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Introducao

Este documento descreve como usar a ferramenta de teste de perfil do Session Initiation Protocol
(SIP) disponivel para uso em Cisco.com.

Pré-requisitos
Requisitos

As informacdes neste documento sao baseadas nas plataformas ISR que executam o software
Cisco IOS® e Cisco IOS® XE.

Componentes Utilizados

A Cisco recomenda que vocé tenha conhecimento destes tépicos:


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

« Navegacao pelo Cisco I0S®
+ Formato e transagcbes de mensagens SIP

As informacoes neste documento foram criadas a partir de dispositivos em um ambiente de
laboratdrio especifico. Todos os dispositivos utilizados neste documento foram iniciados com uma
configuragéo (padrao) inicial. Se a rede estiver ativa, certifique-se de que vocé entenda o impacto
potencial de qualquer comando.

Informacgdes de Apoio

Os perfis SIP sao usados para manipular informacgdes de cabecalho nas mensagens SIP. Eles
também podem ser usados para fazer alteragées no Session Description Protocol (SDP), que é
usado para negociar midia.

Cenarios comuns de normalizagao de mensagens SIP

Esta sec¢éo fornece varios cenarios de normalizagédo de mensagens SIP que foram vistos com
frequéncia. Cada cenario inclui a configuragdo necessaria no Cisco 10S para sua referéncia e
uma captura de tela da ferramenta de teste de perfil SIP que € mencionada na Introducéo.

Esses cenarios podem ser usados como referéncias para outras manipulagdes necessarias nas
mensagens SIP.

Copiar Valor do Cabecalho de Desvio para o Cabecalho De

voice class sip-profiles 1

request INVITE sip-header Diversion copy "<sip:(.*)@.*" u0l

request INVITE sip-header From copy ".*<sip:(.*)@.*" u02

request INVITE sip-header From modify "(.*)<sip:.*@(.*)" "\1l<sip:\u0l@\2"

request INVITE sip-header From modify "<sip:@" "<sip:\u02@"



SIP-Profile:

valoe class sip-profiles 1

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

request INVITE sip-header From copy ".*<sip:( =)@ *" w2

request INVITE sip-header From maodify ®(.*)<sip:. *@(.*)" "1 <sip:wl1@2"

Input Message Output Message

INVITE sip: 18774116706@172.30.238.49:5071 SIR/2.0
Via: SIP 2.0/UDP 17.0.44.11:5060; branch=79hGAbK& 74083 1 D56
From: <sipiBBE82614@17.0.44,11 > tag=DEC1 2564-3F9
To: <sip:18774116706@172.30.238.45 >

Date: Tue, 02 Sep 2004 17:33:26 GMT

Call-10v 14BFe&a5C-31FEL1LES-
FFFFFFFFE168E118-32ABD3C1@17.0.44.11

Supported: 100rel Himer, resource-priority, replaces, sdp-anat
Min-5E: 18040

Diversion: <sip:88882614@17.0.44.11 >; privacy —off;
reason=unconditional screen=no

Content-Length: O

INVITE sip:18774116706@172.30.2358.49: 5071 SIP/2.0
Wia: SIR2.0/UDP 17.0.44.11:5060; branch=r%hGAbKG740831 D58
Froan: =sipiEl 5 50406001 70,44, 11 > tag=0E0 1 A56848- 3F9
To: <sip:18774116706@172.30. 238,49

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

Call-ID: 14BFE65C-31FEL1ES-

FFFFFFFFB1GAE1 18-52AB03C1@17.0.44.11

Supported: 100rel, imer, resource- priority, replaces, sdp-anat
Min-SE: 1800

Diversion: <sip:B8R82614@17.0.44.11> ;privacy =aff;
reason=uncenditional screen=na

Content-Length: O

Copiar o Numero do Cabecgalho Para em um Convite de Entrada para o Parametro
REQ-URI (Anterior a Versao 15.4 do Cisco 10S)

Copie o numero no cabecgalho Para em uma mensagem de Convite de entrada e modifique o
CONVITE de saida:

voice class sip-copylist 1
sip-header TO

voice class sip-profiles 2
request INVITE peer-header sip TO copy "sip:(.*)@" u0l
request INVITE sip-header SIP-Req-URI modify ".*@(.*)" "INVITE sip:\u0l@\1"



SIP-Profile:
woice class sip-copylist 1
sip-header TO

vilce class sip-profiles 2
request INVITE peer-header sip TO copy "sip: (L*)@" uld

request INVITE sip-header SIP-Req-URT madify . *@(.*)" "INVITE sip:\u01@\1"

[Input Message

loutput Message

INVITE sip:+18774116700@172.30.238.49: 5071 5IP/2.0
Wia: SIR2.0/UDP 17.0.44.11:5060; branch=r0hGabyG 740831058
Froan: <sip: 8152456266001 7.0.44.11 >;tag=DEC12584-3F%
To: <sip:18774116706@172.30.238.49>

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

Call-ID: 14BF&65C-31FEL1E4-
FFFFFFFF316BEL18-52ABD3C1I@17.0044.11

Supported: 100rel limer,resource-priceily, replaces, sdp-anat
Min-SE: 1800

Diversion: <sip:BB8E2614@17.0.44.11 > privacy=off;
reason=unconditional, screen=no

Content-Length: O

INVITE sip: 187741167 06@172.30.238.49:5071 SIRF2.0
Wia: SIF/2.0/UDP 17.0.44,11: 5060; branch=29hG4bK674083 1058
From: <s5ip:B152456266@17.0.44,11 > ;lag=DEC12564-3F9
Mo: <sip: 171167 0G@172.30.238 409>

Date: Tue, 02 Sep 2014 17:33:20 GMT

ICall-ID: 14BFG65C-31FE11E4-
FFFFFFFFB1GREL18-52AB03C1@17.0.44.11

Supported: 100rel timer resource-priority, replaces, sdp-anat
Min-SE: 1800

Diversion: <sip:BR8E2614@17.0.44.11>; privacy =off;
reasom=unconditicnal screen=no

‘Content-Length: 0

Copiar Numero do Cabecalho Para em um Convite de Entrada para o Parametro

REQ-URI (com Perfis SIP de Entrada)

voice class sip-profiles 1

request INVITE sip-header TO copy "sip:(.*)@" u0l
request INVITE sip-header SIP-Req-URI modify ".*@(C.*)" "INVITE sip:\u0l@\1"

voice service voip
sip

sip-profiles inbound
sip-profiles 1 inbound




SIP-Profile:

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

request INVITE sip-header STP-Req-URT modify ™. *@(.*)" "INVITE sip:\ul1@)1"

woice SErvice voip

sip

sip-profiles inbound
sip-profiles 1 inbound

Input Message

Qutput Message

INVITE slp: + 18774 116700@172.30.238,49:5071 SIPY2.0
Via: SIP/2.0/UDP 17.0.44.11:5060; branch=29hG4bKE 70831 D5E
From: <sip:B1524562600017.0.44.11 > tag=DEC12584-3F9
To: <sip: 18774116706@172,.30,238.49

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

Call-ID: 14Bre65C-31FE11E4-
FFFFFFFF&16GREL18-52ARBD3C1@17.0.44.11

Supported: 100rel, timar, resource-priority, replaces, sdp-anat
Min-5E: 1800

Diversion: <sip:BBRR2G14@17.0.44.11 > ; privacy=off;
reason = unconditional, screen=no

Conkent-Length: O

IMVITE slp: 18774 116706@172.30.238.49: 2071 SIR2.0
Via: SIP/2.0/UDP 17.0.44.11:5060; branch=z0hGabK674083 1058
From: <sip:8132456266@17.0.44.11 > tag=DEC125B84-3F%
Ta: =slp: 18774116706@&172.30.238,49>

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

Call-10: 14BF665C-31FEL11ES-
FFFFFFFF31GBE118-524BD3C1@17.0.44.11

Suppaortad: 100rel timer, resource-priority, replaces, sdp-anat
Min-SE: 1800

Diversion: <sip:88882614@17.0.44. 11 >; privacy=off;
reason=unconditional screen=no

Cantent-Length: ¢

Problemas de interoperabilidade de audio unidirecional/ndo unidirecional com o

provedor

voice class sip-profiles 200

request ANY sdp-header Audio-Attribute modify '

'a=inactive a=sendrecv"

request ANY sdp-header Audio-Connection-Info modify "0.0.0.0" "CUBE’s IP"

SIP-Proflle;

voice class sip-profiles 200

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

Input Message

Output Message

THVITE sip:1877411670600172.30.238.49: 5071 SIR/2.0
Content-Dispasition: session; handling=requirad
Conbent-Length: 261

w=0
o=ClscoSystemsS1P-GW-UserAgent 1796 4793 IN IF4 17,0,44.11
s=SIP Call

c=[N P4 17.0.44.11

1=00

m=audio 0 RTP/AVP O 101 19

C=IM 1P4 0.0.0.0

a=rbpmap:0 PCMU/E000

a=inactive

a=rbprmap: 101 telephone-event/8000
a=fmtp: 101 0-16

a=rbpmap: 19 CN/B00D

a=pHme:20

TMVITE sip: 18774116706@172.30.238 49: 5071 SIR 2.0
Content-Disposition: session; handling=reguired
Content-Length: 273

w=0
o=CiscoSystemsSIP-GW-UserAgent 1796 4793 IN 1P4 17.0.44.11
s=5IP Call

c=IMN 1P 17.0.44,11

t=0 0

m=audia [ RTRFAVE O 101 19

Cc=IN IP4 10.10.10.1

a=rtpmap:0 PCHMLUYB000

a=sandracy

a=rtpmap:101 telephone-eventf 8000
a=fmtp: 101 0-16

a=ripmap: 19 CN/8000

a=ptime: 20




Remova o suporte ao método UPDATE para evitar problemas de interoperabilidade

voice class sip-profiles 200
request ANY sip-header Allow-Header modify ",

SIP-Proflle:

UPDATE" ™"

voice class sip-profiles 200
request ANY sip-header Allow-Header modify ", UPDATE™ ™

Input Message

Output Message

IMVITE sip:187741167066172.30.238.49: 5071 SIR/2.0

Wia: SIP/2.0/UDP 17.0.44,11:5060; branch=z%hG4bkKe /40831056
From: <sip:B152456266@17.0.44.11 > tag-DEC125B4-3F9

To: =sip:18774116700@172,30.238 49>

Date: Tue, 0F Sep 2014 17:33:26 GMT

Call-10: 14BF665C-31FE11E4-
FFFFFFFFE1GBE118-532ABD3C1I@17.0.44.11

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

Content-Length: O

IMNVTITE sip: 18774116706@172.30.238 49:5071 SIR/2.0

Wia: SIFF2.0/U0DP 17.0.44.11: 5060, branch=z29hG4bKE /40831056

From: <sip:8152456266@17.0.44.11 > tag=DEC125B4-3F9
To: <sip:1877411670040172,30.238.49>

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

Call-10; 14BFa65C-31FELLES-
FFFFFFFFEB168E118-52ABD3C1@17.0.44.11

Allaw: INVITE, OPTIONS, BYE, CANCEL, ACK, PRACK, REFER,
SIUBSCRIBE, NMOTIFY, INFO, REGISTER

Content-Length: O

Conversao de Endereco IP em Nome de Dominio

voice class sip-profiles 1

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

SIP-Proflle;

voice class sip-profiles 1

request ANY sip-header SIP-Reg-LRT madify "10.67, 138, 24 1:5060" "sipp.cisco.com”

Input Message

}Dutput Message

INVITE sip:9B19940331@10.67.138.241: 5060 SIV2.0

Wia: SIPf2.0/UDP 17.0.44.11:5060; branch=z0hG4bK &7 408 31056
From: <sip;B152456266@17.0.44.11> tag=DEC12584-3F9

To: <Gip:18774116706@172.30.238.49

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

Call-1D: 14BFG65C-31FELL1ES-
FFFFFFFFE168E118-32ABD3C1E17.0.44.11

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

Content-Langth: O

[MWITE sip:9819940331 @sipp. cisco.oom SIPY2.0

Wia: SIP2.0/U0P 17.0.44.11:5060; branch=r3hG4hKG74083 10568
Fram: <sipi8152456260017.0044.11 > tag=DEC] 2554- 389

To: <sip: 187741167061 72.30.238.49>

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

Call-10: 14BF&65C-31FEL1E4-
FFFFFFFFE168E118-32ABD3C1L@17.0.44.11

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

iContent-Length: O

Adicionar um prefixo no cabecalho de desvio




voice class sip-profiles 1

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

SIP-Profile:

Ice class sip-profiles 1

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

[Input Message

INVITE Sip:9819940331@10.67.138.241: 5060 S1P/2.0

Wia: STIP2.0/UDP 17.0.44_11:5060; branch=73hG4bKG74083 1058
From: <sip:B152456266@17.0.44. 11> taq=0DEC12584-3F9
To: <sipr187741167006@172.30.238.49>

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

Call-I0: 14B8F665C-31FELLES-
FFFFFFFFE158E118-52ABD3C1@17.0.44.11

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

Diversion: <sip:2014@17.0.44.11 > privacy =off;
reascn=unconditional, screen=no

Content-Lemgth: 0

|Output Message

INVITE sip:9819940331@10.67.138.241: 5060 SIRZ.0

Wia: STP/2.0/UDP 17.0.44.11:5060; branch=20hG4AbKG74083 1058
From: <sip:8152436266@17.0.44.11 > ;tag=DEC12564-3F%
To: <sip: 18774116706@172.30.238 .49

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

Call-10: 14BFe65C-31FELLES-
FFFFFFFF816BE118-52ABD3C1@17.0.44.11

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

Diversion: <sip: F042642614@17.0.44.11 > privacy=off;
reason=unconditional, screen=no

Content-Length: O

Definir numero DID no cabecalho de desvio

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 "sipa( *)@" "sip: 704264261 4@

Input Message

Output Message

INVITE sip: 187741 1670601 72.30,238 . 49:5060 SIP/2.0
WVia: SIF2.00UDP 17.0.44.1 1:5060;branch=29hG4bK D23I0B
From: <sip:B13524562660@ 1 7.0.44.1 1> 1ag=28B470-1CCD
To: <s5ip: 187741 167060 172.30.238.49=

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

Call-1lx; 1462FCCH-F2621 1EA-B1 JAERT -
299ECBED@E17.0.44.11

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

Diversion: <sip:BE882614001 7.0.44.11>; privacy=olf;
reason-unconditional sereen=no

Content-Length:

INVITE sip: 187741 167060 172.30.238.49:5060 SIP/2.0

Via: SIP/2.0UDP 17.0.44.1 1:5060;branch=29hG4AbK D23 DB
From: <sip:81524562660@17.0.44.1 | >:tag=28B470-1CCD
To; <sip: 187741 1670601 72,30,238,49=

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

Call-ID: 1462FCCH-F2621 1EA-RISAESRTI-

299ECEED@ 17.0.44.11

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

Min-SE: 1800

Diversion: <sip: 70426426140 17.0.44.1 1>;privacy=ofT;reason-
unconditional,screen=no

Contemt-Length: O




Remover Cabecalho de Desvio

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

SIP-Profile:

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

Input Message Output Message

INVITE sip: 187741167061 72.30.238,.49:5060 SIF/2.0
Wia: SIP2.0/UDP 17.0.44.1 1:5060;branch=29hG4bK D23 DB
From; <sip:8 15245626601 7.0.44.1 1>1ag=28B470-1CC0
To: <sip: 187741 16706 172,30,238 49

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

Call-ID: 1462FCC6-F2621 1 EA-BI3AERT]-

299ECEEDE 17.0.44.11

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

Diversion: <sip: 888826140 17.0.44.1 1>;privacy=olT;
reason-unconditional sereen=no

Content-Length: 0

INVITE sip: 187741 16706401 72.30.238.49: 5060 SIP/2.0
Via: SIFZ.0UDP 17.0.44.11:5060;branch=z9hG4bK D23 DB
From: <sip:81324562660@17.0.44,11>tag=28B470-1CC0
To: <sip: 187741 16706601 72,.30.238 49>

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

Call-1D: 1462FCC6H-F2621 IEA-B13AERT -
2ECREDG@E17.0.44.11

Supported: timer,resource-priority,replaces,sdp-anat
Min-SE: 1300

Content-Length: 0

Copiar numero do local para o identificador de chamada no gateway local
(implantagbes de chamada Webex nos Estados Unidos, Canada e Porto Rico)




User Calling > Caller ID

Caller ID

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

Caller ID Phone Number

Direct Line: 9194381001, Ext 1001

O Location Number: +19194380841

Assigned number from user's location

Caller ID First Name
User01 (I

Caller ID Last Name
User01 I @

voice service voip
sip
sip-profile inbound
voice class sip-profiles 201

rule 1 request INVITE sip-header From copy "<sip:(.*)@" u0Ol
rule 2 request INVITE sip-header P-Asserted-Identity modify "<sip:.*@(.*)>" "<sip:\u0l@\1>"

voice class tenant 200
sip-profiles 201 inbound



SIP-Profile:

vaoice class sip-profiles 201
rule | request INVITE sip-header From copy "<sip:l.*)@" u01

rule 2 request INVITE sip-header P-Asserted-Identity modify "<sip: *@(.*)>" "<sip:\u01@\1>"

Input Message

Output Message

INVITE s5ip:#19199614190401.1.1.1:5061 transport=tls;dtg=rtplgw9687_lgu SIP/2.0

973405068-1626801459363-

From:"User01 User01"<sip:+ 19194380841 [@:139.177.65.12;user=phone>;tag=973405068-
1626801459363

To: *-::.tp ﬂﬂlﬂﬁmi’ﬂmﬂmﬂ?imm_b:limm user=phone=

Call-

CSeq: 100 INVITE

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

P-Asserted-Identity:" User(] User01" <sip:+19]19438100142'10,21.0.214:user=phone>

Via:SIP/2.0/TLS 139.177.65.12:8934;branch=z9hG4bK BroadworksSSE.-1.1.1.1V57722-0-100-

INVITE sip:+12199614190fpstn.com:S080 SIP/2.0

Via: SIP/2.0/UDP 1.1.1.1:5060;branch=79hG4bK 13CA 141F20

From: "User01 User0]" <§m + Jg!gi}gggi] @psin_com>;tag=CBOB7295-DB7
To: <sip:

Date: Tue, 20 Jul 2021 17:59:26 G\«{T

Call-ID: ESOFFB7-ESBB1 1 EB-B5TBD6DS5-6AE138B@@1.1.1.1

Contact: <sip:+1919438084 L @1.1.1.1:5060>

Allow-Events: telephone-cvent

Max-Forwards: 68

P-Asserted-ldentitv: " User01 User0]1" <sip:+191943808410 1.1.1.1>

Possiveis problemas

Aqui estao alguns possiveis problemas que vocé pode encontrar.

Apos o Cisco 10S versao 15.4, o recurso de perfil SIP é introduzido para modificar também

as mensagens SIP de entrada.

As versoes 15.3 e anteriores do Cisco |I0S suportam apenas perfis SIP na dire¢ao de saida.

Informacdes Relacionadas

Explicacdo detalhada do roteamento de chamadas do Cisco I0S e I0S-XE

Understanding Inbound and Outbound Dial Peers Matching on 10S Platforms (Compreendendo a

correspondéncia de peers de discagem de entrada e saida em plataformas 10S)



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

Sobre esta tradugao

A Cisco traduziu este documento com a ajuda de tecnologias de tradugéo automatica e
humana para oferecer conteudo de suporte aos seus usuarios no seu proprio idioma,
independentemente da localizagao.

Observe que mesmo a melhor tradugao automatica nao sera tao precisa quanto as realizadas
por um tradutor profissional.

A Cisco Systems, Inc. ndo se responsabiliza pela precisdo destas tradugdes e recomenda
que o documento original em inglés (link fornecido) seja sempre consultado.



