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Yto nedio SIP id mAnktpoAoyoU e Tov aplBuo SIP mou pag €xel S00<l Kal 0TV CUVEXELQ
@sk.hmu.gr m.x. 4444@sk.hmu.gr

Y10 nedio Password Baloupe Tov KwOLKO ToU pag €xeL S00O«L.

Matdpe to kouurni “Add”

& Add new account *

Metwork SIP 5P w

User name and password
SIP id A444@ sk hmu.gr

Ex: john@voiphone.net or simply “john" for no server

Password iiliiiiiiili|

Remember password

Advanced Add Cancel

Emnetta emA€éyou e armod 1o pevou Tools -> Options yla va petafoupe otic pubuioelc.

& Jitsi - O >
File | Tools Help
x Options
_@_ Create a video bridge...
- JB.  Create a conference call... 7 @

= %  Auto Answer and Call Forwarding *
o Account Info
o Connection Info

n Hide offline contacts
ﬂ]) Turn sound off




2to napabupo mou Ba epdaviotel matdape to kouurnt Edit.

& Options
1 v -
A B T F
Accounts | General Audio Video Security Events Chat Advanced
M S|P 4s44@skchmu.gr (SIP) . Offline

Add Edit Delete




Itnv KapteAa “Connection” CUUMANPWVOULE TA TIAVTA KoL EAEYXOUUE TO KOUTAKLO VO LNV
elval TIKapLopEVA OTIWE OTNV ELKOVA TTAPOKATW.

& Account Registration Wizard 4

Account] Connection | Security Presence Encodings

SI P Registrar sk.hmu.gr Port | 3061

Authorization name

Client TLS certificate | <none> (use regular authentication) W

Proxy options

[] Bypass proxy security check for HA scenarios (use only if needed)

[] Configure proxy automatically

Proxy sk.hmu.gr Port | 3061
Preferred transport | TLS ~
Keep alive

Keep alive method | OPTIOMS v

Keep alive interval |25

3600

Between 1 and 3600 seconds

Yoicemail

[]3essage Waiting (MWIE

VYoicemail Subscription URI
Voicemail check URI

DTMF
DTMF method Auto: Choose automatically between RTP and Inband (ne SIP INFO) -

Minimal RTP DTMF tone duration (ms)§ | 120

Default RTP DTMF duration is 70 ms

Previous Cancel




Itnv kapteAa “Security” matape to Advanced encryption settings wote va epgpaviotouv
NPOoBOEeTeC eMIAOYEG. EMAEyoupe Omw¢ mapakatw SDES povo, oto Enabled cipher suites va

elval emAeypéva ta SUo ou paivovral mapakdtw kat cto RTP/SAVP indication emiAéyoupe
Mandatory.

& Account Registration Wizard

Account Connection | Security | Presence Encodings

SI P Enable support to encrypt calls

Jitsi will autematically try to secure all your calls with ZRTP and you will both hear
and see a notification once a secure connection is established. You should only
change the advanced settings below if you are well aware what you are doing.

I' Advanced encryption settingsl

Choose enabled encryption protocols and their priornity (top protocol first):

[ lzoIn

= Up
Spoes _ ——— |
EUILJ'JF\.II" gown
ZRTP opticn

Indicate support of ZRTP in signalling protocol

5Des option

Enabled cipher suites:
[ AES_CM_128_ HMAC_SHA1_80
[]AES_CM_128 HMAC SHA1 32

[JAES_192_CM_HMAC_SHAT 32
[ AES_256_CM_HMAC_SHAT_80
] AES_256_CM_HMAC_SHA1_32

RTP/SAVP indication

Mandatory (offer and accept only RTP/SAVP) R

Previous Mext Cancel




Itnv KapteAa “Encodings” toekdpou e to koutakl Override global encoding settings kai
otnv Alota Video Sev mpemnel va eival Timota TOEKAPLOUEVO OTIWG OTNV TTAPOKATW ELKOVA.

Matape Next.

& Account Registration Wizard

Account Connection Security Presence
SI P I Cwverride global encoding settingsl Reset

Audio
[#1G722/16000 ~1 up
[ PCMA/B000 u
] AMR-WE/ 16000 Down
[ GSM/2000
[JiLBC/8000
[Jopus/48000 o
Up
Down

Previous Mext Cancel




MNatwvtag to kouprtt Next 6a pag epdaviosl mepAnmTka g pubuioslc pag. Matape Sign In

WOTE VO OAOKANPWOOUUE TIC pUBUILOELG.

& Account Registration Wizard

SIP

SIP id:

Remember password:

Registrar:

Server port:

Proxy:

Proxy port:

Preferred transport:

Enable presence (S5IMPLE):

Force peer-to-peer presence mode:

Enable support to encrypt calls:

Indicate support of ZRTP in signalling protocol:

Offline contacts polling period (in s.):
Default subscription duration (in s.):
Keep alive method:

Keep alive interval:

DTMF method:

Minimal RTP DTMF tone duration (ms):

Summary
4444 @sk.hmu.gr
Yes
sk.hmu.gr
5061
sk.hmu.gr
5061
LS
Yes

Yes

Yes

30

3600
OPTIONS

25
AUTO_DTMF
70

Sign in

Cancel




T€Aog, av pag epdaviost to SIP Online 6imAa oto SIP id pag, elpaote €tolpol.

& Options *
e v -
A B i D F ®
Accounts | General Audio Video Security Events Chat Advanced
SIP 9205@skhmu.gr (SIP) SIP Online

Add Edit Delete




