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Einleitung 

 

Geo-Redundanz 



SIP Trunk Flexx-Zugangsdaten 

 

 

 

Standard 

 
Firewall-Einstellungen 

 

CLIP no screening 

https://doc.dt-standard.de/de/dokumentation/merkblaetter/anlagen-spezifische-themen/technische-voraussetzungen-fuer-centrexx-3/b-router-/-firewall-einstellungen
https://doc.dt-standard.de/de/dokumentation/merkblaetter/anlagen-spezifische-themen/technische-voraussetzungen-fuer-centrexx-3/b-router-/-firewall-einstellungen


 

 
Rufnummernformate 

Rufnummern-Übertragung (eingehend DTS zum Kunden) 

 
Rufnummern-Übertragung (ausgehend Kunde zu DTS) – CLIP 

 

 

 
 
 

 

▪ 

▪ 
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Rufnummern-Unterdrückung / Einschränkung der Rufnummernanzeige 
 

▪ 
▪ 

 



Service-Konfiguration 
 
Allgemein 

 
Konfigurationsportal 



▪ 

▪ 

▪ 

 

 



 

 
Trunk-Sets 

 
Nummern-Routing 

 

 



PBX-Endpunkt erstellen 
 

▪ 
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▪ 

▪ 

. 

 

PBX-Konfiguration 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 
 

 
Zertifizierte Hersteller 
 



 

Support 

 
  



Zusätzliche Funktionen 

Funktionsüberblick 

 

 

 

 

 

 

 

https://siptrunk.dt-standard.de/


Hochverfügbarkeit 

▪ 

▪ 

▪ 
 

Primär / Backup 

 

▪ 

▪ 

▪ 

 

 
 

 
Round Robin (Lastausgleich) 

▪ 

▪ 

 

 

 

 

 

 

 

 

 



 
 
 

Forking 

 

Verteilte Nebenstelle 

 
 

  
 

 

Parallele Verschaltung der Nebenstellen 



▪ 

▪ 

▪ 

▪ 

▪ 

 

 
 

 

 

  



Konfiguration der Hochverfügbarkeit 

 

 



Anrufweiterleitung mit und ohne Redirect (302) 
 

 

Backup-Service 

 

Standard-Backup (N:1) / Rufnummernbasiert  

 

 

▪ 

▪ 

 
 



 
DDI-Backup (N:N) / vorwahlbasierte Nummer 

▪ 

▪ 

▪ 

 

 
 

Individuelles Backup (N:M) / Individuelle Backup-Nummer 

 

 
 

 

Kein Backup 



Backup-Service-Konfiguration 

 

 
 

Blacklist für eingehende/ausgehende Anrufe 

 

 
 

 



 
 

 
 

 

 
 



 

 
 
eFax-Service 

Mail-to-Fax 
▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

o 



o 

o 

o 

o 

▪ 

▪ 

▪ 

▪ 

Fax-to-Mail 
▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

Sender Policy Framework 

 
E-Fax-Konfiguration 

 

 

▪  

 

 



 
▪ 

 

 

▪ 

 

▪ 

o 

o 

o 

o 

▪ 

▪ 

 
  



Verfahren für den Mail-to-Fax-Versand 

▪ 

▪ 

 

  
 

▪ 

▪ 

▪ 

 
 
Konferenzdienst 

 

▪ 

▪ 

▪ 

▪ 

 
Konferenzdienst-Konfiguration 

 

▪ 

 
 



▪ 

 

▪ 

 
 

▪ 

▪ 

▪ 



 
 

▪ 

▪ 

 
DTMF (laut RFC 2833) 

 
Verwaltung mehrerer Rufnummern 

Notruf 



 
Sperre abgehender Anrufe 

▪ 

▪ 

▪ 

▪ 

 

 

 



 
 

 

 
 



 
 

 



 
 
Fraud Control 

  



  



Authentifizierung statischer Modus 

▪ 

▪ 

 



 
 

 

 
 

User-Agent-Prüfung 



▪ 

▪ 

▪ 

▪ 

 
 

 

 

User-Agent-Prüfung – NULL 

 
▪ 

▪ 

▪ 

 

User-Agent-Prüfung - Ablehnung nicht übereinstimmender User Agents 



 

 
 

 
 

 

 

 

SIP-Passwort-Änderung 



 

 

 
Protocol Features, TLS/ SRTP 

 

 

 
  



Kundenportal 

 

 

 
Mein Vertrag 

 

 



 

 
 

 



 

 

 

 

 

  



Verwaltung 

▪ 

▪ 

▪ 

 

 

  



Aktivierung Microsoft Teams – Direct Routing 

 
 
 

 
Übersicht Provisionierung 

 

 

 

 

 

 

 

 

9.   



Bevor Sie beginnen 
▪ 

▪ 

▪ 

▪ 

 

 

 

 

 

Hinzufügen einer neuen Domäne zu Microsoft Office 365 
▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

Weitergabe des Verifizierungscodes an DTS 

 

 

 
Abschluss des Verifizierungsprozesses 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

https://admin.microsoft.com/Adminportal/Home
https://admin.microsoft.com/Adminportal/Home


▪ 

o 

o 

▪ 

▪ 

▪ 

▪ 

▪ 

Aktivierung der zusätzlichen Domäne auf Microsoft Office 365 
▪ 

▪ 

▪ 

▪ 

o 

o 

o 

o 

o 

o 

▪ 

▪ 

o 

▪ 

▪ 

▪ 

 
Konfiguration für DTS-Standardintegration 

 
Konfiguration eines Microsoft Teams-Tenant  

 

 

https://admin.microsoft.com/Adminportal/Home


7. 

 

). 

 

 
Konfiguration eines DTS PBX-Endpunkt  

 

 

▪ 

▪ 

▪ 

▪ 

 
Genesys Cloud (BYOC-Konfiguration) 

 

 
 
Übersicht Provisioning 

 

 

 

 

https://docs.microsoft.com/en-us/powershell/
https://docs.microsoft.com/en-us/powershell/
https://docs.microsoft.com/microsoftteams/teams-powershell-install
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Konfiguration des Genesys PBX-Endpunkts 

▪ 

▪ 

▪ 

 

 
 

▪ 

▪ 

 

 
▪ 



 
Beispiele 

 

 

 
Register PBX → DTS 

From: <sip:Kwxyz12345@siptrunk.cloud-cfg.com>;tag=a5065835-ff58-45a8-a15b-195c93c60153 To: 

sip:Kwxyz12345@ siptrunk.cloud-cfg.com 

Call-ID: a96da278-493d-4d35-b7d1-

0444d9d9369  

CSeq: 4048  

REGISTER 

Contact: 

sip:Kwxyz12345@101.222.10.33:5060 



Expires: 3600 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, 

UPDATE, PRACK, MESSAGE, REFER 

Max-Forwards: 70 

User-Agent: Asterisk PBX 16.11.1 

Authorization: Digest username="Kwxyz12345", realm=" siptrunk.cloud-cfg.com ", 

nonce="<encrypted data>", uri="sip:siptrunk.cloud-cfg.com:5060", response="<encrypted 

data>"  

Content-Length: 0 

Invite eingehender Anruf 

INVITE DTS → PBX mit CLIP (E.164 Nummernformat) 

INVITE sip: +49322222851601@101.222.10.33:5060 SIP/2.0 

Record-Route: 

sip:102.222.10.33;r2=on;lr;ftag=6+9160e5a6+6bf72685 Record-

Route: sip:103.222.10.33;r2=on;lr;ftag=6+9160e5a6+6bf72685 

Via: SIP/2.0/UDP 

102.222.10.33:5060;branch=z9hG4bK9cd7.f04663d6.0  

Via: SIP/2.0/UDP 

103.222.10.33:5160;rport=5160;received=103.222.10.33;branch=z9hG4bK+466cb2808baa04ed5dd8 

76fd3e62a18c1+sip+6+a64e0a07 

From: "the callers 

name"<sip:+4921096000@td>;tag=6+9160e5a6+6bf72685  

To:  

CSeq:28809 INVITE 

Expires: 180 

Content-Length: 242 

Supported: timer,replaces,norefersub, 100rel 

Contact: sip:5e5745f26e971c407da0cce44de4d533@10.111.222.44:5160;transport=udp 

Content-Type: application/sdp 

Call-ID: 252df563e4606ec155758467025751e7 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, 

UPDATE, PRACK, MESSAGE, REFER, INFO 

Session-Expires: 1800 

Min-SE: 90 

Max-Forwards: 65 

Accept: application/sdp, 

application/dtmf-relay v=0 

o=- 118897834547758 118897834547758 IN IP4 10.111.222.44 

s=- 

c=IN IP4 10.111.222.44 

t=0 0 

m=audio 32950 RTP/AVP 8 

101 a=sendrecv 

a=rtpmap: 8 PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=maxptime: 150 

a=ptime: 20 

 



INVITE DTS → PBX with CLIP (nationales Nummernformat) 

INVITE sip: 0322222851601@101.222.10.33:5060 SIP/2.0 

Record-Route: 

sip:102.222.10.33;r2=on;lr;ftag=6+9160e5a6+6bf72685 Record-

Route: sip:103.222.10.33;r2=on;lr;ftag=6+9160e5a6+6bf72685 

Via: SIP/2.0/UDP 

102.222.10.33:5060;branch=z9hG4bK9cd7.f04663d6.0 Via: 

SIP/2.0/UDP 

103.222.10.33:5160;rport=5160;received=103.222.10.33;branch=z9hG4bK+466cb2808baa04ed5dd8 

76fd3e62a18c1+sip+6+a64e0a07 

From: "the callers name" 

<sip:021096000@td>;tag=6+9160e5a6+6bf72685  

To:  

CSeq:28809 INVITE 

Expires: 180 

Content-Length: 242 

Supported: timer,replaces,norefersub, 100rel 

Contact: sip:5e5745f26e971c407da0cce44de4d533@10.111.222.44:5160;transport=udp 

Content-Type: application/sdp 

Call-ID: 252df563e4606ec155758467025751e7 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, 

UPDATE, PRACK, MESSAGE, REFER, INFO 

Session-Expires: 1800 

Min-SE: 90 

Max-Forwards: 65 

Accept: application/sdp, 

application/dtmf-relay v=0 

o=- 118897834547758 118897834547758 IN IP4 10.111.222.44 

s=- 

c=IN IP4 10.111.222.44 

t=0 0 

m=audio 32950 RTP/AVP 8 

101 a=sendrecv 

a=rtpmap: 8 PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=maxptime: 150 

a=ptime: 20 

 



INVITE DTS → PBX mit CLIR 

INVITE sip: 0322222851601@101.222.10.33:5060 SIP/2.0 

Record-Route: 

sip:102.222.10.33;r2=on;lr;ftag=1+d5ba10ee+d7a3c469 Record-

Route: sip:103.222.10.33;r2=on;lr;ftag=1+d5ba10ee+d7a3c469 

Via: SIP/2.0/UDP 

102.222.10.33:5060;branch=z9hG4bK10eb.4c661622.0 Via: 

SIP/2.0/UDP 

103.222.10.33:5160;rport=5160;received=103.222.10.33;branch=z9hG4bK+3d89a857a2daab8a40af0 

224bf0b3aec1+sip+1+a64e0a88 

From: 

<sip:anonymous@td>;tag=1+d5ba10ee+d7a3c469 To: 

 

CSeq: 22377 INVITE 

Expires: 180 

Content-Length: 238 

Supported: timer,replaces,norefersub, 100rel 

Contact: sip:5e5745f26e971c407da0cce44de4d533@10.111.222.44:5160;transport=udp 

Content-Type: application/sdp 

Call-ID: ca1eabe3b78eaf01622d30882e637987 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, 

UPDATE, PRACK, MESSAGE, REFER, INFO 

Session-Expires: 1800 

Min-SE: 90 

Max-Forwards: 65 

Accept: application/sdp, 

application/dtmf-relay v=0 

o=- 9298861535403 9298861535403 IN IP4 10.111.222.44 

s=- 

c=IN IP4 10.111.222.44 

t=0 0 

m=audio 33394 RTP/AVP 8 

101 a=sendrecv 

a=rtpmap: 8 PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=maxptime: 150 

a=ptime: 20 

 



Invite ausgehender Anruf 

INVITE PBX → DTSmit CLIP (E.164 Nummernformat) 

INVITE SIP/2.0 

Via: SIP/2.0/UDP 102.222.10.33:5060;rport;branch=z9hG4bKPj6aee2878-23e7-4197-

a12f- 767694ed85ec 

From: < >;tag=a08fb153-44ee-4c57-aac9-

130114691a0d  

To:  

Contact: sip:asterisk@102.222.10.33:5060 

Call-ID: 486c2aeb-8e33-4de5-bc9f-

6f87a17da320 CSeq: 10775 INVITE 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, 

UPDATE, PRACK, MESSAGE, REFER 

Supported: 100rel, timer, replaces, 

norefersub Session-Expires: 1800 

Min-SE: 90 

P-Asserted-Identity: 

sip:+49322222851601@dts.com;user=phone Max-Forwards: 70 

User-Agent: Asterisk PBX 16.11.1 

 Authorization: Digest username="<user-name>", realm="dts.com", nonce="<encrypted 

data>", uri="sip:021096001@101.222.10.33", response="<encrypted data>" 

Content-Type: 

application/sdp 

Content-Length: 243 

v=0 

o=- 2081109992 2081109992 IN IP4 102.222.10.33 

s=Asterisk 

c=IN IP4 102.222.10.33 

t=0 0 

m=audio 19054 RTP/AVP 8 101 

a=rtpmap: 8 PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=ptime: 20 

a=maxptime: 

150 

a=sendrecv 
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INVITE PBX → DTS mit CLIP (nationales Nummernformat) 

INVITE sip: SIP/2.0 

Via: SIP/2.0/UDP 102.222.10.33:5060;rport;branch=z9hG4bKPj7ab88620-3f47-4e05-

a273- 6fabe3f53ed8 

From: < >;tag=a2f713d5-3174-41d1-9b46-81d90084036d 

To: 0 > 

Contact: <sip:asterisk@102.222.10.33:5060> 

Call-ID: 3534c70b-1f20-47e0-81bb-

b3f2072bbd00 CSeq: 5965 INVITE 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, 

UPDATE, PRACK, MESSAGE, REFER 

Supported: 100rel, timer, replaces, 

norefersub Session-Expires: 1800 

Min-SE: 90 

P-Asserted-Identity: 

<sip:0322222851601@dts.com;user=phone> Max-Forwards: 70 

User-Agent: Asterisk PBX 16.11.1 

Authorization: Digest username="<user-name>", realm="dts.com", nonce="<encrypted 

data>", u :021 ", response="<encrypted data>" 

Content-Type: 

application/sdp 

Content-Length: 242 

v=0 

o=- 1423454714 1423454714 IN IP4 102.222.10.33 

s=Asterisk 

c=IN IP4 102.222.10.33 

t=0 0 

m=audio 9706 RTP/AVP 8 

101 a=rtpmap:8 

PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=ptime: 20 

a=maxptime: 

150 

a=sendrecv 

mailto:021096001@101.222.10.33
mailto:0322222851601@nfon.com
mailto:021096001@101.222.10.33
mailto:021096001@101.222.10.33
mailto:021096001@101.222.10.33
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INVITE PBX → DTS mit CLIR 

INVITE sip: SIP/2.0 

Via: SIP/2.0/UDP 102.222.10.33:5060;rport;branch=z9hG4bKPjb95874f3-227c-4382-9852- 

06fb17bb0fdf 

From: "anonymous" n >;tag=3710ecde-8b95-4646-a4e2- 

e8ecf1edf3ed 

To:  

Contact: sip:asterisk@102.222.10.33:5060 

Call-ID: 0ef52492-f85d-4288-8fb6-84dc9364d7e6 

CSeq: 20155 INVITE 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, UPDATE, 

PRACK, MESSAGE, REFER 

Supported: 100rel, timer, replaces, 

norefersub Session-Expires: 1800 

Min-SE: 90 

P-Asserted-Identity: sip:0322222851601@dts.com;user=phone 

Max-Forwards: 70 

User-Agent: Asterisk PBX 16.11.1 

Authorization: Digest username="<user-name>", realm="anonymous.invalid", nonce="<encrypted 

data>", uri= : ", response="<encrypted data>" 

Content-Type: application/sdp 

Content-Length: 241 

v=0 

o=- 311382222 311382222 IN IP4 102.222.10.33 

s=Asterisk 

c=IN IP4 102.222.10.33 

t=0 0 

m=audio 14776 RTP/AVP 8 101 

a=rtpmap: 8 PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=ptime: 20 

a=maxptime: 150 

a=sendrecv 

mailto:021096001@101.222.10.33
mailto:anonymous@anonymous.invalid
mailto:anonymous@anonymous.invalid
mailto:021096001@101.222.10.33
mailto:021096001@101.222.10.33
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Notruf 
INVITE PBX → DTS Notrufnummer 
 

OUTBOUND-INVITE, Emergency 

INVITE sip: SIP/2.0 

Via: SIP/2.0/UDP 102.222.10.33:5060;rport;branch=z9hG4bKPjcbf9b900-4e88-4319-8052- 

2f6181f7b321 

From: "+493222228516" : >;tag=2f8e248e-ecef-4722-ab79- 

950b9b9cdfa8 

To:  

Contact: sip:asterisk@102.222.10.33:5060 

Call-ID: e9e09267-3545-4fbf-b5b7-89d59e1b43c3 

CSeq: 30547 INVITE 

Allow: OPTIONS, REGISTER, SUBSCRIBE, NOTIFY, PUBLISH, INVITE, ACK, BYE, CANCEL, UPDATE, 

PRACK, MESSAGE, REFER 

Supported: 100rel, timer, replaces, 

norefersub Session-Expires: 1800 

Min-SE: 90 

P-Asserted-Identity: sip:+49322222851601@dts.com;user=phone 

Max-Forwards: 70 

User-Agent: Asterisk PBX 16.11.1 

Authorization: Digest username="<user-name>", realm="dts.com", nonce="<encrypted data>", 

u :021 ", response="<encrypted data>" 

Content-Type: application/sdp 

Content-Length: 242 

v=0 

o=- 2033286139 2033286139 IN IP4 102.222.10.33 

s=Asterisk 

c=IN IP4 102.222.10.33 

t=0 0 

m=audio 8314 RTP/AVP 8 101 

a=rtpmap: 8 PCMA/8000 

a=rtpmap: 101 telephone-event/8000 

a=fmtp: 101 0-16 

a=ptime: 20 

a=maxptime: 150 

a=sendrecv 

mailto:112@101.222.10.33
mailto:%2B4932222285160@nfon.com
mailto:%2B4932222285160@nfon.com
mailto:112@101.222.10.33
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mailto:021096001@101.222.10.33


Anrufweiterleitung mit redirect (302) 
 
302 MOVED TEMPORARILY PBX → DTS 

SIP/2.0 302 Moved Temporarily 

Via: SIP/2.0/UDP 

101.222.10.33:5060;rport=5060;received=101.222.10.33;branch=z9hG4bK10dd.6048211.0 Via: 

SIP/2.0/UDP 102.222.10.33:5160;rport=5160; 

received=102.222.10.33;branch=z9hG4bK+f0a158dafe92819ce2074a53190a12581+sip+6+a64e0b07 Record-

Route: sip:101.222.10.33:5060;lr;r2=on;ftag=6+5d6972fc+144a91b2 

Record-Route: sip:103.222.10.33;lr;r2=on;ftag=6+5d6972fc+144a91b2 

Call-ID: 1940fe68e00e2de7021a4ae7451fe93c 

From: "test-carrier" <sip:+4921096000@td>;tag=6+5d6972fc+144a91b2 

To: 9 >;tag=156d6b6f-3b25-42e8-b893-47ffe2304164 CSeq: 

6350 INVITE 

Server: Asterisk PBX 16.11.1 

Contact:  

Reason: Q.850;cause=0 

Content-Length: 0 

DTMF 
DTMF via FRC 2833 

mailto:%2B49322222851601@nfon.net
mailto:%2B49322222851601@nfon.net
mailto:%2B4921096001@101.222.10.33




 
Terminologie 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 

▪ 
▪ 

▪ 

▪ 

▪ 

▪ 

Abkürzungen 
 

 



mailto:info@dt-standard.de
http://www.dt-standard.de/

