunku CAS T1

Router4(config)#controller T1 0/0/0

I Format ramce:

Router4(config-controller)#framing esf

I Kédovani linky

Router4(config-controller)#linecode b8zs

! Casové sloty 1-12 s funkéni skupinou E&M:
Router4(config-controller)#dsO-group 0 timeslots 1-12 type e&m-fgd
! ' Casové sloty 13-24 s funkéni skupinou E&M EANA:
Router4(config-controller)#dsO-group 1 timeslots 13-24 type fgd-eana
I

Router4(config)#dial-peer voice 1 pots
Router4(config-dialpeer)#incoming called-number .
Router4(config-dialpeer)#direct-inward-dial

I

Router4(config)#dial-peer voice 90 pots
Router4(config-dialpeer)#destination-pattern 9T
Router4(config-dialpeer)#port 0/0/0:1
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Zadani konfigurace trunku E1 R2

Shanghal

E1 R2 CAS

i, J
T

l '—\{, ----- -< PSTN === = - _//
) = T S

Routers IMbound DMIS armd ANI

]: Dutbound DNIS and AN
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Reseni konfigurace trunku E1 R2

Router5(config)#controller E1 0/0/0
Router5(config-controller)#dsO-group O timeslots 1-31 type r2-digital
r2-compelled ani

I Podpora DNIS (Dialed Number Information Service) a ANl (Automatic
I Number Identification)

Router5(config-controller)#cas-custom 0O

'Pfizpuisobeni parametrd konkrétnimu PBX ¢i prepinaci
Router5(config-ctrl-cas)#country czech use-defaults

! Prizptisobeni narodnim nastavenim

Router5(config)#dial-peer voice 90 pots
Router5(config-dialpeer)#destination-pattern 9T
Router5(config-dialpeer)#direct-inward-dial

! Alokace rozpéti linek

Router5(config-dialpeer)#port 0/0/0:0
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Konfigurace trunku ISDN

4/ ;\
FEX
T1 PRI e N

SIG —_—
/ 9 " IF Cloud
= Controller T1 440 | ’ 1
P

Router(config)#isdn switch-type primary-gsig
Nastaveni signalizace QSIG na kanalu D

Router (config)#controller tl1 0/0

Router (config-controller)#pri-group timeslots 1-24
Router (config-controller)#interface serial 0/0:23
Router(config-1f)#isdn 1ncoming-voice voice

! Odeslani prichozich hovort procesorum DSP
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Konfigurace trunku BRI

2 B Channels

+
1 [ Channel

Fouter

Al

Phonet -1 Phonel-2
2001 2002

Routerl#clear interface bri0/0
Routerl(config)#network-clock-participate wic O
! Nakonfigurovani casovani DSP tak, se synchronizovalo s c¢asovanim JTS
Routerl(config)#interface bri 0/0

Routerl(config-i1f)#isdn switch-type basic-net3

! Nakonfigurovani typu prepinace ISDN podle implementace ISDN v dané zemi
Routerl(config-i1f)#isdn overlap-receiving

! Pro zemé s ¢islovanim pomoci ruzného pocétu éislic
Routerl(config-i1f)#isdn iIncoming-voice voice

Nastaveni prichozich volani jako hlasové. Ty se primo predaji DSP

Routerl(config-i1f)#isdn protocol-emulate user 8



Konfigurace trunku PRI

@:“— 308 Channsls
'-‘-['-‘ 1D Channl
My -~ ISDN FRI
PSTN
Router2
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Konfigurace trunku PRI

Router2(config)#network-clock-participate wic O

! Casovani se bude synchronizovat s WIC (WAN Interface Card)ve slotu O
Router2(config)#isdn switch-type primary-net5

! Nastaveni typu prepinace podle implementace ISDN v dané zemi
Router2(config)#controller el 0/0/0
Router2(config-controller)#pri-group timeslots 1-31

! 30 B kanald je definovano jako logické hlasové porty, 1 D kanal

! jako #idici

Router2(config)#interface Seri1al0/0/0:15

Router2(config-i1f)#i1sdn switch-type primary-net5

! Nastaveni typu prepinace zavedeného pro ISDN v Némecku
Router2(config-i1f)#i1sdn overlapreceiving

! Pro zemé s ¢islovanim pomoci ruzného pocé¢tu ¢islic. Uzivatelé maji
! Cty¥éiselné pripojky,dst¥edna je ale k dispozici p¥es p¥ipojku 0
Router2(config-i1f)#i1sdn i1ncoming-voice volice

Nastaveni prichozich volani jako hlasové. Ty se primo predaji DSP
1

'Implicitné: Kédovani AMI kontrola crc4, zdroj c¢asovani je nastaven na JTS
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UrcCeni Cisel portti hlasovych rozhrani
instalovanych na smérovaci

Router#show vaice port summary

In QuT
PORT GH SIG-TYPE  ADMIN QPER STATUS  STATUS  ECG

@17 186 Txo-1z down  down idle on-hook ¥
4 H B 19 Txo-l1lz Up dorm idle on-hook v
@:149 28 Txo-lz Up dorm idle on-hook v
@24 21 Txo-l1lz Up dorm idle on-hook v
@ 22 Txo-1z Up dorm idle on-hook ¥
@, 22 22 Txo-ls up dorm idle qb hook
@23 24 edm-imd Up dorm idle idle Y
141 — Tx=-1s Up dorm an-hook  idle y
1/2 — Tx=-l1z Up dorm an-hook  idle Y
1/3 — edm-imd Up dorm idle idle Y
1/4 — edm-1imd up dorm idle idle y
15 — Txo-l1lz Up dorm idle on-hook ¥
16 — Txo-1ls LUp dorm idle on-hook v




Ov¢reni nastaveni parametru hlasového portu

Router#show voice port
DE® Group 1:8@ - 1:@

Type of VoicePort is Cas

Operation State is DORMANT
Adminiztrative State iz UP

Mo Interface Down Failure

Description iz not set

Noize Regeneration iz enabled

Mon Linear Processing is enahled

Muzic ©On Hold Threshold iz Set to -35 dEm
In Gain is Set to @ dB

out attenuation is Set to @ dB D&
Echo Cancellation iz enahled

Echo Cancel Coverage iz set to & ms
Flayout -delay Mode iz set to default
Playout - delay Nominal is =set to 6@ ms
Flayout -delay Maximum iz set to 280 ms
Connection Mode iz normal

Connection MNumber is not set

Initial Time Out iz set to 18 =
Irterdigit Time Out iz set to 10 =
Gall-Disconnect Time OQut is set to 68 =
Ringing Time Out iz zet to 158 =
companding Type iz u- law

Fegion Tone iz set for US

Wait Release Time Out is 3@ =

Station name Mone, Station number None

Woice card specific Info Follows:

DEd channel specific status info:
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Ov¢reni funkCnosti digitalniho fadice T1/E1
a to, ze nejsou hlaseny zadné poruchy

Lze si rovnéz zobrazit informace o zdrojich ¢asovani a dalSich
nastavenich fadicCe.

Router#show controller T1 1/0/0
T1 1/8/8 i=s up.
Appligque type iz Channelized T1
Gablelength iz long gain26 adb
Mo alarms detected,
alarm-trigger 1z not set
Framing iz ESF, Line Code iz EB&Z5, Clock Source 1z Line,
Data in current interval (158 zeconds elapsed) .
@ Line Code Violations, @ Path Code Violations
@ Slip secs, @ Fr Lozs Zecs, @ Line Err Secs, @ Degraded Mins

@ Errored secs, @ Bursty Err Secs, @ LSeverely Err Secs, @ Unavall Secs
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Zobrazeni udaju o konfiguraci hlasového
kanalu platnou pro vSechny kanaly DSP

Rout er#show voice dsp
TW¥PE DSP CH CGODEC WERE STATE STATE RET Al PORT TS ABORT TR -PAK-CuT

C549 @87 @d {mecium} 3.2 IDLE idle a @ 1/8:1 4 4 @fa
13

c549 @dE 88 {mecium} 3.3 IDLE idle a @ 1/8:1 5 @ @ara
13

c549 @99 83 {mecium} 2.2 IDLE idle a @ 1/8:1 G @ @ara
13

c549 @14 8@ {mecdium} 2.2 IDLE idle @ @ 1/8:1 T @ @fa
13

ce549 @11 @@ {medium} 2.2 IDLE 1idle @ @ 1/8:1 g @ @ra
13

c548 @12 @@ [medium} 2.3 IDLE  idle @ @ 181 g @ ara
13

G542 881 81 g71iulaw 3.3 IDLE  idle @ @ 2/a/d @ g12/5149
13

Ce42 @82 @1 g71iulaw 3.3 IDLE idle G @ 2/a/1 a 505/ 502
13

Ce42 @83 @1 g711alaw 2.2 IDLE  idle a @ 2/1/d 4 2876628066
13

Ce42 @84 @1 g71iulaw 2.2 IDLE  idle a @ 27111 4 g34/8



Ov¢reni stavu volani na vSech hlasovych
portech

Router#show vaice call summary

1/815
1/815
1/815

5 -~ oM kB O [ =t
[Tor]
-1
[
[/ m]
5
L0+

3 g7 2drE
18 g7 2drE
11 g7 20rE
12 97 20rE

WAl

= e e N M W T W e

YWTSP STATE

o CONMECT
o CONMECT
o CONMECT
o CONMEGT
o CONMECT
5 CONNEGT
5 CONNEGT
o CONMEGT
o CONMEGT
o CONMEGT
o CONMECT
o CONMECT

5 TSP_COMMEGT
5 TSP CONNEGT
5 TSP_CONNEGT
5 TSP CONNEGT
5 TSP CONNEGT
5 TSP_CONNEGT
5 TSP_CONNEGT
5 TSP _CONMEGT
5 TSP _CONMEGT
5 TSP _CONMEGT
5 TSP_COMMEGT
5 TSP_COMMEGT
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Zobrazeni tabulky aktivnich volani pfes smérovac

Router#show call active voice
GENERIG:

ZetupTime=04522746 nzs
Index=44%
Peerﬂddress=##?3@?21

Peeriubaddress=
Peer Ic=Ta03ad

PeerIf Index=37
LogicallfIndex=2
ConnectTime=94524@84 32
Disconnect Time=0454 6241
Galldrigin=1
Ghargedldnits=a
InfoType=2

Transmit Packets=56251
TranzmitBytes=125020
ReceivePacket s=3304d
ReceiveBytes=65000 93



Zobrazeni obsahu tabulky historie volani

show call history voice

PeerId=5084

Peer IT Index=25
Logicallf Index=a
DisconnectCause=14@

DizconnectText=normal call clearing.

GonnectTime=948937 5@
Disconect Time=0501 5508
GallOrigin=1

ChargedUnits=@

InfoType=2

TransmitPacket==32258

TransmitBytes=54516a

ReceivePacket s=20061

ReceiveBytes=401228

WO IP:

Gonnectionld] @x142E62FE @xSC67@5E2 @xd @xISSFSS51C)
RemoteIPAddress=171.68,235 .18

RemoteUDPPort=16552

RoundTripbelay=22 m=
SelecteddoS=hest-effort
tx_DtmfRelay=inband- voice
SezsionProtocol=cisco
SessionTarget=ipwd 171 .68, 235 15
OnTimeRyP Llayout =295004
GapFillWithSilence=8 m=

GapFilIWithPrediction=144@ m=

GapFillWithInterpolation=8 m=
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QSIC

(Q Signalizing)

Varianta signalizace ISDN Q.921 a ISDN Q.931 v D-kanalu pro vyuziti
v zarizenich, jako jsou PBX nebo klavesnicové systemy oznaCovane za
Private Integrated-services Network eXchange (PINX — soukromé sitove
ustfedny s integrovanymi sluzbami).

ISDN signalizace pro spojeni dvou telekomunikacCnich zafizeni stejné
urovne, jsou implementovany vsechny sluzby podle nejnovéjsi
specifikace ETSI:

= zakladni hovor

= CLIP (Calling Line Identification Presentation), CLIR
(Calling Line Identification Restriction — napf. statni sektor)

= CitaCe tranzitu

» pfenos jména (volajici, volany, pfipojeny)

» pfesmérovani (okamzite, pfi obsazeni, pokud nebere)

= inteligentni prepojeni hovoru

= zpétne volani pri obsazeni a pokud nebere 95



Funkce QSIC

= Zakladni volani

» Umoznéni hovoru po ukonceni hovoru prijemcem

= Odklon hovoru (vSech, pfi obsazeni, nezveda se sluchatko...)
» Zmena jmena a Cisla pri pfenosu hovoru

= Odmitani hovoru, pokud pfijemce nechce byt rusen
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Konfigurace QSIC na rozhrani PRI

Router(config)#controller t1 0/1

Router(config-controller)#pri-group timeslots 1-24

Router (config)#interface serial 0/1:23

Router(config-i1fP)#i1sdn switch-type primary-qgsig
Router(config-i1f)#isdn protocol-emulate user

I Strana uzivatele je vychozi nastaveni, anebo
Router(config-i1fP)#i1sdn protocol-emulate network

! Jde v obou prfipadech o nakonfigurovani rezimu portu 2. a 3. vrstvy
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Z.obrazeni imnformaci o radiCi rozhrani

Router#show controllers tl1 0/1/0

T1 0/1/0 i1s up.

Applique type i1s Channelized T1

Cablelength 1s long gain36 0db

No alarms detected.

alarm-trigger is not set

Soaking time: 3, Clearance time: 10

AIS State:Clear LOS State:Clear LOF State:Clear

Version info Firmware: 20051006, FPGA: 20, spm_count = O
Framing 1s ESF, Line Code i1s B8ZS, Clock Source i1s Line.

CRC Threshold i1s 320. Reported from firmware is 320.

Data 1In current interval (601 seconds elapsed):

2 Line Code Violations, 3 Path Code Violations

601 Slip Secs, O Fr Loss Secs, 2 Line Err Secs, 1 Degraded Mins
601 Errored Secs, O Bursty Err Secs, 0 Severely Err Secs, 0 Unavail Secs
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Ove€reni stavu 1. a 2. vrstvy ISDN

Router#show isdn status

Global ISDN Switchtype = primary-gsig

ISDN Seri1al0/1/1:23 interface

dsl O, interface ISDN Switchtype = primary-gsig
***x* Slave side configuration ****

Layer 1 Status:

ACTIVE

Layer 2 Status:

TElI = 0, Ces = 1, SAPI = 0, State = MULTIPLE_FRAME_ESTABLISHED
Layer 3 Status:0 Active Layer 3 Call(s)

Active dsl 0 CCBs = 0O

The Free Channel Mask: 0x00000000

Number of L2 Discards = 0, L2 Session ID = 0
Total Allocated ISDN CCBs = O
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ISDN kabinet Ericssonu
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https://www.freepbx.org/downloads/

FreePBX Distro Download Links

Below is a list of the different download versions and links to each one.
For older archived copies of the FreePBX Distro, click here.

The links below are downloaded from our US Based Server. To download from our Asia Based Server click here.

STABLE
SNG7-PBX-64bit-
1712-2

Release Date: December 2017
FreePBX 14 « Linux 7.4 » Asterisk 13, 14 or 15
Supports UEFI and Legacy BIOS booting
Release Notes
This ISO can be written directly to a USB drive and

installed without the need for any conversion tools.

HISTORICAL
(LEGACY)
10.13.66-32bit

This should not be used, except to reinstall an
older system
Release Date: 2016
FreePBX 13 ¢ Linux 6.6 » Asterisk 11 or 13
Supports Legacy BIOS booting ONLY

(JFULLISO [ USBIMG [ MD5SUM
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X e

FreePBX FreePBX

1999 Mark Spencer, pak komunita 65 000 vyvojaru
2007 Konec koniCkareni

2015 Kanadska Sangoma ziskala akvizici Schmooze

e 72 open source modulu
o 20 komerénich modulu

Digium na bazi Asterixu postavil komercni Switchvox:
* [P telefonie + UC za 400 USD, v cloudu lacingji,

e integrace s Exchange, iCal, Google kalendarem atd.

e Urceno pro trh SME

* Queuing, Conferences, Parking

« PBXact je “hardened” verze FreePBX
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2015: Dnesni podoba
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Komunita a blog

https://community.freepbx.org/

https://www.freepbx.org/category/blog/
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Unikatni vlastnosti Sangoma SW

BLF (Busy Lamp Field) Long & Short Press. Napf. Ize naprogramovat
rozSifeni BLF tak, aby bylo mozné prodlouzit ne€innéy stau nebo kratkym
stisknutim rozSifeni BLF jit pfimo do hlasové schranky v obsazeném stavu,

5-way Conference Calling with Leader Drop-off: Umoznuje uzivatelim v
telef. hovoru intuitivné pfidavat az 5 ucastniku. Neni to tfeba planovat. Vedouci
konference se muze od hovoru dokonce odpojit bez ovlivnéni ostatnich.

UC Intelligent Features: VétSina funkci, které uzivatelé ovladaiji z telefonu IP,
jsou skuteCné nastaveny na telefonnim systému. To udrzuje veSkerou
inteligenci s telefonnim systémem (a nikoli lokalné na telefonu), takze je
schopen délat véci, jako napf.: Ize aktualizovat vSechna zarizeni uzivatele, ve
stylu Do-Not-Disturb; posilat hlasovou postu na pfiponu uzivatele, pokud je
presmerovan na alternativni Cislo uzivatele, které neodpovida ... atd.

Mnoho funkci telefonu jinych vyrobcu je oviadano mistnée v telefonu, takZe telefonni system nevi

0 zménach, které hiasi pro uzivatele neocekavané udalosti telefonu. 107



https://www.sangoma.com/products/phoneapps/

Do Not Disturb

‘With the Do Mot Disturb application from
Sangoma, users can quickly and easily set
their Do-Mot-Disturb status by the touch of a
button.

Login / Logout

The Login/Logout application lefs users log
into any IP Phone by simply typing in their
extension number and password. All their
details, preferences and custom settings
appear automatically, just as if they were
using their regular desk phone.

Presence

The Presence application allows users fo
choose a desired Presence status for their
extension by navigating the phone’s display,
and will also update the status across all
their end-point devices, such as the User
Control Panel or their Zulu Sofiphone client.

14 aplikaci

Visual Voicemail

The Visual Voicemail application lets end
uszers easily view all of their voicemails,
allowing them to listen to, delete and return
calls directly from the screen on their IP
Phone.

Follow Me

The follow Me application lefs users visually
set their follow me status, add additional
numbers and adjust the ring and voicemsail
settings.

Parking

The Parking application lets users visually
see parked calks, pick up any parked calls
and park calls themselves, simply by
navigating the phone's display.

Wiatch Video

Gall Elow
el

Wiatch Video

Call Forward

The Call forwarding application allows users
o visually see their call forward setfings,
select between call forward numbers or
enter a new number, all by navigating the
phone’s display.

Call Flow Control

The Call flow application allows users to
visually see and toggle through all the active
call flows for the phone system, directly from
their phone’s display.

Queues

The Queue application allows managers to
easily view queue information, such as
callers waifing, hold time, agents logged in,
and even control their states, all by
navigating the phone’s display.

Queue Agents

The Queue Agent application allows users
fo visually see all the different queues they
are members of, login or logout of any of
them and check their guewe status, all by
navigating the phone’s display.

Contacts

The Contacts application lefs users view all
the contacts and groups that are configured
in the phone system, directly from the
phone's display. They can then search for a
specific contact to either view their details or
call them up.

Conference Rooms

The Conference Room application allows
users fo easily see a list of available
conference rooms, the current parficipants
and have the ability to control them, all by
navigating the phone's display.

Transfer to Voicemail

The Transfer to voicemail application lets
users visually see whose voicemail they are
transferming the call to, by simply navigating
the phone’s display and programmable
buttons.

Time Conditions

The Time Conditions application lets the
users see exactly which fime condition they
are changing and provides a visual status of
which one is enabled.
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Kastomizace telefonu

= Modul UCP pro modul EPM umozriuje koncovym uzivatelum pfizpUsobit
tlaCitka telefonu prostfednictvim webového rozhrani User Control Panelu
(UCP). Uzivatelé mohou zménit rozloZeni tlaCitek a programovat svu;
telefon pomoci oblibenych kédu funkci, rychlych Cisel, tlaCitek pole Busy
Lamp (BLF), aplikaci REST a dalSich, aniz by bylo nutné kontaktovat
spravce pri kazdé zméne.

= Spravce muze fidit, ktefi uzivatelé mohou editovat konfigurace tlacitek a
které telefony mohou editovat. Spravce muaze uzivateldm umoznit
upravovat tlacitka pro vlastni telefony a/nebo telefony jinych uzivatelu.

= Zmény uzivatele budou pfepsat puvodni Sablonu vytvofenou spravcem,
ale puvodni Sablona sama o sobé neni ovlivnéna. Zmény jsou pouze na
zakladé uzivatele (nikoliv globalni). Uzivatel se muze kdykoli snadno
vratit zpét k puvodni Sabloné. Spravce muze zménit Sablonu telefonltdgv
End Point Manageru.
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Zulu handset, je 1 Zulu 3 Softphone/UC

Spolupracuje s FreePBX a PBXact w



Vymeéna informaci s redirect
serverem

Phone goes to Sangoma RS as HTTP request

A SANGOMA

» [rs.sangoma.net

@ . RS Server responds with request for phone certificate and
; changes traffic to HTTPS

r 3

Phone sends unique signed certificate installed at the factory
through HTTPS

P

RS Server verifies certificate belongs to that unique phone
and then returns back the URL for the phone to receive its
configuration from

”
-
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Ziskani konfigurace telefonu od PBX

Phone requests configuration from PBX based on redirect URL

PBX replies with the configuration for the phone e

4
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Nastaveni telefonu

Display Name Golfoyle

Address 203

Label 203

Type ® Private Shared

Third Party Name

ra

M Wendell Thompson % @

ona Senger -]

Number of Line Keys

Calls Per Line 24 ———
Enable SRTP ® Yes No B e
Offer SRTP Yes ® No

Server Auto Discovery ® Enable Disable

e Authentication

Use Login Credentials Enable ® Disable
Domain 191 $68.1.105
User ID 203

Outbound Proxy
Server 1
Server 2

Call Diversion

Message Center
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https://www.youtube.com/watch?v=_MDFU4INBGo

= 1+ X co\llm »

Step 1: Donload te 3CXPhone
application from the link above..
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Welcome to the 3CXPhone
Setup Wizard

wil nstal JOPhone on your computer
bck Next” to contnue or "Cancel”™ to exit the Setup Wizard,

Cancel

Step 2: Install any accompanying
software prior to installing softphone.
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Welcome to the 3CXPhone
Setup Wizard

The Setup Wizard will ngtal OPhone on your computer.

Click "Next" to contnue or “"Cancel” to exit the Setup Wizard.

Step 3: After installing launch
the 3CXPhone application.
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none

15:43:43 Set accounts

Step 4: The 3CXPhone can be
prepared for use with a few
simple steps. 118




Sound devices
Configure sound devices used by the phone

vehavior
Define behavior of your JCXPhone

Automatically starts at Windows logon

Speaker: Ih et E (4~ | ) E -
Speaker [Headset Earphone (4- Microsoft LifeChat + | ¥ Expand + sign to 00
Prevent answering pop-up from stealing focus on ringing
Ringing: |Primary Sound Driver - |
' . Microphone noise reduction
Video When computer 15 locked: No action v
Video source: I
= When screensaver starts: No acton v |

None ~| |[ Configure )
Visual look

Set the visual look of vour 3CXPhone

vV Allow video calls
Iv Start sending video when call 15 established

| Do not send video when phone is inactive or hidden <kin: T:;C)g:‘hc-ne - |
General network settngs Language: | | Download others

RTP ports: 40000 | 40049

Local port: ¥ Any oK ‘ Cancel |

Step 5: In the preferences panel,

you can configure the softphone

to work with your computer. 119




15:43:43

Step 6: Installing one or more of
your SIP phone accounts on Softphone
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“count

Accounts
Manage SIP accounts

Active | Name | Caller ID

Remove

Soft keys

OK Cancel

Step /7: When the Accounts window
opens, click "Edit"




Step 8: When the new blank window
opens, we will fill in the information. K&




The account name 123




https://www.youtube.com/watch?v=_MDFU4INBGo
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Voicemail number l'-?:
Ar

sfer Configure the Voicemad extenson numbuer
Hold (s Transfer to be used by this account. This can be

changud luter from uccount’s Advanced

‘.:: l: 1 0o ‘.m ’l’ settings.

 Fal=]
ag|

voicemail

Step 24. Voicemail settings
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Hold € Transfer
S 1 L co\H

—

Call
Transfer

Step 25. Call Transer
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