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1. Pouzitie sluzby

Sluzba ,Business Trunk* je ur€ena pre pripojenie zakaznickych PBX k verejnej telekomunikacnej sieti (VTS)
prostrednictvom VolIP systémov poskytovatela sluzby Slovak Telekom, a.s. Signalizacna komunikacia prebieha
v protokole SIP, transportny protokol UDP. Telefénne Cisla zaradené do trunku nemusia byt z jednoho Cisleného
rozsahu (DDI), podmienkou pouzivania vSak je, aby vSetky tieto Cisla boli u poskytovatela sluzby (ST)

zriadené, zaradené do trunku a z PBX zaregistrované v zmysle bodu 3.

2. VSeobecné nastavenia

DNS =195.146.137.211; 195.146.137.212

NTP =195.146.137.211; 195.146.137.212

Nastavenie DNS a NTP plati pre pripojenia cez privatne siete MPLS, BIP, BCN .... Pre pripojenia cez verejny
Internet je potrebné pouZit lubovolny verejny NTP a DNS server.

SIP domain = sip.vvn.telekom.sk (na DNS serveri prelozené na 195.146.137.250)
SIP proxy = sip.vvn.telekom.sk

Outbount proxy = sip.vvn.telekom.sk

Realm = BroadWorks

Transportny protokol = UDP

Audio kédeky:

1.G729

2.G711 Alaw

3.G711 Ulaw

4.101 telephone-event (posielanie DTMF znaciek v hovorovom kanali).

3. Registracia

a) Dynamicka - plna
Starsi spdsob registracie trunkov s poctom uétov do 150. Pri tomto spdsobe registracie je nutné posielat’
REGISTER pre kazdy ucet (vratane pilotného Cisla) samostatne. Hodnoty poli jednotlivych hlavi¢iek SIP sprav
pri registracii su v prilohe la.

b) Dynamicka — pilotna (plati od 1.9.2015)
Cely trunk je registrovany iba pilotnym &islom, teda sprava REGISTER sa posiela iba na toto pilotné &islo.
Hodnoty poli jednotlivych hlavi€iek SIP sprav pri registracii su v prilohe 1b. Pri tomto spdsobe registracie je pre
spravnu funkénost volani a korektnej prezentacie volajuceho Cisla nutné upravit konfiguraciu PBX tak, aby
zodpovedala prikladom v prilohach 2b a 3b.

c) Staticka
Starsi spdsob registracie trunkov s poctom ucétov nad 150. Pri tomto spdsobe registracie sa neposiela ziadna
registracia, smerovanie odchadzajucich volani z VTS do PBX je robené staticky na dohodnutu IP adresu a
port. Prichadzajuce volania z PBX do VTS budu akceptované iba z tejto IP adresy.

0Od 1.9.2015 je na strane technolégii ST pri zriadovani sluzby ako vychodzia moznost pouzita bez ohladu na pocet
trunkovych uctov dynamicka pilotna registracia.

Z dévodu zvysSenej spotreby systémovych prostriedkov pri statickej registracii sa bude tato moznost’ poskytovat iba
pri trunkoch s viac ako 32 hlasovymi kanalmi, alebo v Specialnych pripadoch ako napr. redundancia viacerych
trunkov na réznych pristupovych okruhoch a pod.

Pre PBX na baze ASTERISK, pripojenych cez verejny internet sa z bezpecnostnych dévodov staticka registracia
neposkytuje.

Ak nie je mozné na PBX nastavit podmienky dynamickej registracie podla a) alebo b) a zarover nespina
podmienky na staticku registraciu musi sa pred PBX predradit konverzna SIP/SIP brana, ktora zabezpeci voci ST
registraciu a spravny screening. IP adresacia a SIP nastavenia PBX voci konverznej brane budu dohodnuté
individualne.

4. Autentifikacia

VSetky Cisla zaradené do trunku pouzivaju spolo¢né autenifikatné meno (pilotné Cislo bez nuly na zaciatku) a
spolo¢né SIP heslo, ktoré su uvedené v protokole o odovzadi sluzby.

NizSie uvedené autentifikacné udaje musia byt nastavené pre kazdé Cislo zaradené do trunku a pouzité pri
poziadavke “401 Unathorized” pre autorizaciu registracii, alebo volani.

User name = pridelené cislo (bez nuly na zaciatku)

Authentication name = spolo¢né autenifikacné meno (pilotné Cislo bez nuly na zaciatku)

Password = spolo¢né SIP heslo

Z dévodu vaznych bezpeénostnych rizik, nie je mozné autentifikaciu vypnut’.
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5. Formaty Cisiel

Volania z VTS do PBX

Volané cislo (Called number) = &islo v narodnom formate bez nuly na zaciatku, v SIP URI je pouzita
doména “sip.vvn.telekom.sk” (napr.: 249119635@sip.vvn.telekom.sk). V niektorych starSich pripojeniach
mobze este doCasne byt pouzita interna systémova doména “as” (napr.: 249119635@as).

Volajuce ¢islo (Calling number) = pre volania zo SR ¢islo v narodnom formate z nulou na zaciatku, v SIP
URI je pouzitd doména “sip.vvn.telekom.sk” (napr.: 0335920916@sip.vvn.telekom.sk), pre volania
prichaddzajuce zo zahrani€ia €islo v medzinarodnom formate z dvoma nulami, v SIP URI je pouZita
doména “sip.vvn.telekom.sk” (napr.: 00420705333555@sip.vvn.telekom.sk). V niektorych starSich
pripojeniach m&ze eSte doCasne byt hamiesto doménového mena pouzita IP adresa outbound proxy
“195.146.137.250” (napr.: 00420705333555@195.146.137.250).

Priklady prichadzajuceho INVITE su v prilohe 2a a 2b podla typu registracie.

Volania z PBX do VTS

Volané ¢islo (Called number) = fubovolny format (lokalny, narodny, medzinarodny, skratené &isla...,
podobne ako pri volaniach z bezej pevnej linky), v SIP URI musi byt pouzita verejna doména
“sip.vvn.telekom.sk” (napr.: 44638255@sip.vvn.telekom.sk, 1181 @sip.vvn.telekom.sk)

Volajuce €islo (Calling number) = €&islo v narodnom formate bez nuly na zaciatku, v SIP URI musi byt
pouzita verejna doména “sip.vvn.telekom.sk” (napr.: 249119635@sip.vvn.telekom.sk)

Priklady odchadzajuceho INVITE su v prilohe 3a a 3b podla typu registracie.

6. Presmerovanie hovorov z PBX do VTS

Pri presmerovani hovorov niektorého Cisla ukonéeného na PBX spat do VTS, je pre zachovanie identifikacie
pbvodného volajuceho mozné vratit takéto volanie dvoma spdsobmi:

1)

2)

poslanim odpovede “302 Moved Temporarily”, kde ciefové &islo presmerovania je uvedené v hlavicke
“Contact” a v SIP URI tohto parametra musi byt pouzita verejna doména “sip.vvn.telekom.sk”. Priklad
takéhoto spracovania hovoru presmerovaného spat do VTS je v prilohe 4a a 4b podla typu registracie.
poslanim novej spravy “INVITE”, kde cielové &islo presmerovania je uvedené v “Request line” av
hlavicke “TO”. Hlavicka “From” musi obsahovat SIP URI pévodného volaného Cisla, alebo pilotného Cisla
podla typu registracie. Tato sprava INVITE musi dalej obsahovat' hlavicku “DIVERSION”, v ktorej musi
byt uvedené SIP URI pévodného volaného C&isla, pripadne iné parametre presmerovania a hlavicku “P-
Preffered-ldentity”, ktora musi obsahovat’ SIP URI pévodného volajuceho Cisla. Priklad takéhoto
spracovania hovoru presmerovaného spat do VTS je v prilohe 5a a 5b podla typu registracie.

7. Zamedzenie zobrazenia Cisla volajuceho — CLIR

Pre zamedzenie zobrazenia Cisla volajuceho (CLIR) pri volaniach z PBX do VTS je potrebné do odchadzajuceho
INVITE doplnit hlavicky “P-Preferred-Identity” a “Privacy” v nasledovnom formate:

P-Preferred-ldentity: <sip:SIP URI volajuceho Eisla >

Privacy: id

Hlavicky “From” a “Contact” musia ostat' v presne takom istom tvare, ako pri volani bez CLIR-u.

V pripadoch, ked &islo volajuceho nebude poslané, alebo v hlavicke “From” bude SIP URI v tvare
“anonymous@anonymous.invalid”, nebude toto volanie akceptované.

Priklad odchadzajuceho INVITE z PBX do VTS s potlacenim cisla volajuceho je v prilohe 6a a 6b podra typu
registracie.

Priklad prichadzajuceho INVITE z VTS do PBX s potlacenim Cisla volajuceho je v prilohe 7a a 7b podla typu
registracie.

8. Prilohy

SIP spravy pouzité ako priklady v jednotlivych prilohach su autentické a su vygenerované na zariadeni Patton
SN4960/4E30V- fw. verzia R6.5.
V prilohach 4 a 5 nie je z priestorovych dévodov tohoto dokumentu v spravach INVITE zobrazeny protokol SDP.
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Priloha 1 — Registracia
a) PInaregistracia

Priklad registracie jednoho (nie pilotného) trunkového uctu 249119635

User name = 249119635

Authentication name (pilotné éislo) = 249119630

Doménové mena pouzité v SIP URI hlaviCiek “FROM” a “TO” je nutné dodrzat.

REGISTER sip:sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK1c304c6f4fad52394
Max-Forwards: 70

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=c7e4024878

To: <sip:249119635@sip.vvn.telekom.sk:5060>

Call-ID: 5a9d648f4a6¢7075

CSeq: 25089 REGISTER

Contact: <sip:249119635@192.168.203.23:5060;transport=udp>

Expires: 3600

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Length: 0

SIP/2.0 401 Unauthorized

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK1c304c6f4fad52394

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=c7e4024878

To: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=127025642-1438164349586

Call-ID: 5a9d648f4a6¢c7075

CSeq: 25089 REGISTER

WWW-Authenticate: DIGEST qop="auth",nonce="BroadWorksXicolx66qT90u6z9BW",realm="BroadWorks",algorithm=MD5
Content-Length: O

REGISTER sip:sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK6786379¢20184cf7e

Max-Forwards: 70

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=c7e4024878

To: <sip:249119635@sip.vvn.telekom.sk:5060>

Call-ID: 5a9d648f4a6¢c7075

CSeq: 25090 REGISTER

Authorization: Digest
username="249119630",realm="BroadWorks",nonce="BroadWorksXicolx66qT90u6z9BW",uri="sip:sip.vvn.telekom.sk:5060",response="6d185
blcc84e158062d582f2306282aa",algorithm=MD5,qop=auth,cnonce="1a498b34",nc=00000001

Contact: <sip:249119635@192.168.203.23:5060;transport=udp>

Expires: 3600

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Length: 0

SIP/2.0 200 OK

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9nG4bK6786379e20184cf7e

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=c7e4024878

To: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=1077249181-1438164349622

Call-ID: 5a9d648f4a6c7075

CSeq: 25090 REGISTER

Contact: <sip:249119635@192.168.203.23:5060;transport=udp>;expires=300;9=0.5

Allow-Events: call-info,line-seize,dialog,message-summary,as-feature-event,x-broadworks-hoteling,x-broadworks-call-center-status
Content-Length: 0



b) Registracia iba pilotného €isla

Priklad registracie pilotného trunkového uctu 249119630

User name (pilotné ¢islo) = 249119630

Authentication name (pilotné éislo) = 249119630

Doménové mena pouzité v SIP URI hlaviCiek “FROM” a “TO” je nutné dodrzat.

REGISTER sip:sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bKd11ebb6e76cdd5855
Max-Forwards: 70

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=1db7a33261

To: <sip:249119630@sip.vvn.telekom.sk:5060>

Call-ID: e3f64831a50c5828

CSeq: 5627 REGISTER

Contact: <sip:249119630@192.168.203.23:5060;transport=udp>

Expires: 3600

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Length: 0

SIP/2.0 401 Unauthorized

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bKd11ebb6e76cdd5855

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=1db7a33261

To: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=1489687322-1438149919946

Call-ID: e3f64831a50c5828

CSeq: 5627 REGISTER

WWW:-Authenticate: DIGEST qop="auth",nonce="BroadWorksXicodbw7eTcjvuh1BW" realm="BroadWorks",algorithm=MD5
Content-Length: 0

REGISTER sip:sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK43cbbd0a365fc8ade

Max-Forwards: 70

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=1db7a33261

To: <sip:249119630@sip.vvn.telekom.sk:5060>

Call-ID: e3f64831a50c5828

CSeq: 5628 REGISTER

Authorization: Digest
username="249119630",realm="BroadWorks",nonce="BroadWorksXicodbw7eTcjvuh1BW",uri="sip:sip.vvn.telekom.sk:5060",response="951e9
cb6468252a7c9d1fff6¢c390d93d" algorithm=MD5,qop=auth,cnonce="7262be96",nc=00000001

Contact: <sip:249119630@192.168.203.23:5060;transport=udp>

Expires: 3600

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Length: 0

SIP/2.0 200 OK

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK43cbbd0a365fc8ade

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=1db7a33261

To: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=2118676607-1438149919956

Call-ID: e3f64831a50c5828

CSeq: 5628 REGISTER

Contact: <sip:249119630@192.168.203.23:5060;transport=udp>;expires=300;q=0.5

Allow-Events: call-info,line-seize,dialog,message-summary,as-feature-event,x-broadworks-hoteling,x-broadworks-call-center-status
Content-Length: 0



Priloha 2 — Prichadzajuci INVITE (volanie z VTS do PBX)
a) Priplnej dynamickej a pri statickej registracii

Volajuci — 0910500374
Volany — 249119635 (IP adresa 192.168.203.23, port 5060)

»Request URI“ obsahuje SIP URI vo formate “volane_cislo@IP_adresa_PBX” (s hodnotami podla halvicky
“CONTACT” z Registracie)

Hlaviéka “FROM” obsahuje SIP URI vo forméte “volajuce_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” obsahuje SIP URI vo forméte “volane_cislo@sip.vvn.telekom.sk”

INVITE sip:249119635@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bKadp8vu00fgfglp08f720.1

From: <sip:0910500374@sip.vvn.telekom.sk;user=phone>;tag=1899919165-1438165129980-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW121849980290715-1560306303@10.20.60.10

CSeq: 749284735 INVITE

Contact: <sip:0910500374@195.146.137.250:5060;transport=udp>

Supported: 100rel

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER, NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Max-Forwards: 69

Content-Type: application/sdp

Content-Disposition: session;handling=required

Content-Length: 293

v=0

o0=BroadWorks 192416707 1 IN IP4 195.146.137.250
s=-

c=IN IP4 195.146.137.250

t=00

m=audio 24204 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000

a=fmtp:18 annexb=no

a=rtpmap:8 PCMA/8000

a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:101 0-15

a=sendrecv

a=maxptime:20



b) Pri registracii iba pilotného cisla

Volajuci — 0910500374
Volany — 249119635 (IP adresa 192.168.203.23, port 5060)
Pilotné &islo -249119630

»Request URI“ obsahuje SIP URI vo formate “pilotne_cislo@IP_adresa_PBX” (s hodnotami podla halvi¢ky
“CONTACT” z Registracie)

Hlaviéka “FROM” obsahuje SIP URI vo formate “volajuce_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” obsahuje SIP URI vo forméte “volane_cislo@sip.vvn.telekom.sk”

INVITE sip:249119630@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bK|I20i42000c1br02a1a0.1

From: <sip:0910500374@sip.vvn.telekom.sk;user=phone>;tag=467902633-1438165478985-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW1224389852907151077616993@10.20.60.10

CSeq: 749459237 INVITE

Contact: <sip:0910500374@195.146.137.250:5060;transport=udp>

Supported: 100rel

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER,NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Max-Forwards: 69

Content-Type: application/sdp

Content-Disposition: session;handling=required

Content-Length: 293

v=0

o0=BroadWorks 192446892 1 IN IP4 195.146.137.250
s=-

c=IN IP4 195.146.137.250

t=00

m=audio 24182 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000

a=fmtp:18 annexb=no

a=rtpmap:8 PCMA/8000

a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:101 0-15

a=sendrecv

a=maxptime:20



Priloha 3 — Odchadzajuci INVITE (volanie z PBX do VTS)
a) Pri plnej dynamickej a pri statickej registracii

Volajuci — 249119635 (IP adresa 192.168.203.23, port 5060)
Volany - 0910500374

»Request URI“ musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”
Hlavi¢ka “FROM” musi obsahovat SIP URI vo formate “volajuce_cislo@sip.vvn.telekom.sk”
Hlaviéka “TO” musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”
Hlaviéka “CONTACT” musi obsahovat SIP URI vo formate “volajuce_cislo@IP_adresa_PBX”

Volajuce Cislo musi byt s pridelenej mnoziny Cisiel daného trunku.

Cislo portu je nutné uvadzat iba ak je pouzity iny ako 5060. Ak je pouzity port 5060 jeho uvadzanie je nepovinné.

INVITE sip:0910500374@sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK0f9818fc7fa5d40ca
Max-Forwards: 70

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=d7d0005c86

To: <sip:0910500374@sip.vvn.telekom.sk:5060>

Call-ID: e19d814378517288

CSeq: 22102 INVITE

Contact: <sip:249119635@192.168.203.23:5060;transport=udp>
Supported: replaces

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Type: application/sdp

Content-Length: 271

v=0

0=MxSIP0 17 IN IP4 192.168.203.23
s=SIP Call

c=IN IP4 192.168.203.23

t=00

m=audio 10018 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:18 annexb=no

a=fmtp:101 0-16

a=sendrecv



b) Pri registracii iba pilotného cisla

Volajuci — 249119635 (IP adresa 192.168.203.23, port 5060)
Volany - 0910500374
Pilotné &islo -249119630

»Request URI“ musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “pilotne_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “CONTACT” musi obsahovat SIP URI vo formate “pilotne_cislo@IP_adresa_PBX”

Hlavi¢ka “P-PREFERRED-IDENTITY” musi obsahovat SIP URI vo formate “volajuce_cislo@sip.vvn.telekom.sk”

Cislo portu je nutné uvadzat iba ak je pouzity iny ako 5060. Ak je pouzity port 5060 jeho uvadzanie je nepovinné.

INVITE sip:0910500374@sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK0268fb33836068ede
Max-Forwards: 70

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=e4886d9ff6

To: <sip:0910500374@sip.vvn.telekom.sk:5060>

Call-ID: f1909d03c95094bf

CSeq: 13145 INVITE

Contact: <sip:249119630@192.168.203.23:5060;transport=udp>
P-Preferred-identity: <sip:249119635@sip.vvn.telekom.sk:5060>
Supported: replaces

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Type: application/sdp

Content-Length: 271

v=0

0=MxSIP 0 13 IN IP4 192.168.203.23
s=SIP Call

c=IN IP4 192.168.203.23

t=00

m=audio 10014 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:18 annexb=no

a=fmtp:101 0-16

a=sendrecv



Priloha 4 — Prichadzajuci INVITE presmerovany cez “302 Moved Temporaily”
a) Pri plnej dynamickej a pri statickej registracii

Volajuci — 0258823254 — A
Volany — 249119635 (IP adresa 192.168.203.23, port 5060) - B
Presmerované v PBX na 0910500374 - C

Prichadzajuci “INVITE”

»Request URI“ obsahuje SIP URI vo formate “B_cislo@IP_adresa_PBX” (s hodnotami podla halvicky “CONTACT”
z Registracie)

Hlaviéka “FROM” obsahuje SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” obsahuje SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Odpoved “302 Moved Temporaily”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”
Hlaviéka “TO” musi obsahovat SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”
Hlaviéka “CONTACT” musi obsahovat SIP URI vo formate “C_cislo@sip.vvn.telekom.sk”

Cislo portu je nutné uvadzat iba ak je pouzity iny ako 5060. Ak je pouzity port 5060 jeho uvéadzanie je nepovinné.

INVITE sip:249119635@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bK4ig24130cg7hno0sk4s0.1

From: <sip:0258823254®@sip.vvn.telekom.sk;user=phone>;tag=993683331-1438195539122-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW204539122290715-1086428789@10.20.60.10

CSeq: 764489306 INVITE

Contact: <sip:0258823254@195.146.137.250:5060;transport=udp>

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER, NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Supported:

Max-Forwards: 69

Content-Type: application/sdp

Content-Length: 293

SIP/2.0 302 Moved Temporarily

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bK4ig24130cg7hno0sk4s0.1

From: "<sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=993683331-1438195539122-

To: "Display name" <sip:249119635@sip.vvn.telekom.sk:5060;user=phone>;tag=3742156777
Call-ID: BW204539122290715-1086428789@10.20.60.10

CSeq: 764489306 INVITE

Contact: "Display name" <sip:0910500374@sip.vvn.telekom.sk:5060;transport=udp>

Server: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Length: 0

20:45:38 SIP_TR> [STACK] < 429 Stack: from 195.146.137.250

ACK sip:249119635@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bK4ig24130cg7hno0sk4s0.1

CSeq: 764489306 ACK

From: "<sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=993683331-1438195539122-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>;tag=3742156777
Call-ID: BW204539122290715-1086428789@10.20.60.10

Max-Forwards: 69

Content-Length: 0
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b) Pri registracii iba pilotného cisla

Volajuci — 0258823254 — A

Volany — 249119635 (IP adresa 192.168.203.23, port 5060) - B
Presmerované v PBX na 0910500374 - C

Pilotné ¢islo -249119630

Prichadzajuci “INVITE”

»Request URI* obsahuje SIP URI vo formate “pilotne_cislo@IP_adresa_PBX” (s hodnotami podla halvi¢ky
“CONTACT” z Registracie)

Hlaviéka “FROM” obsahuje SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” obsahuje SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Odpoved “302 Moved Temporaily”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”
Hlaviéka “TO” musi obsahovat SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”
Hlaviéka “CONTACT” musi obsahovat SIP URI vo formate “C_cislo@sip.vvn.telekom.sk”

Cislo portu je nutné uvadzat iba ak je pouzity iny ako 5060. Ak je pouzity port 5060 jeho uvadzanie je nepovinné.

INVITE sip:249119630@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bKqh3v7a2060rgoq4r54g1.1

From: <sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=1245563589-1438195960666-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW205240666290715573373036@10.20.60.10

CSeq: 764700078 INVITE

Contact: <sip:0258823254@195.146.137.250:5060;transport=udp>

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER, NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Supported:

Max-Forwards: 69

Content-Type: application/sdp

Content-Length: 293

SIP/2.0 302 Moved Temporarily

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=29hG4bKqh3v7a2060rgoq4r54g1.1

From: <sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=1245563589-1438195960666-

To: "Display name" <sip:249119635@sip.vvn.telekom.sk:5060;user=phone>;tag=1703847302
Call-ID: BW205240666290715573373036@10.20.60.10

CSeq: 764700078 INVITE

Contact: "Display name" <sip:0910500374@sip.vvn.telekom.sk:5060;transport=udp>

Server: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Length: 0

20:52:40 SIP_TR> [STACK] < 428 Stack: from 195.146.137.250

ACK sip:249119630@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bKqh3v7a2060rgoq4r54g1.1

CSeq: 764700078 ACK

From: <sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=1245563589-1438195960666-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>;tag=1703847302
Call-ID: BW205240666290715573373036@10.20.60.10

Max-Forwards: 69

Content-Length: 0
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Priloha 5 — Prichadzajuce volanie presmerované cez novy INVITE
a) Pri plnej dynamickej a pri statickej registracii

Volajuci — 0258823254 — A
Volany — 249119635 (IP adresa 192.168.203.23, port 5060) - B
Presmerované v PBX na 0910500374 - C

Prichadzajuci “INVITE”

»Request URI“ obsahuje SIP URI vo formate “B_cislo@IP_adresa_PBX” (s hodnotami podla halvicky “CONTACT”
z Registracie)

Hlaviéka “FROM” obsahuje SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” obsahuje SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Odchadzajuci “INVITE”

»Request URI“ musi obsahovat SIP URI vo formate “C_cislo@sip.vvn.telekom.sk”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” musi obsahovat SIP URI vo formate “C_cislo@sip.vvn.telekom.sk”

Hlavicka “CONTACT” musi obsahovat SIP URI vo formate “B_cislo@IP_adresa PBX”

Hlavi¢ka “DIVERSION” musi obsahovat’ SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Hlavi¢ka “P-PREFERRED-IDENTITY” musi obsahovat SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”

Z dévodu korektej identifikacie volajuceho v pripade presmerovania na zahrani¢né Cislo odporu¢am, aby A &islo bolo v
hlavicke “P-Preferred-ldentity” posielané v medzinarodnom formate E164.

Cislo portu je nutné uvadzat iba ak je pouzity iny ako 5060. Ak je pouzity port 5060 jeho uvadzanie je nepovinné.

INVITE sip:249119635@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bKjsudjulOeonOrpsp64p1.1

From: <sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=1177363245-1438199095806-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW214455806290715679078785@10.20.60.10

CSeq: 766267648 INVITE

Contact: <sip:0258823254@195.146.137.250:5060;transport=udp>

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER,NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Supported:

Max-Forwards: 69

Content-Type: application/sdp

Content-Length: 293

INVITE sip:0910500374@sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bK029298284e76b2f4c

Max-Forwards: 70

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=cf2a49e5b3

To: <sip:0910500374@sip.vvn.telekom.sk:5060>

Call-ID: 8b427d9b9c1efcc9

CSeq: 920 INVITE

Contact: <sip:249119635@192.168.203.23:5060;transport=udp>

Diversion: <sip:249119635@sip.vvn.telekom.sk:5060>;reason=unconditional;screen=no;privacy=off;counter=1
P-Preferred-identity: <sip:+421258823254@sip.vvn.telekom.sk:5060>

Supported: replaces

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Type: application/sdp

Content-Length: 271
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b) Pri registracii iba pilotného cisla

Volajuci — 0258823254 — A

Volany — 249119635 (IP adresa 192.168.203.23, port 5060) - B
Presmerované v PBX na 0910500374 - C

Pilotné ¢islo -249119630

Prichadzajuci “INVITE”

»Request URI“ obsahuje SIP URI vo formate “pilotne_cislo@IP_adresa_PBX” (s hodnotami podla halvi¢ky
“CONTACT” z Registracie)

Hlaviéka “FROM” obsahuje SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” obsahuje SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Odchadzajuci “INVITE”

»Request URI“ musi obsahovat SIP URI vo formate “C_cislo@sip.vvn.telekom.sk”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “pilotne_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” musi obsahovat SIP URI vo formate “C_cislo@sip.vvn.telekom.sk”

Hlavicka “CONTACT” musi obsahovat SIP URI vo formate “pilotne_cislo@IP_adresa PBX”

Hlavi¢ka “DIVERSION” musi obsahovat’ SIP URI vo formate “B_cislo@sip.vvn.telekom.sk”

Hlavi¢ka “P-PREFERRED-IDENTITY” musi obsahovat SIP URI vo formate “A_cislo@sip.vvn.telekom.sk”

Z dévodu korektej identifikacie volajuceho v pripade presmerovania na zahrani¢né Cislo odporu¢am, aby A Cislo bolo v
hlavicke “P-Preferred-ldentity” posielané v medzinarodnom formate E164.

Cislo portu je nutné uvadzat iba ak je pouzity iny ako 5060. Ak je pouzity port 5060 jeho uvadzanie je nepovinné.

INVITE sip:249119630@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=29hG4bKu8nmrf0060tglqk4g611.1
From:<sip:0258823254@sip.vvn.telekom.sk;user=phone>;tag=543364054-1438204702593-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW231822593290715546179677@10.20.60.10

CSeq: 769071041 INVITE

Contact: <sip:0258823254@195.146.137.250:5060;transport=udp>

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER, NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Supported:

Max-Forwards: 69

Content-Type: application/sdp

Content-Length: 293

INVITE sip:0910500374@sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bKa124df82b8ddab737

Max-Forwards: 70

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=89c1b12534

To: <sip:0910500374@sip.vvn.telekom.sk:5060>

Call-ID: e442ad177ce32054

CSeq: 1422 INVITE

Contact: <sip:249119630@192.168.203.23:5060;transport=udp>

Diversion: <sip:249119635@sip.vvn.telekom.sk:5060>;reason=unconditional;screen=no;privacy=off;counter=1
P-Preferred-identity: <sip:+421258823254@sip.vvn.telekom.sk:5060>

Supported: replaces

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Type: application/sdp

Content-Length: 271
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Priloha 6 — Odchadzajuce volanie z PBX do VTS s potlaéenim ¢isla volajuceho (CLIR)
a) Pri plnej dynamickej a pri statickej registracii

Volajuci — 0249119635 (IP adresa 192.168.203.23, port 5060)
Volany — 0910500374

»Request URI* musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “volajuce_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “CONTACT” musi obsahovat SIP URI vo formate “volajuce_cislo@IP_adresa_PBX”

Hlavi¢ka “P-PREFERRED-IDENTITY” musi obsahovat SIP URI vo formate “volajuce_cislo@sip.vvn.telekom.sk”
Hlaviéka “PRIVACY” musi obsahovat hodnotu “id”

INVITE sip:0910500374@sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bKff6609fa347bf1bd1
Max-Forwards: 70

From: <sip:249119635@sip.vvn.telekom.sk:5060>;tag=7b913e90c3

To: <sip:0910500374@sip.vvn.telekom.sk:5060>

Call-ID: e3f48cb833a97e09

CSeq: 22825 INVITE

Contact: <sip:249119635@192.168.203.23:5060;transport=udp>
P-Preferred-identity: <sip:249119635@sip.vvn.telekom.sk:5060>

Privacy: id

Supported: replaces

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Type: application/sdp

Content-Length: 271

v=0

0=MxSIP 0 59 IN IP4 192.168.203.23
s=SIP Call

c=IN IP4 192.168.203.23

t=00

m=audio 10064 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:18 annexb=no

a=fmtp:101 0-16

a=sendrecv
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b) Pri registracii iba pilotného cisla

Volajuci — 0249119635 (IP adresa 192.168.203.23, port 5060)
Volany — 0910500374
Pilotné &islo -249119630

»Request URI“ musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “FROM” musi obsahovat SIP URI vo formate “pilotne_cislo@sip.vvn.telekom.sk”

Hlaviéka “TO” musi obsahovat SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “CONTACT” musi obsahovat SIP URI vo formate “pilotne_cislo @IP_adresa_PBX”

Hlavi¢ka “P-PREFERRED-IDENTITY” musi obsahovat SIP URI vo formate “volajuce_cislo@sip.vvn.telekom.sk”
Hlaviéka “PRIVACY” musi obsahovat hodnotu “id”

INVITE sip:0910500374@sip.vvn.telekom.sk:5060 SIP/2.0

Via: SIP/2.0/UDP 192.168.203.23:5060;branch=z9hG4bKb042e3d30efbfe87b
Max-Forwards: 70

From: <sip:249119630@sip.vvn.telekom.sk:5060>;tag=593b5b54bf

To: <sip:0910500374@sip.vvn.telekom.sk:5060>

Call-ID: a8cc7c¢1863c78100

CSeq: 7536 INVITE

Contact: <sip:249119630@192.168.203.23:5060;transport=udp>
P-Preferred-ldentity: <sip:249119635@sip.vvn.telekom.sk:5060>

Privacy: id

Supported: replaces

User-Agent: Patton SN4960 4E30V Ul 00AOBA026610 R6.5 2014-07-10 H323 RBS SIP M5T SIP Stack/4.2.8.10
Content-Type: application/sdp

Content-Length: 271

v=0

0=MxSIP 0 63 IN IP4 192.168.203.23
s=SIP Call

c=IN IP4 192.168.203.23

t=00

m=audio 10068 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:18 annexb=no

a=fmtp:101 0-16

a=sendrecv
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Priloha 7 — Prichadzajuce volanie z VTS do PBX s potlacenim €isla volajuceho (CLIR)
a) Pri plnej dynamickej a pri statickej registracii

Volajuci — Anonymous
Volany — 249119635 (IP adresa 192.168.203.23, port 5060)

»Request URI“ obsahuje SIP URI vo formate “volane_cislo@IP_adresa_PBX” (s hodnotami podla halvicky
“CONTACT” z Registracie)

Hlaviécka “FROM” obsahuje SIP URI “anonymous@anonymous.invalid”

Hlaviéka “TO” obsahuje SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “CONTACT” obsahuje SIP URI “Restricted@195.146.137.250”

INVITE sip:249119635@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bKoev30j0038a18qgmd4s0.1

From: "Anonymous"<sip:anonymous@anonymous.invalid;user=phone>;tag=46314389-1438277342623-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW192902623300715-162156763@10.20.60.10

CSeq: 805391056 INVITE

Contact: "Anonymous"<sip:Restricted@195.146.137.250:5060;transport=udp>

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER,NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Supported:

Max-Forwards: 69

Content-Type: application/sdp

Content-Length: 293

v=0

0=BroadWorks 201257108 1 IN IP4 195.146.137.250
s=-

c=IN IP4 195.146.137.250

t=00

m=audio 24698 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000

a=fmtp:18 annexb=no

a=rtpmap:8 PCMA/8000

a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:101 0-15

a=ptime:20

a=sendrecv
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b) Pri registracii iba pilotného cisla

Volajuci — Anonymous
Volany — 249119635 (IP adresa 192.168.203.23, port 5060)
Pilotné C&islo -249119630

»Request URI“ obsahuje SIP URI vo formate “pilotne_cislo@IP_adresa_PBX” (s hodnotami podla halvi¢ky
“CONTACT” z Registracie)

Hlaviécka “FROM” obsahuje SIP URI “anonymous@anonymous.invalid”

Hlaviéka “TO” obsahuje SIP URI vo formate “volane_cislo@sip.vvn.telekom.sk”

Hlaviéka “CONTACT” obsahuje SIP URI “Restricted@195.146.137.250”

INVITE sip:249119630@192.168.203.23:5060;transport=udp SIP/2.0

Via: SIP/2.0/UDP 195.146.137.250:5060;branch=z9hG4bKse2q22100070kq8sh5b1.1

From: "Anonymous"<sip:anonymous@anonymous.invalid;user=phone>;tag=1554756345-1438277126417-
To: "Display name"<sip:249119635@sip.vvn.telekom.sk:5060;user=phone>

Call-ID: BW1925264173007151494525660@10.20.60.10

CSeq: 805282953 INVITE

Contact: "Anonymous"<sip:Restricted@195.146.137.250:5060;transport=udp>

Allow: ACK,BYE,CANCEL,INFO,INVITE,OPTIONS,PRACK,REFER,NOTIFY,UPDATE

Accept: application/dtmf-relay,application/media_control+xml,application/sdp,multipart/mixed
Supported:

Max-Forwards: 69

Content-Type: application/sdp

Content-Length: 293

v=0

o0=BroadWorks 201241282 1 IN IP4 195.146.137.250
s=-

c=IN IP4 195.146.137.250

t=00

m=audio 24686 RTP/AVP 18 8 0 101
a=rtpmap:18 G729/8000

a=fmtp:18 annexb=no

a=rtpmap:8 PCMA/8000

a=rtpmap:0 PCMU/8000
a=rtpmap:101 telephone-event/8000
a=fmtp:101 0-15

a=ptime:20

a=sendrecv
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