Nastaveni IP telefonu Gigaset - obrazky jsou z nastaveni typu 580, u jinych typl se mohou trosku lisit.

Prihlaste se do web konfiguratoru pomoci IP adresy pfifazené telefonu routerem. IP adresu zjistite bud'v tabulce
klientl DHCP serveru na routeru nebo se podivejte do pfirucky k telefonu.

U nékterych typU se IP adresa zobrazi kratkym zmacknutim tlaéitka na zakladné nebo se da zobrazit na sluchatku
v nastaveni sité.

Do internetového prohlizeCe zadate http://vaseipadresa napf. http://192.168.15.103 a odeslete jako stranku.

Do konfiguratoru se pfihlasite pres heslo : 0000, pokud jste jej neménili.

Kliknete na zdlozku Settings.
Vlevo vyberete Telephony — Connections. Vyberete si Ucet a date Editovat.

Na obrazku je priklad se dvéma rlznymi operdtory. Mate-li ¢islo pouze od nds, budete jej mit na prvni pozici.

IP Configuration IP Connection

Telephony ) )
Name / Provider Suffix Status Active
i 1 haloo #1  Registered Edit | »
s Other Pravider zaregistrované &islo :
Number Assignment ; . ; . :
) 2 sbohempevnalinko #2 Registration failed Edit | [
Call Forwarding Other Provider nezaregistrovane ¢is —
Daling Rlar 3 | IP3 #3  Disabled it | r
MNetwork Mailbox Other Provider ——
Advanced Settings 4 P4 #4 Disabled Edit | r
Messaging Other Provider e
Senices 5 IP5 #5 Disabled Edit [
Other Provider -
Handsets
Miscellaneous 6 P& . #6 Disabled Edit ([
Other Provider —
Gigasetnet
Name Suffix Status Active
Gigasetnet #3 Reagistered Edit | [
Fixed Line Connection
Name Suffix
Fixed Line #0 Edit

pnong nUmoer i@ Jstnguisn mis connecuon,

Audio Connection Name or sbohempevnalinko £Zadejie si Vas nazev

Mumber Assignment NamEes
Call Farwarding Auto Configuration
Dialling Flans If your provider has issued you with a configuration code, you
Metork Mty can use itto start the automatic connection configuration here.
| Advanced Settings Auto Configuration Code I nevypliovat
Messaging ;
_ Start Auto Configuration  nespoustét
Senvices
Handsets
el Frovider: Other Provider Select VolP Provider
nejsme v seznamu, je polfeba vse
Personal Provider Data nastavit ruéné
Authentication Name I telefonni éislo
Authentication password.  |* heslo k &islu (z e-mailu nebo specifikace)
Usemame: [ telefonni ¢islo
Displayname: | tejefonni islo

’ Show Advanced Settings |
|

Set | Cancel | Delete




Na obrazku je sice nastaven odchozi server = Outboud proxy, doporucujme vsak jej radéji nevyuzivat. Pokud jej
nevyplnite — hovory automaticky odchazeji ptes proxy server.

General Provider Data

Damain: |aps.sbnhempemalinkn.cz

Proxy server address: I g1.221.212.167

Proxy senver port: I 5060

Regisirar server. |aps.5bnhempemalinkn.cz

Reagistrar server port: I 5060

Registration refresh time: 180

sec
Hetwork

STUN enabled: T Yes % Mo

STUN server.

STUN port: | 3478

STUN refresh time:

MAT refresh time:

I 240 sac
I 20 sec

Outbound proxy mode: O Mways = Auto © Hever

Dutbound proxy: |aps.5bnhempemalinkn.r:z

Cutbound proxy port: IEDED

DTMF nastavte na RFC2833 jinak by Vam neslo odblokovat kéd pro zahranici.

Conneclions Henag semngs: W Auto [ Audio T RFC2833 [ SiPInfo
Audio When using G.722-Codecs d connection) DTMF
Wumber Assignment Signals cannot be transmitt udio.

Call Forwarding Call Transfer

ol S UsetheR keylomniiate call & yes € Neo

Metwork Mailbox transfer with the SIP Refer
o : method

Transfer Call by On-Hook: T ¥Yes & Mo

lessaging

B Derlve target address. ¢ fomSPURL @ from SIP contact header
landzets

Find target addr. i+ "
liscellaneous Sty Yes No

Hook Flash (R-key)

R key settings are disabled because the R Key is being used for
call transfer.

Listen ports for VolP
connections

Use random ports: " ¥es & Np

SIF port. 5_@5’0' Lokalni sip port nastavte na 5062 nebo
vySEl sudy

RTFpoit | 40000 | — | 10004
vyberte si rozsah 200 ¢isel z intervalu 10 000 - 20 000 napf. 10200 - 10399
Set | | Cancel |




Mate-li na telefonu nastaveno vice Gc¢tli — zvolte Use random ports — yes a zvolte interval (podle poctu Cisel tak, aby

kazdé Cislo mélo samostatny sudy port — pf. 3 Cisla — rozsah 5062-5066). V pfipadé problému s nevyzadanymi
pfichozimi hovory doporucujeme hodnotu 5070.

Audio nastaveni
Harmse
IF Configuration

Tetephany

Conneclions

Seltings Sans

Settings for Bandwidth

k‘%lai:;‘—-'lt
Numbar Assignment
Call Farwarding
Dialling Plans
MNetwork Mailbox
Advanced Settings

Messaging

Info Services

Handsets

Miscellaneous

Allow 1 ViolP call only

Voice Quality.

Settings for Connections
Alan (101)

Valume for Vol Calls

The quality of your VolP calls depends on the codec used for the
fransmission. Increased quality means increased data
throughput. Depending on the bandwidth of your DSL
connection this increase - particularly with 2 concurent VolP
calis - may lead o problems with the transmission. The foliowing
seliings enable you o adapt your Gigaset o your individual DSL
confrecion.

T Yoz * Na

{7 Oplimized for high bandwidth
" Optimized for low bandwidih
' own Codec prefersnce

U Low ™ Nomal ¢ High

Selected codecs

Availsble codecs

G722 < Add G.71L plaw
G.7T11 a law - G729
G.726 Remove =
up
Down

Zadate si Own Codec preference = vlastni nastaveni

Ve sloupci vybranych (selected) kodek( si nechate pouze G711 a law a vSechny ostatni presunete doprava tlacitkem
Remove.

Pokud je vSe nastaveno a nelze z telefonu volat, zkontrolujte si, zda na zdloZzce Number Assignement mate z daného
ucétu povoleny odchozi hovory. U nékterych typl telefonl Gigaset je standardné nastaveno odchozi volani pres
sluzbu Gigaset.net.

V pripadé problém s registraci telefonu nékterym uzivatellm pomohlo vymazani viech kodekd, uloZeni nastaveni a
nasledné pridani kodeku G711 a law.



