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Inleiding

Dit document beschrijft hoe de Session Initiation Protocol (SIP) Profile Test Tool moet worden gebruikt die
beschikbaar is voor gebruik op Cisco.com.

V oor waar den

Veresten

Deinformatie in dit document is gebaseerd op | SR-platforms waarop Cisco |IOS® en Cisco IOS® XE-
software worden uitgevoerd.

Gebruikte componenten

Cisco raadt kennis van de volgende onderwerpen aan:

+ Navigatie via Cisco |OS®
* Indeling en transacties van SIP-berichten

Deinformatie in dit document is gebaseerd op de apparaten in een specifieke laboratoriumomgeving. Alle
apparaten die in dit document worden beschreven, hadden een opgeschoonde (standaard)configuratie. Als
uw netwerk liveis, moet u zorgen dat u de potentiéle impact van elke opdracht begrijpt.


https://cway.cisco.com/tools/SipProfileTest/

Achtergrondinformatie

SIP-profielen worden gebruikt om headerinformatie in de SIP-berichten te manipuleren. Ze kunnen ook
worden gebruikt om wijzigingen aan te brengen in het Session Description Protocol (SDP), dat wordt
gebruikt om te onderhandelen over media.

Nor malisatiescenariod€™s voor gemeenschappelijke SIP-berichten

Deze sectie verschaft verschillende SIP-berichtnormalisatiescenario's die vaak zijn waargenomen. Elk
scenario bevat de configuratie die op Cisco |OS voor u is vereist en een screenshot van de SIP Profile Test
Tool diein de Inleiding wordt vermeld.

Deze scenario's kunnen worden gebruikt al's referenties voor andere manipulatie die vereist is op de SIP-
berichten.

Waarde van omleidingsheader naar de niet-omleidingsheader kopiéren

voice class sip-profiles 1

request INVITE sip-header Diversion copy "<sip:(.*)@.*" u@l

request INVITE sip-header From copy ".*<sip:(.*)@.*" u@2

request INVITE sip-header From modify "(.*)<sip:.*@(.*)" "\l<sip:\u@l@\2"

request INVITE sip-header From modify "<sip:@" "<sip:\u@2@"

SIP-Profile:

waloe class sip-profiles 1

request INVITE sip-header Diversion copy "<sip:{ =)@.*" ull

request INVITE sip-header From copy ".*<sip:(.*)@.*" ul2

request INVITE sip-header From modify *( =) <sip:. @0 1" "1 <sip w0 1@h2”

Input Message Output Message

INVITE sip: 18774116706@172.30.238.49:5071 SIF/2.0

Wia: SIRf2.0/UDP 17.0.44.11:5060; b “h=79hG4bKGT40831050
Via: SIP/2.0/UDP 17.0.44.11:5060; branch=z9hGAbK6740831D58 [ Pl u'f._;hliité-zbi AB17.0.44.11 > tag < DEC1 2584 3F3 !
From: <sipiR152456266@17.0.44, 11> tag=DEC125B4-3F9 To: <'5ipfm?“uﬁmé@1?1 3{,'?233'49,___ -

To! <sip:18774116706@172.30.238.40> Date: Tue, 02 Sep 2014 17:33:26 GMT

Date: Tue, 02 Sep 2014 17:33:26 GMT Call-1D: 14BF665C-I1FEL 1E4-

Call-1D: 14BF665C-31FEL1E4- FFFFFFFFS168E118-52ABD3C1@17.0.44.11
FFFFFFFFB1GEEL IB'_EZ'D'DD}CI@”-QAFJL Supported: 100rel timer, resource-priorlty replaces, sdp-anat
Supported: 100rel timer, resource- priority, replaces, sdp-anat Min-SE: 1800
Min-5E: 1800 F— ; ;

D : <sip:BBER2GIA@LT.0.44.11>; =off;
Diversion: <cip:B8882614@17,0.44.113  privacy =off; Diversion: <sip: 898826148170 AR e
reason=unconditional, screen=no - . . ’
Content-Length: () Content-Length:

INVITE sip:18774116706@172.30.238.49: 5071 5IF/2.0

Kopieer het nummer van naar kop in een inkomende uitnodiging voor de REQ-URI -
parameter (voorafgaand aan Cisco |OSversie 15.4)

Kopieert het nummer in de kop Aan in een inkomend uitnodigingsbericht en wijzig de uitgaande INVITE:



voice class sip-copylist 1
sip-header TO

voice class sip-profiles 2
request INVITE peer-header sip TO copy "sip:(.*)@" u@l
request INVITE sip-header SIP-Req-URI modify ".*@(.*)" "INVITE sip:\u@l@\1"

SIP-Profile:

woice class sip-copylist 1
sip-header TO

wiolce class sip-profiles 2
request INVITE peer-header sip TO copy "sip: (C*)@" uld
request INVITE sip-header SIP-Reqg-URI modify *.*@(_*)" "INVITE sip:\u01@41"

[Input Message [output Message
. | [MVITE sip: 187741167061 72.30.238.49:5071 SIP/2.0

INVITE sip:+18774116700@172.30.238.49: 5071 SIF/2.0 \ia: SIF2.0/UDP 17.0.44,11: 5060;branch=79hGAbKE 740831 D58
Wia: SIP/2.0/UDP 17.0.44.11:5060; branch=%hG4bKGT74083 1058 From: <sip:8152456266@17.0.44,11 > tag=DEC12564- 379
From: <sip:8152456266M17.0.44.11 tag=DEC12564-3F9 To: <sip-18774116706@172.30.238 40>
To: <sip:18774116706@172.30.238 405 Date: Tue, 02 Sep 2014 17- 1396 GMT
Date: Tue, 02 Sep 2014 17:33:26 GMT Eall-]ED: l:IBFEESCﬂlFElll.Ed- '
E:#IF[F’;F‘;‘%EES%;%T;;EEE' 7 0.44 FFFFFFFFE1GBEL18-52AB03C1@17.0.44.11

1 11 . 1@1 T 11 Supparted: 100rel timer resource-priarity, replaces sdp-anat
Supported: 100ral, timer, resource-pricrity, replaces, sdp-anat Min-SE: 1800
Min-5E: 1800 ) - . .

Diversion: <sip:B8882614@17.0.44.11>; acy =aflf;
Diversion: <sip:B8882614@17.0.44.11> |privacy=off; Diversion: <sip e 20140170 sprivacy
reason=unconditional screen=no !
. Content-Length: 0

Content-Length: O 0

Kopieer Nummer van naar Kop in een inkomende uitnodiging voor de REQ-URI
parameter (met inkomende Sl P-profielen)

voice class sip-profiles 1
request INVITE sip-header TO copy "sip:(.*)@" u@l
request INVITE sip-header SIP-Req-URI modify ".*@(.*)" "INVITE sip:\u@l@\1"

voice service voip
sip

sip-profiles inbound
sip-profiles 1 inbound



SIP-Profile:

voice class sip-profiles 1
reguest INVITE sip-header TO copy "sip:(.*)@" ud1l

request TNVTTE sip-header STP-Req-URT modify ™. *@(.*)" "TNVITE sip:\ud1@\1"

voice service voip

sip

sip-profiles inbound
sip-profiles 1 inbound

Input Message

Qutput Message

INVITE slp:+18774116700@172.30.238,49:507 1 SIRF2.0
Wia: SIP/2.0/UDP 17.0.44.11:5060; branch=29hG4bKE740831 D58
From: <sip:81524562606@17.0.44.11 > tag=0EC12584-3F9
To: <s5ip: 187741 16706@172,30.238.49>

Date: Tue, 02 Sep 2014 17:33:26 GMT

Call-10: 14BFe65C-31FEL11ES-
FFFFFFFFE1GGEL18-52ARD3C1@17.0.44.11

Supported: 100ral, imer resource- priority, replaces, sdp-anal
Min-SE: 1800

Diversion: <sip:38882614@17.0.44_ 11> ;privacy=off;
reason = uncenditional screen-no

Content-Length: O

IMVITE slp: 187741 16706@172,30.238.49:507 1 SIPf2.0
Via: SIR/2.0/UDP 17.0.44.11:5060; branch=z%hG4bK6740831058
From: <sip:8152456266@17.0.44.11> tag=0DEC12584-3F9
To: <slp: 18774116706@172.30.238.49>

Date: Tue, 02 Sep 2014 17:33:26 GMT

Call-10: 14BFo65C-31FELL1ES-

FFFFFFFFR1GEE] 18-52ABD3C1@17.0.44.11

Supported: 100rel timer, resourca-pricrity replaces, sdp-anat
Min-SE: 1800

Diversion: <sip:88882614@17.0.44.11 > ; privacy=off;
reason-unconditicnal, screen=no

Content-Length: 0

Problemen met unidirectionele/no-way audio-inter oper abiliteit met providers

voice class sip-profiles 200

request ANY sdp-header Audio-Attribute modify "a=inactive" "a=sendrecv"

request ANY sdp-header Audio-Connection-Info modify "©.0.0.0" "CUBEa&€™s

SIP-Proflle:;

Ip"

voice dass sip-profiles 200

request ANY sdp-header Audio-Attribute modify "a=inactive" "a=sendrecy”
request ANY sdp-header Audio-Connection-Infe modify "0.0.0.0" "10.10.10.1%

Input Message

Output Message

INVTTE sip:18774116706@172.30.238.49: 5071 SIR/2.0
Content-Disposition: session; handling=requirad
Content-Length: 261

w=0
o=ClscoSystemsSIP-GW-Useragent 1796 4793 IN 14 17.0.44.11
5=SIP Call

c=IN P4 17.0.44.11

=00

m=audio 0 RTP/AVP O 101 19

C=IN 1P 0,0.0.0

a=rbpmap:0 PCMLU/&000

a=inactive

a=rtpmap: 101 telephone-evant/S000
a=fmbp: 101 0-16

a=rtprmap:19 CN/8000

a=ptime:20

Onder steuning van UPDATE-methode ver wijderen om inter oper abiliteitsproblemen te

voor komen

voice class sip-profiles 200

TMVITE sip:18774116706@172.30.238.49:5071 SIP/2.0
Content-Disposition: session;handling=reguirad
Content-Length: 273

w=[
o=CiscoSystemsSIP-GW-Useragent 1796 4793 IN 1P4 17.0.44.11
s=5IP Call

c=IM 1P4 17.0.44,11

t=00

m=audlo 0 RTEJAVE O 101 19

c=IN IP4 10.10.10.1

a=rtpmap: 0 PCHMUSB000

a=sendrecy

a=rtpmap: 101 telephone-event,/ 8000
a=fmitp:101 0-16

a=rtpmap: 19 CN/8000

a=ptime: 20




request ANY sip-header Allow-Header modify ", UPDATE" ""
SIP-Profile:

voice class sip-profiles 200

request ANY sip-header Allow-Header modify ", UPDA "

Input Message Output Message

IMVITE sip:18774116706@172.30.238.49:5071 SIR/2.0

Wia: SIP/2,00UDP 17.0.44,11:5060; branch=z%hiz4bK6 740831056
From: <sip:8152456266@17.0.44.11>;tag-DEC125B4-3F9

To: =sip: 187741167066 172,30.238.40-

Date: Tue, 02 Sep 2014 17:33:26 GMT

Call-10: 14BFG65C-31FEL1ES-

FFFFFFFFB1GBE]1 18-532ABD3C1I@17.0.44.11

allow: TNVITE, OFTIONS, BYE, CANCEL, ACK, PRACK, UPDATE,
REFER, SUBSCRIBE, NOTIFY, INFO, REGISTER

Content-Length: 0

| P-adr es voor domeinnaamconversie

voice class sip-profiles 1

INVITE sip: 18774116706@172.30.238.49:5071 S5IP2.0

Wia: SIF2.0/UDF 17.0.44.11:5060;branch=29h4bKe7 40831056

From: <sip:8152456266@17.0.44.11> ;kag=DEC125B4-3F9
To: <sip187/7/4116700@ 172, 30,238 .49

Date: Tue, 02 Sep 2014 17:33:26 GMT

Call-1D; 14BFe65C-31FELLIES-
FFFFFFFF816BE118-52ABD3C1@17.0.44.11

Allow: INVITE, OPTIONS, BYE, CANCEL, ACK, PRACK, REFER,
SUBSCRIBE, MOTIFY, INFO, REGISTER

Content-Length: O

request ANY sip-header SIP-Req-URI modify "10.67.138.241:5060" "sipp.cisco.com"

SIP-Profile;

voice class sip-profiles 1

request ANY sip-header SIP-Req-URT modify "10.67,138.241:5060" "slpp.csco.com”

Input Message

|-Dutput Message

INVITE sip:9819940331@10.67.138.241: 5060 SIF/2.0

Wia: SIP/2.0/UDP 17.0.44.11:5060; branch=z0hGAbKG7 40831058
From: <sip:81524562666217.0.44.11>;tag=0DEC125084-3F9

To: <sip: 1BF74116706@172.30.238. 49>

Date: Tue, 02 Sep 2014 17:33:26 GMT

Call-ID: 14BF&65C-31FE11ES-
FFFFFFFFE168E118-52ABD3C1M@17.0.44.11

Allow: INVITE, OPTIONS, BYE, CANCEL, ACK, PRACK, UPDATE,
REFER, SUBSCRIBE, MOTIFY, INFQ, REGISTER

Content-Length: 0

INVITE sip:9819940331 @sipp.cisco.com SIPF2.0

Wia: SIP/2.0/UDP 17.0.44,11:3060; branch=r%hG4bKG74083 1056
From: <sip:8152456260017.0,44. 11> tag=DEC1 2564-3F9

To: <sip: 18774116706/ 172.30.238.49>

Diate: Tue, 02 Sep 2014 17:33:26 GMT

(Call-10: 14BFG65C-31FEL1ES-
FFFFFFFF2168E118-52ABD3C1@17.0.44.11

Wallow: INVITE, OFTIONS, BYE, CANCEL, ACK, PRACK, UPDATE,
REFER, SUBSCRIDE, MOTIFY, INFO, REGISTER

IContent-Langth: O

Voeg een prefix toein de omleidingsheader

voice class sip-profiles 1
request ANY sip-header Diversion modify "sip:(.*)@" "sip:704264\1@"



SIP-Profile:

wolce class sip-profiles 1

reguest ANY cip-header Diversion modify "sip: (*)@" "sip: 704264\1@"

Input Message

INVITE sip: 98199403311 0.67.138.241: 5060 S1P/2.0

ia: STR/2.0/UDP 17.0.44.11:5060; branch=z2hG4bKG74083 1050
From: <Sip:B1524562660@17.0.44.11 = tag=DEC12584-3F9
To: <sipr187741167006@172.30,238.49>

Date: Tue, 02 Sap 2014 17:33:26 GMT

Call-I0: 14BFG65C-31FELLES-
FFFFFFFFE168E118-52ABD3C1@17.0.44.11

Wllow: INVITE, OFTIONS, BYE, CANCEL, ACK, PRACK, UPDATE,
REFER, SUBSCRIBE, MOTIFY, INFD, REGISTER

Diversion: <sip: 261481 7.0.44.11 > ;privacy=off;
reason=unconditional screen=no

Content-Langth: 0

|Output Message

IMVITE sip:9819940331@10.67.138.241: 5060 S1R/2.0

Via: SIR/2.0/UDP 17.0.44.11:5060; branch=z9hG4bK 6740831058
From: <sip:B152456266@17.0.44.11>;tag < DEC125B4-3F9
Ta: <5ip:18774116700@172.30.238.49>

Date: Tue, 02 Sap 2014 17:33:26 GMT

Call-10: 14BF65C-31FEL1ES-
FFFFFFFFE16BE118-52ABD3C1@17.0.44.11

Allow: INVITE, QPFTIONS, BYE, CANCEL, ACK, PRACK, UPDATE,
REFER, SUBSCRIBE, NOTIFY, INFD, REGISTER

Diversion: <sip: A042632614@17.0.49.11 };Dli'-'aC','—Dﬁ;
reason=unconditional, screen=na

Content-Length: 0

DID-nummer instellen in omleidingsheader

voice class sip-profiles 1

request INVITE sip-header Diversion modify "sip:(.*)@" "sip:7042642614@"

SIP-Profile:

voice class sip-profiles 1

request INVITE sip-header Diversion modify "sipo . *pa" "sip: 704264261 40"

Input Message

Output Message

INVITE sip:187741 16706/ 172.30.238.49: 5060 SIP/2.0
Via: SIF2.00UDP 17.0.44.1 1:53060;branch=29hG4bK D23 DB
From: <sip:81 5245626601 7.0.44.1 1 =tag=28B470-1CCO0
To: <sip: 187741 1670661 72,30,238,409=

Date: Thu, 10 Sep 2020 06:02:45 GMT

Call-IDy; 1462FCCH-F2621 1EA-B1 JAERT1-
209ECRED@: 17.0.44.11

Supported; timer, resource-priority, replaces, sdp-anat
Min-SE: 1800

Diversion: <sip:B88R2614017.0.44.11=;privacv=olT;
reason-unconditional screen=no

Content-Length: 0

INWITE sip: 187741 16706 172.30.238.49:5060 SIP/2.0
Via: SIF2.0UDP 17.0.44.1 1:5060;branch=29hG4bK D23 DB
From: <sip:8 152456266001 7.0.44.1 1> tag=28B470-1CCO
To: <sip:18774 1167060 172,300,238 49>

Date: Thu, 10 Sep 2020 06:02:45 GMT

Call-ID; 1462FCCH-F2621 1EA-B1 3AERT -
299ECEEDE7.0.44.11

Supported; timer,resource-priority, replaces,sdp-anat

Min-SE: 1800

Diversion: <sip: 704264261401 7.0.44.1 1= privacy=olT;ré¢ason-
unconditional,screen=no

Content-Length: 0

a€f

Afleidingsheader verwijderen

voice class sip-profiles 1
request INVITE sip-header Diversion remove




SIP-Profile:

volce class sip-profiles |
request INVITE sip-header Diversion remove

Input Message Output Message

INVITE sip:1 87741 1670661 72.30.238.49:5060 S1P/2.0 INVITE sip: 187741 16706601 72.30.238.49: 5060 S1P/2.0
Via: SIP2.0UDP 17.0.44.1 1:5060;branch=29h(G4bK D23 DB Via: SIF2.0UDP 17.0.44.1 1:5060;branch=z9hG4bK D23 DB
From: <sip:8152456266017.0.44.1 1 >tag=28B470-1CC0 From; <sip:8152450266(@17.0.44.11 =tag=28B470-1CC0
To: <sip: 187741167066 172.30,238 49> To: <sip: 187741 167066 172.30.238 49>

Date: Thu, 10 Sep 2020 06:02:45 GMT Date: Thu, 10 Sep 2020 06:02:45 GMT

Call-1D: 1462FCC6-F2621 1 EA-B13AERT]- Call-ID: 1462FCCH-F262]1 IEA-B13AERT -
290ECRED@ 1 7.0.44.11 2OECRED@7.0.44.11

Supported: timer,resource-priority replaces sdp-anat Supported: timer,resource-priority,replaces,sdp-anat
Min-SE: 1800 Min-SE: 1800

Diiversion: <sip:88882614@17.0.44.11>;privacy=oll; Content-Length: 0

reason-unconditional serecn=no

Content-Length: O

Kopieer locatienummer voor nummer herkenning in lokale gateway (W ebex-
belimplementatiesin de Verenigde Staten, Canada en Puerto Rico)

User Calling > Caller ID

Caller ID

Choose which information will be displayved when this User makes an
outgoing call.

Caller ID Phone Number

Direct Line: 9194381001, Ext 1001

© Location Number: +19194380841

Assigned number from user's location

Caller ID First Name
User01 I >

Caller ID Last Name
User01 h @

voice service voip
sip
sip-profile inbound



voice class sip-profiles 201
rule 1 request INVITE sip-header From copy "<sip:(.*)@" u@l

rule 2 request INVITE sip-header P-Asserted-Identity modify "<sip:.*@(.*)>" "<sip:\u@l@\1>"

voice class tenant 200
sip-profiles 201 inbound

SIP-Profile:

voice class sip-profiles 201
rule | request INVITE sip-header From copy "<sip.*)@" u01
rule 2 request INVITE sip-header P-Asserted-Identity modify "<sip:. *@(.*)=" "<sip:\ud l@\1="

Input Message

Output Message

INVITE sip:+19199614 19060 1.1.1.1:506 1 ;transport=tls,dig=rtplgw9687 _lgu SIF/2.0
Yia:SIP/2.0/TLS 139.177.65.12:8934;branch=z0hG4bKBroadworksSSE.-1.1.1.1V57722-0-100-
073405068-1626801459363-

From:"User(] UserQ1"<gip:+ 1919438084 1(:139.177.65.12;user=phone=>;tag=%73405068-
1626801459363-

To:<sip:+19199614 190G 20444895 cisco-beld.com;user=phone=
Call-ID:SSE1717393632007211706552365@139.177.65.12

CSeq: 100 INVITE

Contact:=sip:139.177.65.12:8934; transport=tls=

P-Asserted-Identity:" Userll] UserD1"<gip;+1919438100160:10,21.0.214;user=phone>

INVITE sip:+19199614 1 90 pstn.com: 5
Via: SIP/2.0/UDP 1.1.1.1:5060;branch=z'
From: "User0] User(1" <gip.+19] 94380}
To: <5ip:£ 19199614190 pstn.com™
Date: Tue, 20 Jul 2021 17:59:26 GMT
Call-ID: ESOFFBT-EEBB! |EB-B57BDGI
Contact: <gip:+ fi ;
Allow-Events: telephone-event
Max-Forwards: 68

P-Asserted-lIdentity: " UserQ] Userll]1" -

Mogelijke problemen

Hier zijn enkele mogelijke problemen die u kunt tegenkomen.

» NaCisco I0S versie 15.4 wordt de functie SIP-profiel geintroduceerd om ook inkomende SIP-

berichten aan te passen.

» Cisco IOS-versies 15.3 en hoger ondersteunen alleen SIP-profielen in de uitgaande richting.

Gerelateerdeinformatie

Diepte-uitleg van Cisco |OS en |OS-XE gespreksrouting

Inzicht in het matchen van inkomende en uitgaande dial-peers op |OS-platforms



https://www.cisco.com/c/nl_nl/support/docs/voice/ip-telephony-voice-over-ip-voip/211306-In-Depth-Explanation-of-Cisco-IOS-and-IO.html
https://www.cisco.com/c/nl_nl/support/docs/voice/call-routing-dial-plans/14074-in-dial-peer-match.html

Over deze vertaling

Cisco heeft dit document vertaald via een combinatie van machine- en menselijke
technologie om onze gebruikers wereldwijd ondersteuningscontent te bieden in hun eigen
taal. Houd er rekening mee dat zelfs de beste machinevertaling niet net zo nauwkeurig is als
die van een professionele vertaler. Cisco Systems, Inc. is niet aansprakelijk voor de
nauwkeurigheid van deze vertalingen en raadt aan altijd het oorspronkelijke Engelstalige
document (link) te raadplegen.



