|OS Voice XML Gateway para fluxo de chamada
CVP usando MRCPv2 ASR/TTS
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Introduction

Voice Extensible Markup Language (VXML) € um padrao definido pelo World Wide Web
Consortium (W3C). Ele foi projetado para criar dialogos de audio que fornecem fala sintetizada,
reconhecimento de palavras faladas, reconhecimento de digitos DTMF e audio falado gravado. O
servidor VXML e os clientes usam o protocolo HTTP bem conhecido para trocar documentos /
paginas VXML.

O Cisco Voice Portal (CVP) oferece aplicativos inteligentes e interativos de resposta de voz (IVR)
que podem ser acessados pelo telefone. Ha trés tipos de implementacoées CVP:

1. Servigo independente
2. Controle de chamada CVP
3. Fila e transferéncia de chamadas

A fala sintetizada e o reconhecimento de palavras faladas/funcionalidades de digitos DTMF sao
fornecidos por TTS (Text-to-Speech) e ASR (Automatic Speech Recognition Servers, servidores
de reconhecimento automatico de voz). O 10S® VXML Gateway se comunica com o servidor
TTS/ASR através do Media Resource Control Protocol (MRCP). Ha duas versées de MRCP (RFC
4463), nomeadamente MRCPv1 (MRCP sobre RTSP) e MRCPv2 (MRCP sobre SIP).

Este documento descreve o fluxo de chamadas de um IOS Voice XML Gateway para a chamada
CVP em uma implantacao de servigo independente que usa servidores TTS/ASR MRCPv2. Um
exemplo de aplicativo de farmacia foi implantado no servidor VXML do CVP.



Prerequisites

Requirements

Nao existem requisitos especificos para este documento.

Componentes Utilizados

As informacgdes neste documento sao baseadas nestas versdes de software e hardware:

- Gateway VXML do I0S: Cisco AS5400XM, IO0S 12.4(15)T1
- Servidor VXML: CVP 4.0
- Servidor ASR / TTS: Loquendo Speech Suite 7.0

The information in this document was created from the devices in a specific lab environment. All of
the devices used in this document started with a cleared (default) configuration. If your network is
live, make sure that you understand the potential impact of any command.

Conventions

Consulte as Convencoes de Dicas Técnicas da Cisco para obter mais informacdes sobre
convencoes de documentos.

Configurar

Nesta sec¢ao, vocé encontrara informagdes para configurar os recursos descritos neste
documento.

Nota: Use a Command Lookup Tool (somente clientes registrados) para obter mais informagoes
sobre os comandos usados nesta secao.

Diagrama de Rede

Este documento utiliza a seguinte configuragao de rede:

VXML /HTTP

< > CVP
VXML Server

PSTN | VXML Gateway

ASR /TTS Server
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Configuracoes

Este documento utiliza as seguintes configuragdes:

Configuragdo do gateway VXML

!--- Define Hostname to IP Address !---- mapping for ASR
and TTS servers ip host asr-en-us 172.18.110.76 ip host
tts-en-us 172.18.110.76 !--- Define the Voice class URI
to match !---- the SIP URI of ASR Server in the dial-
peer voice class uri TTS sip pattern tts@72.18.110.76
!-—- Define the Voice class URI to match !---- the SIP
URI of TTS server in the dial-peer voice class uri ASR
Sip pattern asr@?72.18.110.76 !--- Define the amount of
maximum memory !---- to used for downloaded prompts iVr
pronpt menory 15000 !--- Define the SIP URI of ASR !----
and TTS Server iVr asr-server sip:asr@72.18.110.76 ivr
tts-server sip:tts@72.18.110.76 !--- Configure an
application service for !---- CVP VXML
CVPSelfServiceBootstrap.vxml application service
CVPSel f Servi ce flash: CVPSel f Servi ceBoot strap. vxni

par anmspace english | anguage en paranspace english index
0 paramspace english location flash: paranspace english
prefix en !/--- Configure an application service for !---
- CVP VXML CVPSelfService.tcl Script !---
CVPSelfService-app parameter specifies !---- the name of
the VXML Application !--- CVPPrimary parameter specifies
the !---- IP address of the VXML server Service Pharmacy
flash: CVPSel f Servi ce.tcl paranspace english index 0

par anmspace english | anguage en paranspace english

| ocation flash: param CVPSel f Servi ce-port 7000 param
CVPSel f Servi ce- app GoodPrescriptionRefill App7 paranmspace
english prefix en param CVPPri maryVXM.Server
172.18.110.75 !--- Specifies the Gateway’s RTP !----
stream to the ASR / TTS to go around the !---- Content
Service Switch !---- instead of through the CSS. nrcp
client rtpsetup enable !--- Specify the maximum memory
size !---- for the HTTP Client Cache http client cache
menory pool 15000 !--- Specify the maximum number of
file !---- that can be stored in the !---- HTTP Client
Cache http client cache menmory file 500 !/--- Disable
Persistent !---- HTTP Connections no http client
connection persistent !--- Configure the T1 PRI
controller T1 3/0 fram ng esf |inecode b8zs pri-group
timeslots 1-24 !--- Configure the ISDN switch !---- type
and incoming-voice !---- under the D-channel interface
interface Serial 3/0:23 no i p address encapsul ation hdlc
i sdn switch-type primary-net5 isdn inconing-voice nodem

no cdp enable ! --- Configure a POTS !---- dial-peer
that will be used !---- as inbound dial-peer for calls
coming ! --- in across the T1 PRI line. !---- The
“pharmacy”service !---- 1is applied under this dial-peer.

di al - peer voice 1 pots service pharmacy destination-
pattern 5555 direct-inward-dial port 3/0:D forward-
digits all !--- Configure a SIP Voip !---- dial-peer
that will be used !---- as an outbound dial-peer when
the !---Gateway initiates a MRCP overc SIP !---- session
to the ASR server. !---- Codec = G7l1lulaw, DTMF-Relay !-
--- = RTP-NTE, No Vad dial -peer voice 5 voip session
protocol sipv2 destination uri ASR dtnf-relay rtp-nte
codec g711lul aw no vad !--- Configure a SIP Voip !----




dial-peer that will be used !---- as an outbound dial-
peer when the !---Gateway initiates a MRCP !---- overc
SIP session to the TTS server !--- Codec = G71lulaw,
DTMF-Relay = RTP-NTE, !---- No Vad dial -peer voice 6
Voi p session protocol sipv2 destination uri TTS dtnf-
relay rtp-nte codec g711lul aw no vad

Exemplo de fluxo de chamada

Esta secéo descreve o fluxo de chamada que resulta deste exemplo de configuragao.

1.
2.

Uma chamada ISDN chega ao Gateway PSTN/VXML através do T1 PRI 3/0.
O I0S Gateway corresponde ao peer de discagem POTS 1 como o peer de discagem de
entrada para esta chamada.

. O 10S Gateway transfere o controle de chamada para o servigo de farmacia associado ao

dial-peer 1.

. O script VXML / TCL do CVP associado ao servigo Pharmacy envia uma solicitagdo HTTP

GET ao servidor VXML.

. O servidor VXML retorna resposta 200 OK. Esta resposta contém um documento/pagina

VXML.

. O 10S Gateway executa o documento VXML.
. Se 0 documento VXML especificar um URL para um prompt de audio, o IOS Gateway

baixara o arquivo de audio e reproduzira o prompt.

. Se o documento VXML especificar um texto para um prompt de audio, o IOS Gateway

estabelece uma sesséo SIP com tts@172.18.110.76 (Servidor TTS) usando o peer de
discagem 5. Depois que a sessao SIP é estabelecida, ela abre uma conexdo TCP com o
Servidor TTS usando o numero de porta TCP fornecido no SDP de 200 OK da resposta do
CONVITE SIP. Essa conexédo TCP é usada para trocar mensagens de MRCP como SPEAK,
SPEAK-COMPLETE entre o IOS Gateway e o TTS Server.O Servidor TTS envia o fluxo de
audio RTP G.711ulaw para o endereco IP e o numero da porta UDP fornecidos pelo
Gateway no SDP do CONVITE SIP.

. Se o documento VXML especificar o gateway para reconhecer digitos DTMF e/ou palavras

faladas, o I0S Gateway estabelece uma sessao SIP com asr@172.18.110.76 (servidor
ASR) com dial-peer 6. Depois que a sessao SIP é estabelecida, ela abre uma conexdo TCP
com o Servidor ASR usando o numero da porta TCP fornecido no SDP de 200 OK da
resposta do CONVITE SIP. Essa conexado TCP € usada para trocar mensagens de MRCP
como DEFINE GRAMMAR, COMPLETE, RECOGNIZE e RECOGNITION-COMPLETE entre
o I0OS Gateway e o ASR Server.O I0OS VXML Gateway envia o fluxo de audio de RTP
G.711ulaw para o endereco IP e o numero da porta UDP fornecidos pelo ASR no SDP da
resposta SIP 200 OK. O I0S VXML Gateway envia os digitos inseridos pelo usuario PSTN
como eventos RTP-NTE para o servidor ASR.

10. Apds a execucgao do documento VXML, o gateway envia uma solicitagdo HTTP POST (com

um conjunto de parametros) conforme especificado na marca <Submit> do
documento/pagina VXML.

11. As etapas 6 a 10 ocorrem para cada documento VXML enviado pelo servidor.
12. Quando o aplicativo VXML finaliza o servigo fornecido ao chamador, ele envia um

documento VXML com apenas uma marca <exit/> no elemento <form>.

13. O 10S Gateway desconecta as sessdes MRCPv2 estabelecidas com os servidores TTS e

ASR.



14. O 10S Gateway desconecta a chamada no lado ISDN.

Verificar

Use esta sec¢ao para confirmar se a sua configuragao funciona corretamente.

A Output Interpreter Tool ( somente clientes reqistrados) (OIT) oferece suporte a determinados
comandos show. Use a OIT para exibir uma analise da saida do comando show.

- Mostrar resumo de voz ativa da chamada
11F8 : 160 333356110ns.
1 +10 pid:1 Answer 5555 active
dur 00:00:54 tx: 1740/ 300598 rx: 364/ 85472
Tele 3/0:D (160) [3/0.1]
t x: 15145/ 15145/ 0ms None noi se: -52
acom6 i/0:-32/-64 dBm

Tel ephony call-legs: 1
SIP call-legs: O
H323 call-legs: O

Call agent controlled call-legs: O
SCCP call-legs: O

Mul ticast call-legs: O

Media call-legs: O

Total call-legs: 1

- Mostrar resumo da midia ativa da chamada

11F8 : 163 333360880ns. 1
+60 pid: 6 Originate
sip:tts@72.18.110. 76: 5060 active

dur 00:00:44 tx:0/0 rx:2212/ 353545

I P 172.18.110. 76: 10000 SRTP
off rtt:0ms pl
4485/ 0ns | ost: 0/ 1/ 0 del ay: 65/ 65/ 6518
g711ul aw Text Rel ay: off

nmedi a i nactive detected:n
media contrl rcvd
n/a tinestanmp:n/a

I ong duration call detected:n
| ong duration
call duration:n/a tinestanp:n/allF8
164 333360890ns.1 +20 pid:5 Originate
sip:asr@72.18.110. 76: 5060 active

dur 00:00:44 tx:1687/297152 rx:0/0

I P 172.18.110. 76: 10002 SRTP
off rtt:Oms
pl : 6550/ 30nms | ost: 0/2/0 del ay: 65/ 65/ 65ns
g711ul aw Text Rel ay: of f

nmedi a i nactive detected: n nedia contrl
rcvd:n/a timestanp:n/a

long duration call detected:n
| ong duration
call duration:n/a tinestanp:n/a

Tel ephony call-legs: 0

SIP call-legs: O

H323 call-legs: O

Call agent controlled call-legs: O
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SCCP call-legs: O

Mul ticast call-legs: O
Media call-legs: 2
Total call-legs: 2

- Show mrcp client session ative detail

No O Active MRCP Sessions: 1

Call-ID: OXAO sane: O
Resource Type: Synthesi zer
URL: sip:tts@?72.18.110.76
Met hod I n Progress: SPEAK
State: S_SYNTH_SPEAKI NG

Associ ated Call I D: OxA3

MRCP version: 2.0

Control Protocol: TCP Server |P Address
172.18.110.76 Port: 51000

Data Protocol: RTP Server |P Address
172.18.110.76 Port: 10000
Signalling URL: sip:tts@72.18.110.76: 5060

Packets Transmitted: O (0O bytes)
Packets Received: 2265 (361968 bytes)
Recei veDel ay: 65 Lost Packets: 0O

Resource Type: Recogni zer
URL: sip:asr@y?72.18.110.76
Met hod I n Progress: RECOGN ZE
State: S_RECOG _RECOGN ZI NG

Associated Call I D: OxA4

MRCP version: 2.0

Control Protocol: TCP Server |P Address
172.18.110.76 Port: 51001

Data Protocol: RTP Server |P Address
172.18.110.76 Port: 10002

Packets Transmitted: 1791 (313792 bytes)
Packets Received: 0 (0 bytes)
Recei veDel ay: 60 Lost Packets: 0

- Mostrar conexodes de voip rtp

Vol P RTP active connections :

No. Callld dstCallld Local RTP
Rt RTP Local | P
Renot el P

1 163 160 18964

10000 14.1.16.25
172.18.110.76

2 164 160 23072
10002 14.1.16.25
172.18.110.76

Found 2 active RTP connections

Mostrar cache de cliente http
HTTP Client cached information



Maxi mum menory pool allowed for
HTTP dient caching
= 15000 K-bytes
Maxi mum fil e size allowed for caching
= 500 K-bytes
Total menory used up for Cache
= 410 Bytes
Message response timeout = 10 secs
Total cached entries =1
Total non-cached entries 0

Cached entries

entry 114, 1 entries
Ref FreshTi ne Age Si ze
cont ext

1 86400 48 1505

url: http://172.18.110. 75/ Wl cone- 1. wav

Troubleshoot

Esta secao fornece informagdes que podem ser usadas para o troubleshooting da sua
configuragao.

Comandos debug

Configure o I0OS Gateway para registrar as depurag¢des em seu buffer de registro e desabilitar o
"console de registro”.

Nota:Consulte Informag¢ées Importantes sobre Comandos de Depuragao antes de usar comandos
debug.

Observagio: estes sdao os comandos usados para configurar o Gateway para armazenar as
depuragdes no buffer de registro do Gateway:

- service timestamps debug datetime msec
- sequéncia de servigo
- no logging console
- logging buffered 500000 debug
- clear log
A seguir estdo os comandos debug usados para solucionar problemas da configuragao:

- debug isdn q931

- debug voip ccapi inout

- debug voip application vxml default
- debug voip application vxml dump

- debug ccsip message

- debug mrcp detail



- debug http client all
- debug voip rtp session nte names

Saidas de depuracéo

Esta secao fornece saidas de depuracao para este fluxo de chamada de exemplo:

~No bk WN -

10

11.

12.

13.

14.

15.

16.

17.

18.

. O gateway recebe uma chamada de entrada do PSTN.

. O gateway corresponde ao correspondente de discagem de entrada 1.

. A chamada é entreqgue ao Servico de Farmacia.

. A chamada é conectada no lado ISDN.

. O gateway inicia a execucao do script CVPSelfServiceBootstrap.vxml VoiceXML.

. O gateway envia uma solicitacdo HTTP GET ao VXML Server.

. O Gateway recebe uma mensagem 200 OK do VXML Server. O corpo da mensagem desta

resposta contém o documento VXML (1). Este documento VXML informa ao Gateway o
arquivo de midia de reproducido chamado Welcome-1.wav localizado em um Media Server.

. O Gateway envia uma Solicitacdo HTTP GET ao Servidor de Midia para baixar o arquivo

Welcome-1.wav.

. O Gateway recebe um 200 OK do Servidor de Midia e recebe o conteudo de Welcome-

1.wav no corpo da mensagem HTTP.

. O Gateway envia uma Solicitacdo HTTP POST ao Servidor conforme definido na opcao
"Enviar" do Documento VXML (1).

O gateway recebe 200 OK para sua solicitagdo POST HTTP. O corpo da mensagem
contém o documento VXML (2). Este documento VXML instrui o Gateway a reproduzir
"Obrigado por ligar para a farmacia de audio". Observe que esse prompt precisa ser
sintetizado por um Servidor de texto para voz.

O Gateway envia uma solicitacdo HTTP POST conforme definido na opcao Submit (Enviar)
do documento VXML (2).

O Gateway recebe uma resposta 200 OK para a solicitagcdo HTTP POST. O corpo da
mensagem contém o documento VXML (3). Este documento VXML define os prompts de
menu que instruem o chamador a inserir 1 ou digitar Refill, 2 ou digitar farmacéutico. Os
prompts sdo sintetizados por um Servidor de Texto para Fala. As entradas (fala/DTMF) sdo
reconhecidas usando um Reconhecedor de Voz Automatico.

O gateway cria as gramaticas a serem usadas para o reconhecimento de DTMF/Fala.
Essas gramaticas sdo enviadas ao servidor ASR assim que o Gateway estabelece uma
sessdo com o servidor ASR.

O Gateway executa uma pesquisa de peer de discagem para configurar uma sessao SIP
com o Servidor de Texto para Voz. O correspondente de discagem de saida 6 é
correspondido.

O gateway envia um CONVITE SIP para o Servidor TTS. O SDP da mensagem CONVITE
contém informacdes de midia para o fluxo de audio e o aplicativo MRCPv2 (canal de
sintetizacdo de discurso).

O Gateway executa uma pesquisa de peer de discagem para configurar uma sessao SIP
com o servidor de Reconhecimento Automatico de Voz. O correspondente de discagem de
saida 5 é correspondido.

Os gateways enviam um CONVITE SIP para o servidor ASR. O SDP contém as
informacdes de midia para o fluxo de audio, retransmissdo DTMF e aplicacdo MRCPv2
(canal de reconhecimento de discurso).




19.

20.

21.

22.

23.

24.

25.

26.

27.

28.

29.
30.

31.

32.

33.

34.

35.

36.

37.

38.

O Gateway recebe uma resposta 200 OK (para o CONVITE SIP) do servidor ASR. O SDP
da mensagem CONVITE SIP especifica estes:O codec G711ulaw, o endereco IP e os
numeros de porta RTP para o fluxo de audioO atributo de direcao deste fluxo de RTP:
"recvonly"O relé DTMF baseado em RTP-NTEO numero da porta TCP (51001) a ser usado
pelo Gateway para estabelecer uma sessdo MRCPv2 com o servidor ASR

O Gateway envia ACK SIP para o servidor ASR, e a sessio SIP para o Reconhecimento
Automatico de Voz é estabelecida entre o Gateway e o servidor ASR.

O gateway envia uma solicitacdo de MRCP "DEFINE-GRAMMER" ao servidor ASR.
(Apenas uma solicitacdo € mostrada aqui.)

O Gateway recebe uma resposta 200 COMPLETE para sua solicitacdo DEFINE-
GRAMMAR.

O Gateway recebe uma resposta 200 OK (para o CONVITE SIP) do servidor TTS. O SDP
da mensagem CONVITE SIP especifica estes:O codec G711ulaw, o endereco IP e os
numeros de porta RTP para o fluxo de audioO atributo de direcdo deste fluxo
RTP:"sendonly"O relé DTMF baseado em RTP-NTEO numero da porta TCP (51000) a ser
usado pelo Gateway para estabelecer uma sessdo MRCPv2 com o servidor TTS

O Gateway envia ACK SIP para o Servidor TTS e a sessao SIP para o Texto para Voz é
estabelecida entre o Gateway e o servidor TTS.

O Gateway envia uma solicitacdo de MRCP "RECONHECIMENTQ" ao servidor ASR para
iniciar o reconhecimento de DTMF / palavras faladas.

O servidor ASR envia uma resposta "EM ANDAMENTQO" (para solicitacdo de
RECONHECIMENTO) ao Gateway.

O gateway conclui o download do arquivo de midia Welcome-1.wav, 0 armazena no cache
e reproduz o prompt para o chamador.

O Gateway envia uma solicitacdo de MRCP "SPEAK" ao TTS Server para reproduzir o
prompt "Obrigado por ligar".

O Servidor TTS envia uma resposta "EM ANDAMENTOQ" para a solicitacdo SPEAK.

O TTS Server envia uma mensagem "SPEAK-COMPLETE" depois de falar no prompt
"Obrigado por ligar".

O Gateway envia uma solicitagdo de MRCP "SPEAK" ao TTS Server para reproduzir o
prompt "Menu" (Insira 1 ou Diga Refil/Enter 2 ou Diga farmacéutico). (As saidas de
depuragao nao sao exibidas.)

O servidor TTS envia uma mensagem IN-PROGRESS, SPEAK-COMPLETE e termina de
reproduzir o prompt. (As saidas de depuragao nao sao exibidas.)

O chamador PSTN digita "1" para escolher Refill. O gateway envia esse digito como um
evento RTP-NTE para o servidor ASR.

O Servidor ASR envia uma mensagem "RECONHECIMENTO COMPLETQ" ao Gateway
para notificar ao gateway que ele reconheceu um dos eventos solicitados (nesse caso,
digito 1).

Depois de receber uma notificacdo de reconhecimento bem-sucedida do servidor ASR, 0
Gateway VXML envia uma solicitacdo HTTP POST conforme especificado na tag SUBMIT
do documento VXML (3). Essa solicitagdo POST informa ao servidor VXML que o digito 1
foi inserido pelo chamador PSTN.

O servidor VXML envia outro documento VXML que solicita que o chamador insira a receita
aqui. (As saidas de depuragao nao sao exibidas.)

O Gateway envia a mensagem MRCP ao TTS para falar os avisos. (As saidas de
depuragédo ndo sdo mostradas, mas sdo semelhantes as etapas 28-30.)

O Gateway envia a mensagem MRCP ao ASR para detectar o numero de receita de 4




digitos falado pelo usuario. (As saidas de depuracdo nao sdo mostradas, mas séo
semelhantes as etapas 25-26.)

39. O ASR reconhece o numero de prescricdo de 4 digitos e envia uma mensagem de MRCP
"RECONHECITION-COMPLETE" para o0 10S VXML Gateway.

40. O Gateway informa o numero da receita ao servidor VXML enviando a solicitagdo HTTP
POST. (As saidas de depuragcédo ndo sao mostradas, mas s&o semelhantes a etapa 35.)

41. O servidor VXML envia paginas VXML para coletar o tempo de coleta e informar ao
chamador que a receita estara pronta para coleta. O Gateway executa essas paginas por
interagbes com o servidor TTS e ASR. (As saidas de depuragao nao sao exibidas.)

42. O documento VXML final enviado pelo servidor VXML contém apenas a marca <exit\> no
<form>. Isso instrui o Gateway a encerrar a sessdo VXML.

43. O gateway encerra o aplicativo VXML.

44. O gateway desconecta a sessdo SIP estabelecida com o servidor ASR.

45. O gateway desconecta a sessdo SIP estabelecida com o Servidor TTS.

46. O gateway desconecta a chamada no lado ISDN.

Chamada de entrada do PSTN

*Jan 18 03: 34:52.735: | SDN Se3/0: 23
@31: RX <- SETUP pd = 8 callref = 0x005A
Bearer Capability i = O0x8090A2
Standard = CCTT
Transfer Capability = Speech
Transfer Mode = Circuit
Transfer Rate = 64 kbit/s

Channel IDi = 0xA98381
Excl usi ve, Channel 1
Called Party Number i = 0x81, '5555'

Pl an: | SDN, Type: Unknown

*Jan 18 03:34:52.735: //-1/ 2AEE8C2A801C/

CCAPI / cc_api _di spl ay_i e_subfi el ds:

cc_api _call _setup_i nd_conmon:

ci sco- user nane=

----- ccCallInfo I E subfields -----

ci sco-ani =

ci sco-ani type=0

ci sco- ani pl an=0

ci sco-ani pi =0

ci sco-ani si =0

dest =5555

ci sco-desttype=0

ci sco-dest pl an=1

ci sco-rdi e=FFFFFFFF

ci sco-rdn=

ci sco-rdntype=-1

ci sco-rdnpl an=-1

ci sco-rdnpi =-1

cisco-rdnsi=-1

ci sco-redirectreason=-1 fwd_final _type =0

final _redirect Nunber =

hunt _group_tineout =0

O correspondente de discagem de entrada 1 é correspondente




*Jan 18 03: 34:52. 735:
/1-1/ 2AEEBC2A801C/
CCAPI / cc_api _cal | _setup_i nd_common:
I nterface=0x664B4BA4, Call | nfo(
Cal i ng Number =, (Cal I i ng Nane=) ( TON=Unknown,
NPl =Unknown, Screeni ng=Not Screened,
Present ati on=Al | owed),
Cal | ed Nunber =5555( TON=Unknown, NPI =I SDN),
Cal ling Transl at ed=FALSE, Subscri ber
Type Str=Regul arLi ne,
Fi nal Desti nati onFl ag=TRUE,
Incom ng Di al -peer=1, Progress
I ndi cati on=NULL(0),
Calling | E Present =FALSE,
Source Trkgrp Route Label =,
Target Trkgrp Route Label =,
CLI D Transpar ent =FALSE) ,
Call 1d=-1

A chamada é entregue para o servigo de farmacia

*Jan 18 03:34:52. 739:
[1127] 2AEE8C2A801C/ CCAPI
/cc_process_cal |l _setup_ind:
>>>>CCAPI handed cid 127 with tag 1 to app
" _ManagedAppProcess_Phar macy"

*Jan 18 03:34:52. 739:
[1127] 2AEE8C2A801C/ CCAPI / ccCal | Set upAck:
Cal | 1d=127

A chamada é conectada no lado ISDN

*Jan 18 03:34:52. 739:
| SDN Se3/0:23 Q31: TX ->
CONNECT pd = 8 callref =
0x805A
*Jan 18 03:34:52. 739:
[ 1127/ 2AEE8C2A801C/ CCAPI / ccCal | Handof f :
Si | ent =FALSE, Applicati on=0x663106C4,
Conf erence | d=0xFFFFFFFF
*Jan 18 03:34:52.743: [/1127//VXM.: | Open_Cal | Handof f :

O gateway inicia a execugao do script VoiceXML CVPSelfServiceBootstrap.vxml

*Jan 18 03:34:52. 755:
[1127] 2AEE8C2A801C/ VXM._:
/vxm _vxm _proc:

<vxnl >
URI (abs): fl ash:
CVPSel f Servi ceBoot strap. vxmi
schene=f| ash
pat h=CVPSel f Ser vi ceBoot st rap. vxm
base=
URI (abs): fl ash:
CVPSel f Servi ceBoot strap. vxmi



schene=f| ash
pat h=CVPSel f Ser vi ceBoot st rap. vxm
| ang=none version=2.0
<scri pt>:
*Jan 18 03:34:52.799: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
*Jan 18 03: 34:52.863: //127/ 2AEE8C2A801C/ VXML
:/vxm _j se_gl obal _switch:
switch to scope(application)
<var >: nanep=handoffstring
expr =sessi on. handof f _string
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var handof f stri ng=sessi on.
handof f _stri ng)
<var >: nanep=application expr=get Val ue(' APP")
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var application=getVal ue(' APP'))
<var >: nanep=port expr=get Val ue(' PORT")
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var port=getVal ue(' PORT"))
<var >: nanep=cal | i d expr=get Val ue(' CALLID )
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var callid=getVal ue(' CALLID ))
<var >: nanep=servernane expr=get Val ue(' PRI MARY")
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var servernanme=get Val ue(' PRI MARY" ))
<var>: nanep=varl expr=get Val ue('varl')
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var varl=getVal ue('varl'))
<var >: nanep=var2 expr=get Val ue('var2')
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var var2=get Val ue('var2'))
<var>: nanep=var 3 expr=get Val ue('var3')
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var var3=getVal ue('var3'))
<var >: nanep=var4 expr=get Val ue('var4')
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var var4=getVal ue('var4'))
<var>: nanep=var5 expr=get Val ue('var5')
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var var5=get Val ue('var5'))
<var >: nanep=st atus expr=get Val ue(' status')
*Jan 18 03:34:52.867: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var status=getVal ue('status'))
<var >: nanep=prevapp expr=get Val ue(' prevapp')
*Jan 18 03:34:52.871: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var prevapp=get Val ue(' prevapp'))
<var >: nanep=survive expr=get Val ue(' survive')
*Jan 18 03:34:52.871: //127/ 2AEE8C2A801C/ VXML
:/vxm _expr_eval :
expr=(var survive=get Val ue(' survive'))
<var >: nanep=handof f Exi t



O Gateway envia uma solicitacdo HTTP GET ao VXML Server

*Jan 18 03: 34:52. 875:
[ 1127/ | HTTPC. / htt pc_write_stream
Client wite buffer fd(3):
GET / CVP/ Server ?appl i cati on=
GoodPrescriptionRefill App7&cal |i d=
2AEE8C2A- 0AFB11D6- 801C0013-
803E8CBE&sessi on. connecti on. renot e. uri =555
5&sessi on. connection. |l ocal . uri =5555 HTTP/ 1.1
Host: 172.18.110. 75: 7000
Cont ent - Type: application/ x-wwformurl encoded
Connecti on: cl ose
Accept: text/vxm, text/x-vxm, application/vxn,
application/x-vxm , application/voicexm,
application/x-voicexnm, text/plain, tex
t/htm, audio/basic, audio/wav,
mul tipart/formdata,
application/octet-stream
User - Agent: Cisco-10S-C5400/12.4

Gateway Recebe uma mensagem 200 OK do VXML Server

O corpo da mensagem desta resposta contém um documento VXML (1). O documento VXML
informa ao Gateway o arquivo de midia de reprodugdo chamado Welcome-1.wav localizado em
um Media Server.

*Jan 18 03: 34:52.883: processing server
rsp nsg: nsg(67CA63A8)
URL: http://172.18.110. 75: 7000/ CVP/
Server ?appl i cati on=CGoodPrescription
Refil | App7&cal | i d=2AEE8C2A- 0AFB11D6- 801C0013
- 803E8C8E&sessi on. connect i on.
renot e. uri =5555&sessi on. connecti on. | ocal .
uri =5555, fd(3):
*Jan 18 03:34:52. 883: Request nsg:
CET / CVP/ Server ?appl i cati on=
GoodPrescriptionRefill App7&cal |id=
2AEE8C2A- 0AFB11D6- 80100013- 803E8C8
E&sessi on. connecti on. renote.
uri =5555&sessi on
.connection.local.uri=5555 HTTP/ 1.1
*Jan 18 03: 34: 52. 883:
Message Response Code: 200
*Jan 18 03: 34: 52. 883:
Message Rsp Decoded Headers:
*Jan 18 03: 34: 52. 883:
Dat e: Mon, 30 Apr 2007 16:58:39 GMI
*Jan 18 03: 34: 52. 883:
Cont ent - Type: text/xn ;
char set =I SO 8859- 1
*Jan 18 03: 34: 52. 883:
Connecti on: cl ose



*Jan 18 03: 34:52. 883:
Set - Cooki e: JSESSI ONI D=
BBCEOF948ADFDB720497F587A7997538;
Pat h=/ CVP

*Jan 18 03: 34:52.883: headers:

*Jan 18 03:34:52.883: HITP/1.1 200 K

Server: Apache-Coyote/1.1

Set - Cooki e: JSESSI ONl D=BBCEOF948ADF
DB720497F587A7997538; Pat h=/ CvP

Cont ent - Type: text/xm ; charset=I SO 8859-1

Date: Mon, 30 Apr 2007 16:58:39 GMI

Connecti on: cl ose

*Jan 18 03: 34:52.883: body:
*Jan 18 03: 34:52.883: <?xml version="1.0"
encodi ng="UTF- 8" ?>
<vxm version="2.0" application=
"/ CVP/ Ser ver ?audi um_r oot =t r ue&anp;
cal ling_i nt o=GoodPrescriptionRefill App7"
xm : | ang="en-us" >
<formid="audiumstart_form'>
<bl ock>
<assi gn name="audi um vxm Log" expr=""'"'" />
<assi gn nane="audi um el enent
_start_time_nmillisecs”
expr="new Date().getTime()" />
<got o next="#start" />
</ bl ock>
</forne
<formid="start">
<bl ock>
<pronpt bargei n="true">
<audi o src="http://172.18.110. 75/
el come- 1. wav" />
</ pr onpt >
<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log
+ '||]audi o_group$$$’ + 'initial_audi o_group'
+ TANANT
+ application.getEl a
psedTi ne(audi um el ement _start_time_nillisecs)" />
<submit next="/CVP/ Server" nethod="post"
nanel i st =" audi um vxm Log" />
</ bl ock>
</forne
</vxm >

O Gateway envia uma solicitacdo HTTP GET ao Media Server para fazer download do arquivo
Welcome-1.wav

GET /Wl come-1.wav HTTP/ 1.1
Host: 172.18.110.75
Cont ent - Type:
appl i cati on/ x- ww-f or m ur | encoded
Connecti on: cl ose
Accept: text/vxm,
text/x-vxm , application/vxmn,
application/ x-vxm ,
appl i cation/voi cexm ,



appl i cation/ x-voi cexm ,
text/plain, tex

t/htm, audio/basic, audio/wav,
mul ti part/formdata,
application/octet-stream

User - Agent: Cisco-10S- C5400/12.4

O Gateway recebe um 200 OK do Servidor de midia e recebe o conteudo do arquivo Welcome-
1.wav ho corpo da mensagem HTTP

*Jan 18 03: 34: 55. 647:
[ 1127/ HTTPC: / htt pc_socket _r ead:
*Jan 18 03: 34: 55. 647:
read data fromthe socket 3
first 400 bytes of data:
HTTP/ 1.1 200 K
Cont ent - Lengt h: 26450
Cont ent - Type: audi o/ wav
Last - Modi fi ed:
Mon, 30 Apr 2007 15:36:51 GVI
Accept - Ranges: bytes
ETag: "e0c1445f 3d8bc71: 2d6"
Server: Mcrosoft-115/6.0
Date: Mon, 30 Apr 2007 16:58:42 GV
Connecti on: cl ose

Rl FFJg(Unprintable char...)
0057415645666D7420120001010401
FO0401F00108000666163744000176700
64617461176700FFFFFF807
FFFFFFF80FFFFFF8OF

(other hex information not shown).

O Gateway envia uma solicitacdo HTTP POST ao servidor conforme definido na opcao "Enviar"
do documento VXML (1)

POST / CVP/ Server HTTP/ 1.1
Host: 172.18.110.75: 7000
Content -Length: 67
Cont ent - Type:
appl i cation/ x- ww-f or m url encoded
Cooki e: $Versi on=0; JSESSI ONI D=BBCEOF948
ADFDB720497F587A7997538; $Pat h=/ CvP
Connecti on: cl ose
Accept: text/vxm, text/x-vxn,
application/vxm,
application/x-vxm ,
appl i cation/voi cexm ,
appl i cation/ x-voi cexm ,
text/plain, tex
t/htm, audio/basic, audi o/ wav,
mul tipart/formdata,
application/octet-stream
User - Agent: Ci sco-10S-C5400/12.4

O Gateway recebe um 200 OK para sua solicitacdo de HTTP POST

O corpo da mensagem contém o documento VXML (2). O documento VXML instrui o Gateway a
reproduzir "Obrigado por ligar para a farmacia de audio". Observe que esse prompt precisa ser
sintetizado por um Servidor de texto para voz.



*Jan 18 03: 34: 55. 651:
processing server rsp nsg:
nsg( 67CA6960) URL:
http://172.18. 110. 75:
7000/ CVP/ Server, fd(4):
*Jan 18 03:34:55.651: Request nsg:
POST / CVP/ Server HTTP/ 1.1
*Jan 18 03: 34: 55. 651:
Message Response Code: 200
*Jan 18 03: 34: 55. 651:
Message Rsp Decoded Headers:
*Jan 18 03: 34: 55. 651:
Dat e: Mon, 30 Apr 2007 16:58:42 GMI
*Jan 18 03: 34: 55. 651:
Cont ent - Type: text/xn ;
char set = SO 8859- 1
*Jan 18 03: 34:55.651: Connection:cl ose
*Jan 18 03: 34:55. 651: headers:
*Jan 18 03:34:55.651: HITP/ 1.1 200 K
Server: Apache-Coyote/1.1
Cont ent - Type: text/xm ; charset=I SO 8859-1
Date: Mon, 30 Apr 2007 16:58:42 GJI
Connection: close

*Jan 18 03: 34:55. 655: body:
*Jan 18 03: 34: 55. 655: <?xm version="1.0"
encodi ng="UTF- 8" ?>
<vxm version="2.0" application=
"/ CVP/ Ser ver ?audi um_r oot =t r ue&anp;
cal ling_i nt o=GoodPrescriptionRefill App7"
xm : | ang="en-us" >
<formid="audiumstart_form'>
<bl ock>
<assi gn name="audi um vxm Log" expr="'"" />
<assi gn nane="audi um el enent
_start_time_millisecs"”
expr="new Date().getTime()" />
<got 0o next="#start" />
</ bl ock>
</forne
<formid="start">
<bl ock>
<pronpt bargei n="true">
Thank you for calling Audi um pharnacy.

</ pr onpt >
<assi gn nane="audi um vxm Log" expr=
"audi um vxm Log + '| || audi o_group$$s$’

+ "initial _audi o_group'
+ 'AAN+ application.getEl a
psedTi ne(audi um el ement _start_time_nillisecs)" />
<submit next="/CVP/ Server" nethod="post"
nanel i st =" audi um vxm Log" />
</ bl ock>
</forne
</vxm >

O Gateway envia uma solicitacdo de POST HTTP conforme definido na opcdo de envio do
documento VXML (2)

*Jan 18 03: 34:55. 667



[ 1127/ | HTTPC. / htt pc_write_stream
Client wite buffer fd(4):
POST / CVP/ Server HTTP/ 1.1
Host: 172.18.110. 75: 7000
Cont ent - Lengt h: 67
Cont ent - Type:
appl i cati on/ x- ww-f or m ur | encoded
Cooki e: $Versi on=0; JSESSI ONI D=
BBCEOF948ADFDB720497F587A7997538;
$Pat h=/ CVP
Connection: close
Accept: text/vxm, text/x-vxnm,
application/vxm,
application/x-vxm , application/voicexm,
application/x-voicexnm, text/plain, tex
t/htm, audio/basic, audio/wav,
mul ti part/formdata,
application/octet-stream
User - Agent: Cisco-10S-C5400/12.4

O Gateway recebe uma resposta 200 OK para a solicitacdo HTTP POST

O corpo da mensagem contém o documento VXML (3). Este documento VXML define os prompts
de menu que instruem o chamador a inserir 1 ou dizer Refill, ou a digitar 2 ou dizer farmacéutico.
Os prompts sao sintetizados por um Servidor de Texto para Fala. As entradas (fala/DTMF) sao
reconhecidas com um Reconhecedor de Voz Automatico.

*Jan 18 03: 34:57. 499:

processing server rsp nsg:

nsg( 67CA6B48) URL:

http://172.18.110. 75: 7000/ CVP/ Server, fd(4):
*Jan 18 03: 34:57.499: Request nsgQ:

POST / CVP/ Server HTTP/ 1.1
*Jan 18 03: 34:57. 499:

Message Response Code: 200
*Jan 18 03: 34:57. 499:

Message Rsp Decoded Headers:

*Jan 18 03: 34:57. 499:

Dat e: Mon, 30 Apr 2007 16:58:42 GMI
*Jan 18 03: 34:57. 499:

Cont ent - Type: t ext/ xm ; char set =I SO 8859-1
*Jan 18 03:34:57.499: Connection: cl ose
*Jan 18 03: 34:57.499: headers:

*Jan 18 03:34:57.499: HITP/ 1.1 200 K
Server: Apache-Coyote/1.1

Cont ent - Type: text/xm ; charset=I SO 8859-1
Date: Mon, 30 Apr 2007 16:58:42 GV
Connection: cl ose

*Jan 18 03: 34:57.499: body:
*Jan 18 03:34:57.499: ... Buffer too large
- truncated to (4096) |en.
*Jan 18 03:34:57.499: <?xm version="1.0"
encodi ng="UTF- 8" ?>
<vxm version="2.0" application=
"/ CVP/ Ser ver ?audi um _r oot =t r ue&anp;
cal | i ng_i nt o=GoodPrescriptionRefill App7"
xm : 1 ang="en-us">
<property nanme="tineout" val ue="60s" />
<property nane="confidencel evel " val ue="0.40" />
<formid="audiumstart_forni>



<bl ock>

<assi gn name="audi um vxm Log" expr=""'"'" />
<assi gn nane="audi um el enent
_start_time_millisecs"”

expr="new Date().getTime()" />
<got o next="#start" />
</ bl ock>
</forne
<formid="start">
<bl ock>
<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log

+ '||]audi o_group$$$’ + 'initial_audio_group' + 'ANA
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />
<got o nextiten¥"choice_fld" />
</ bl ock>

<field nane="choice_fl d" nodal ="fal se">
<property name="i nput nrodes" val ue="dtnf voice" />
<pronpt bargein="true">Say refills or press 1

O.
Say pharmaci st or press 2.</pronpt>
<catch event="nomatch">
<pronpt bargein="true">Sorry.
I did not understand that.
Say refills or press 1.
Say pharmaci st or press 2.</pronpt>

<assi gn name="audi um vxm Log"
expr ="audi um vxm Log

+ '|]]| nomat ch$$$’ + '1' + 'AAN
+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />

<assi gn name="audi um vxm Log"
expr ="audi um vxm Log

+ '||]audi o_group$$$’ + ' nomat ch_audi o_gr oup'
+ 'AANY + application. get El apsedTi me(
audi um el ement _start_tine_millisecs)" />

</ cat ch>

<cat ch event ="nomat ch" count="2">
<pronpt bargein="true">
Sorry, | still did not get that.

If you are using a speaker phone.

Pl ease use the phone keypad to nake
your sel ection.

Press 1 for refills.
Press 2 to speak to a pharmaci st. </ pronpt >

<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log

+ '|] ]| nomat ch$$$' + '2" + 'AAN
+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />

<assi gn name="audi um vxm Log"
expr ="audi um vxm Log

+ '||]audi o_group$$$’ + ' nomat ch_audi o_gr oup'
+ "ANANT



+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />
</ cat ch>
<catch event="nomatch" count="3">
<pronpt bargei n="true">GCee.

Looks |i ke we are having some trouble. </ pronpt>
<assi gn name="audi um vxm Log"
expr ="audi um vxm Log

+ '|] ]| nomat ch$$$’ + '3 + ' AAN
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />

<assi gn name="audi um vxm Log"
expr ="audi um vxm Log
+ '||]audi o_group$$$’ + ' nomat ch_audi o_gr oup'
+ 'ANANT
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />
<var name="maxNoMat ch" expr=""'yes'" />
<submit next="/CVP/ Server" nethod="post"
namel i st ="
audi um vxm Log maxNoMat ch" />
</ cat ch>
<catch event="noi nput ">
<pronpt bargein="true">Sorry.

I did not hear that.
Say refills or press 1.
Say pharmaci st or press 2.</pronpt>

<assi gn name="audi um vxm Log"
expr ="audi um vxm Log

+ '] ] noi nput $$$' + '1' + ' AAN
+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />

<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log

+ '||]audi o_group$$$’ + ' noi nput _audi o_gr oup'
+ 'AAN+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />

</ cat ch>

<cat ch event ="noi nput" count="2">
<pronpt bargein="true">l am sorry.

I still did not hear that.
If you are using a speaker phone.

Pl ease use the phone keypad
to make your selection.

Press 1 for refills.

Press 2 to speak to a pharmaci st. </ pronpt >

<assi gn name="audi um vxm Log"

expr ="audi um vxmi Log

+ '|]] noi nput $$$' + 2" + ' AN

+ application. get El apsedTi ne

(audi um el emrent _start_tine_mllisecs)" />
<assi gn name="audi um vxm Log"

expr ="audi um vxmi Log

+ '||]audi o_group$$$’ + 'noinput _



audi o_group' + 'AAA
+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />
</ cat ch>
<catch event="noi nput" count="3">
<pronpt bargei n="true">GCee.

Looks |i ke we are having some trouble. </ pronpt>
<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log

+ '|]] noi nput $$$' + '3 + AN
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />

<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log
+ '||]audi o_group$$$’ + 'noinput_
audi o_group' + 'AAA
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />
<var name="maxNol nput" expr=""'yes'" />
<submit next="/CVP/ Server" nethod="post"
nanel i st =" audi um vxm Log maxNol nput" />
</ cat ch>
<option value="refills" dtnf="1">
prescription</option>
<option value="refills">refills</option>
<option value="refills">
prescription refills</option>
<option value="refills">
refill my prescription</option>
<option value="refills">
I want to refill my prescription</option>
<option value="refills">
refills please</option>
<option val ue="Phar maci st"
dt nf =" 2" >Phar maci st </ opti on>
<option val ue="Phar maci st">
I want to speak to a pharnaci st</option>
<option val ue="Phar maci st">
phar maci st pl ease</ opti on>
<filled>
<assi gn nanme="audi um vxm Log"
expr ="audi um vxmi Log
+ '|||utterance$$$’ + choice_fld$.
utterance + ' AN
+ application. get El apsedTi ne
(audi um el emrent _start_tine_mllisecs)" />
<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log
+ '||]inputmode$$s$’ + choice_flds$.
i nput rode + ' AAAN
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />
<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log

+ '"|]]interpretati on$$$’ + choice_fld + 'Arn
+ application. get El apsedTi m
(audi um el ement _start_tine_mllisecs)" />

<assi gn name="audi um vxm Log"
expr ="audi um vxmi Log
+ '| ]| confidence$$$’ + choice_flds$.
confidence + 'AAA
+ application. get El apsedTi ne
(audi um el ement _start_tine_mllisecs)" />



<var name="confi dence"
expr="choi ce_f1d$. confi dence" />
<submit next="/CVP/ Server" nethod="post"
nanel i st =" audi um vxm Log confi dence choice_fld" />
</filled>
</field>
</forne
</vxm >

O gateway cria 0s grampos a serem usados para reconhecimento de voz/DTMF

Essas gramaticas s&o enviadas ao servidor ASR assim que o Gateway estabelece uma sesséo
com o servidor ASR.

*Jan 18 03: 34:57.523
[1127] 1 AFW : [ vapp_asr _change_server:
asr_server=si p:asr@y?v72.18.110.76
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _def i ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _def i ne_granmar:
grammar _i d=sessi on: opti on485@i el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW.
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW.
:/ vapp_asr _defi ne_granmar:
encodi ng_nanme=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW.
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW.
:/vapp_asr _def i ne_granmar:
grammar =<?xm versi on="1. 0" encodi ng="UTF-8""?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us"
root="root"><rule id="root" scope="public">
prescri ption</rul e></ granmar >
*Jan 18 03:34:57.523: //-1//NMRCP: / nrcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =339,
Event =0x63ACCCFO
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on486@ el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _defi ne_granmar:
encodi ng_nanme=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _def i ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/vapp_asr _defi ne_granmar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
node="dt nf" root=
"root"><rule id="root" scope=
"public">1</rul e></ gramar >



*Jan 18 03:34:57.523: //-1// MRCP:
/ nTcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =340,
Event =0x63ACCAES
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _def i ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on487@ el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us"
root="root"><rule id="root" scope="public">
refills</rul e></gramar >
*Jan 18 03:34:57.523: //-1// MRCP
2/ nmrcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =341,
Event =0x63ACBC88
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on488@i el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar =<?xm versi on="1. 0" encodi ng="UTF-8""?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us"
root="root"><rule id="root" scope="public">
prescription refills</rul e></granmar>
*Jan 18 03:34:57.523: //-1//MRCP: / nTcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =342,
Event =0x63ACBCBO
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on489@i el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us



*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _def i ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _def i ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ grammar" xm :
| ang="en-us" root="root">
<rule id="root" scope="public">
refill my prescription</rul e><
/ gr anmar >
*Jan 18 03:34:57.523: //-1//MRCP: / nrcp_get _ev:
****>Cal | er PC=0x61BE1F94,
Count =343, Event =0x63ACBCD8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on490@ el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar =<?xm versi on="1. 0" encodi ng="UTF-8""?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us" root="root">
<rule id="root" scope="public">
I want to refill ny prescription
</ rul e></ gr anmar >
*Jan 18 03:34:57.523: //-1//MRCP: / ntcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =344,
Event =0x63ACBDO0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on491@i el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar =<?xm versi on="1. 0" encodi ng="UTF-8"?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "



xm : | ang="en-us"
root="root"><rule id="root" scope="public">
refills please</rul e></gramar
>
*Jan 18 03:34:57.523: //-1//MRCP: / ntcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =345,
Event =0x63ACBD28
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on492@ el d. gr anmar
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us"
root ="root"><rule id="root"
scope="public"> Phar maci st
</ rul e></ gr anmar >
*Jan 18 03:34:57.523: //-1//MRCP: / ntcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =346,
Event =0x63ACBB20
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on493@i el d. gr anmar
*Jan 18 03: 34:57. 523:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
encodi ng_name=UTF- 8
*Jan 18 03: 34:57.523:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
r enot eupdat e=0
*Jan 18 03: 34:57.523:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
node="dt nf" root="root">
<rule id="root" scope=
"publ i c">2</rul e></ gramar >
*Jan 18 03:34:57.523: //-1//MRCP: / nTcp_get _ev:
****>Cal | er PC=0x61BE1F94,
Count =347, Event =0x63ACBD50
*Jan 18 03: 34:57. 523:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
*Jan 18 03: 34:57. 523:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
grammar _i d=sessi on:
opti on494@i el d. gr ammar
*Jan 18 03:34:57.523: //127/] AFW_



:/ vapp_asr _def i ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _def i ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us"
root="root"><rule id="root" scope="public">
I want to speak to a pharnaci st
</ rul e></ gr anmar >
*Jan 18 03:34:57.523: //-1//MRCP: / nrcp_get _ev:
****>Cal | er PC=0x61BE1F94,
Count =348, Event =0x63ACBFF8
*Jan 18 03:34:57.523: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03:34:57.527: [/127/] AFW_
:/ vapp_asr _defi ne_granmar:
grammar _i d=sessi on: opti on495@i el d. gr anmar
*Jan 18 03:34:57.527: [/127/] AFW_
:/ vapp_asr _defi ne_granmar:
xm _| ang=en- us
*Jan 18 03:34:57.527: [/127/] AFW_
:/ vapp_asr _defi ne_granmar:
encodi ng_name=UTF- 8
*Jan 18 03:34:57.527: [/127/] AFW_
:/ vapp_asr _defi ne_granmar:
r enot eupdat e=0
*Jan 18 03:34:57.527: [/127/] AFW_
:/ vapp_asr _defi ne_granmar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us"
root="root"><rule id="root" scope="public">
phar maci st pl ease
</ rul e></ gr anmar >

*Jan 18 03: 34: 57.527:
[1-1/]MRCP: / nTcp_get _ev:

****>Cal | er PC=0x61BE1F94,
Count =349, Event =0x63ACC048
*Jan 18 03:34:57.527: //127/] AFW_
:/ vapp_asr _defi ne_granmar:
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
grammar _i d=sessi on: | i nk496@ocunent . gr amrar
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
xm _| ang=en- us
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
encodi ng_name=UTF- 8
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:



r enot eupdat e=0
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
gr ammar =<?xm versi on="1. 0"
encodi ng="UTF- 8" ?>
<grammar xm ns="http://wwv
w. wW3. or g/ 2001/ 06/ gr ammar " node="voi ce"
version="1.0"
root="Hotlink_02_VO CE' xnl:I|ang="en-us">
<rule id="Hotlink_02_VO CE" scope="public">
<one- of >
<i tenpoperator</itenp
<itemragent</itenm>
<i t enpphar maci st</itenp
</ one- of >
</rul e>
</ granmar >
*Jan 18 03:34:57.527: //-1//MRCP: / ntcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =350,
Event =0x63ACC098
*Jan 18 03: 34:57. 527:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
*Jan 18 03: 34:57. 527:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
grammar _i d=sessi on: | i nk497@ocunent . gr amrar
*Jan 18 03: 34:57. 527:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
xm _| ang=en- us
*Jan 18 03: 34:57. 527:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
encodi ng_name=UTF- 8
*Jan 18 03: 34:57. 527:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
r enot eupdat e=0
*Jan 18 03: 34:57. 527:
[1127] 1 AFW: [ vapp_asr _defi ne_gramar:
grammar =<?xm versi on="1. 0" encodi ng="UTF-8""?>
<grammar xm ns="http://wwv
w. wW3. or g/ 2001/ 06/ gr ammar " node="voi ce" version="1.0"
root="Hotlink_01_VO CE' xnl:|ang="en-us">
<rule id="Hotlink_01_VO CE" scope="public">
<one- of >
<i tenpoperator</itenp
<itemragent</itenmr
<i t enpphar maci st</itenp
</ one- of >
</rul e>
</ grammar >
*Jan 18 03: 34:57.527:
[1-1/]MRCP: / nTcp_get _ev:
****>Cal | er PC=0x61BE1F94, Count =351,
Event =0x63ACCOC0
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
grammar _i d=sessi on: hel p@r anmar
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
xm _| ang=en- us
*Jan 18 03: 34:57. 527:
[1127] 1 AFW : [ vapp_asr _defi ne_gramar:
encodi ng_name=UTF- 8
*Jan 18 03: 34:57. 527:



[1127] 1 AFW : [ vapp_asr _defi ne_gramar:

r enot eupdat e=1
*Jan 18 03: 34:57. 527:

[1127] 1 AFW : [ vapp_asr _defi ne_gramar:

gr ammar =<?xm versi on="1. 0"

encodi ng="UTF- 8" ?>

<grammar version="1.0" xm
I ns="http://ww. w3. org/ 2001/ 06/ gr anmar "

xm : | ang="en-us"

root ="root"><rule id="root"

scope="public">

hel p</rul e></ gr anmar >
*Jan 18 03: 34:57. 527:

[1-1/]NMRCP: / nTcp_get _ev:

****>Cal | er PC=0x61BE1F94, Count =352,

Event =0x63ACBEEOD
*Jan 18 03:34:57.527: [/127// AFW_:/vapp_asr:

grammar _i d=sessi on: opti on485@i el d. gr anmar
grammar _i d=sessi on: opti on486@i el d. gr anmar
grammar _i d=sessi on: opti on487@i el d. gr anmar
grammar _i d=sessi on: opti on488@i el d. gr anmar
grammar _i d=sessi on: opti on489@i el d. gr anmar
grammar _i d=sessi on: opti on490@i el d. gr anmar
grammar _i d=sessi on: opti on491@i el d. gr anmar
grammar _i d=sessi on: opti on492@i el d. gr anmar
grammar _i d=sessi on: opti on493@i el d. gr anmar
grammar _i d=sessi on: opti on494@i el d. gr anmar
grammar _i d=sessi on: opti on495@i el d. gr anmar
granmmar _i d=sessi on: | i nk496@locunent . gr anmar
granmmar _i d=sessi on: | i nk497@locunent . gr anmar
gr anmmar _i d=sessi on: hel p@r ammar

O gateway realiza uma pesquisa de peer de discagem para configurar uma sessdo SIP com o
servidor de texto a voz

O correspondente de discagem de saida 6 € correspondido.

*Jan 18 03: 34:57.527:
[ -2/ xxxxxxxxxxxx/ CCAPI / ccCal | Set upRequest :

Destination Pattern=,
Cal | ed Nunber=sip:tts@?72.18.110. 76,
Digit Strip=FALSE

*Jan 18 03: 34:57.527:
[ -2/ xxxxxxxxxxxx/ CCAPI / ccCal | Set upRequest :

Cal I'i ng Number =5555( TON=Unknown, NPl =Unknown,
Scr eeni ng=Not Scr eened,

Present ati on=Al | owed),

Cal | ed Nunber=sip:tts@?72.18.110. 76( TON=Unknown,
NPI =I SDN) ,

Redi rect Nunber=, Display Info=
Account Number =, Final Destination Fl ag=TRUE,

Gui d=2AEE8C2A- 0AFB- 11D6- 801C- 0013803E8CSE,
Cut goi ng Di al - peer =6



*Jan 18 03:34:57.531:
/] -1/ xxxxxxxxxxxx/ CCAPI / cc
_api _display_ie_subfields:

ccCal | Set upRequest:

Ci sco- user nanme=

ci sco- ani =5555
ci sco-ani type=0

ci sco- ani pl an=0

1l
o

ci sco- ani pi
ci sco-ani si =0
dest=sip:tts@v2.18.110. 76

ci sco-desttype=0

ci sco-dest pl an=1

sco- r di e=FFFFFFFF

Cc

sco-rdn=

Cc

ci sco-rdntype=-1

ci sco-rdnpl an=-1

ci sco-rdnpi =-1

sco-rdnsi=-1

Cc

ci sco-redirectreason=-1 fwd_final _type

final _redirect Nunber =

hunt _group_tineout =0

*Jan 18 03: 34:57.531:
11 - 1] XXXXXXXXXXXX] CCAPI /
ccl FCal | Set upRequest Pri vat e:

I nterface=0x662CE538, Interface Type=3,
Desti nati on=, Mbde=0x0,

Call Parans(Calling Number=5555,
(Cal l'i ng Name=) ( TON=Unknown,

NPl =Unknown, Screeni ng=Not Screened,
Present ati on=Al | owed),

Cal l ed Nunber=sip:tts@?72.18.110.76
( TON=Unknown, NPI =I SDN),
Cal ling Transl at ed=FALSE,

Subscri ber Type Str=Regul arLi ne,
Fi nal Desti nati onFl ag=TRUE,



CQut goi ng Di al - peer=6, Call Count On=FALSE,
Source Trkgrp Route Label =,

Target Trkgrp Route Label =,
tg_l abel _flag=0, Application Call |d=)

O gateway envia um CONVITE SIP para o servidor TTS

O SDP da mensagem CONVITE contém informag¢des de midia para o fluxo de audio e o aplicativo
MRCPv2 (canal de sintetizagao de discurso).

*Jan 18 03:34:57.531:
[ -1/ xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Sent :
INVITE sip:tts@72.18.110.76: 5060 SIP/ 2.0

Via: SIP/2.0/UDP 14.1.16. 25:
5060; br anch=z9hG4bK931F1D

Renmote-Party-ID: <sip:5555@4. 1. 16. 25>;
party=cal |l i ng; screen=no; pri vacy=of f

From <sip:5555@4.1.16.25>
: t ag=E54D43C- 1EC4

To: sip:tts@?72.18.110.76
Date: Fri, 18 Jan 2002 03:34:57 GJI

Cal | -1 D: 2DCA5BEF- AFB11D6- 80D3DC30
- 3585E95A@4. 1. 16. 25

Supported: 100rel,tiner,
resource-priority, replaces

M n-SE: 1800

Gisco-Guid: 720276522-184226262
-2149318675-2151582862

User - Agent: Ci sco- Sl PGat eway/ | OS-12. x
Al low |NVITE, OPTIONS, BYE,
CANCEL, ACK, PRACK, UPDATE,
REFER, SUBSCRI BE, NOTI FY, | NFO REQ STER
CSeq: 101 INVITE
Max- Forwards: 70

Ti mest anp: 1011324897

Contact: <sip:5555@4.1.16.25:5060>



Expires: 180
Al'l ow Events: tel ephone-event
Cont ent - Type: application/sdp

Cont ent - Di sposi tion:
sessi on; handl i ng=requi red

Cont ent - Lengt h: 358

v=0

0=Ci scoSyst ens S| P- GW User Agent
6021 4611 IN I P4 14.1.16.25

s=SI P Cal |

c=INIP4 14.1.16. 25

t=0 0

mrFaudi o 16984 RTP/ AVP 0 101
c=INIP4 14.1.16. 25

a=rt pmap: 0 PCMJ 8000

a=rt pmap: 101 tel ephone-event/ 8000
a=fnt p: 101 0- 16

a=ptine: 20

a=recvonly

a=md: 1

meappl i cation 9 TCP/ MRCPv2
a=set up: active

a=connecti on: new

a=resour ce: speechsynth

a=cmd: 1

O gateway realiza uma pesquisa de peer de discagem para configurar uma sesséo SIP com o
servidor ASR

O correspondente de discagem de saida 5 & correspondido.

*Jan 18 03:34:57.531:
[ -1/ xxxxxxxxxxxx/ CCAPI / ccCal | Set upRequest :



Destination Pattern=
Cal | ed Nunber=sip:asr@?72.18.110. 76,
Digit Strip=FALSE

*Jan 18 03: 34:57.531:
[ -1/ xxxxxxxxxxxx/ CCAPI / ccCal | Set upRequest :

Cal I'i ng Number =5555( TON=Unknown, NPl =Unknown,
Screeni ng=Not Screened, Presentation=Allowed),

Cal | ed Nunber=sip:asr@?72.18.110.76
( TON=Unknown, NPI =I SDN),

Redi rect Nunber=, Display Info=
Account Number =, Final Destination Fl ag=TRUE,

Gui d=2AEE8C2A- 0AFB- 11D6- 801C- 0013803E8CBE.
Cut goi ng Di al - peer=5

*Jan 18 03: 34:57.531:
[] - 1] xxxxxxxxxxxx/ CCAPI / cc_ap
_display_ie_subfields:

ccCal | Set upRequest:

Ci sco- user nanme=

ci sco- ani =5555

ci sco-ani type=0

ci sco- ani pl an=0

ci sco-ani pi =0

ci sco-ani si =0

dest =si p: asr@72. 18. 110. 76

ci sco-desttype=0

ci sco-dest pl an=1

ci sco-rdi e=FFFFFFFF
ci sco-rdn=

ci sco-rdntype=-1

ci sco-rdnpl an=-1

ci sco-rdnpi =-1
cisco-rdnsi=-1

ci sco-redi rectreason=-1
fwd_final _type =0

final _redirect Nunber =

hunt _group_tineout =0



*Jan 18 03: 34:57.535:
[ - 1] XXXXXXXXXXXX] CCAPI
/ ccl FCal | Set upRequest Pri vat e:

I nterface=0x662CE538, Interface Type=3,
Desti nati on=, Mbde=0x0,

Call Parans(Calling Number=5555,
(Cal l'i ng Name=) ( TON=Unknown,

NPl =Unknown, Screeni ng=Not Screened,
Present ati on=Al | owed),

Cal | ed Nunber=sip:asr@?72.18.110.76
( TON=Unknown, NPI =I SDN),
Cal ling Transl at ed=FALSE,

Subscri ber Type Str=Regul arLi ne,
Fi nal Desti nati onFl ag=TRUE,
CQut goi ng Di al - peer=5, Call Count On=FALSE,

Source Trkgrp Route Label =,

Target Trkgrp Route Label =,
tg_l abel _flag=0, Application Call |d=)

Os gateways enviam um CONVITE SIP para o servidor ASR

O SDP contém as informacdes de midia para o fluxo de audio, retransmissdo DTMF. e MRCPv2
Application (canal de reconhecimento de fala).

*Jan 18 03:34:57.535:
[ - 11 xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Sent :
INVI TE sip:asr@72.18.110.76: 5060 SIP/ 2.0

Via: SIP/2.0/UDP
14. 1. 16. 25: 5060; br anch=z9h&4bK94C0B

Renmote- Party-ID: <sip:5555@4. 1. 16. 25>;
party=cal | i ng; screen=no; pri vacy=of f

From <sip:5555@4.1.16.25>;tag=E54D440- 1CDB
To: sip:asr@?72.18.110.76
Date: Fri, 18 Jan 2002 03:34:57 GJI

Cal | -1 D: 2DCAF817- AFB11D6
- 80D5DC30- 3585E95A@L 4. 1. 16. 25

Supported: 100rel,tiner,
resource-priority, replaces

M n-SE: 1800



Ci sco-CGuid: 720276522-184226262-
2149318675- 2151582862

User - Agent: Ci sco- Sl PGat eway/ | OS-12. x
Allow |INVITE, OPTIONS, BYE, CANCEL,
ACK, PRACK, UPDATE,
REFER, SUBSCRI BE, NOTI FY, | NFO REGQ STER
CSeq: 101 INVITE
Max- Forwar ds: 70
Ti mest anp: 1011324897
Contact: <sip:5555@4.1.16. 25: 5060>
Expires: 180
Al'l ow Events: tel ephone-event

Cont ent - Type: application/sdp

Cont ent - Di sposi tion:
sessi on; handl i ng=r equi red

Cont ent - Lengt h: 358

v=0

0=Ci scoSyst ens S| P- GW User Agent
6805 2057 IN I P4 14.1.16.25

s=SI P Cal |

c=INIP4 14.1.16. 25

t=0 0

mraudi o 19994 RTP/ AVP 0 101
c=INIP4 14.1.16. 25

a=rt pmap: 0 PCMJ 8000

a=rt pmap: 101 tel ephone-event/ 8000
a=fnt p: 101 0- 16

a=ptine: 20

a=sendonl y

a=md: 1

meappl i cation 9 TCP/ MRCPv2
a=set up: active

a=connecti on: new

a=resource: speechr ecog



a=cmd: 1

O gateway recebe uma resposta 200 OK (para o CONVITE SIP) do servidor ASR

1. Codec G711ulaw, endereco IP e numeros de porta RTP para o fluxo de audio.

2. O atributo de direcao deste fluxo RTP é "recvonly".

3. Relé DTMF baseado em RTP-NTE.

4. Numero da porta TCP (51001) a ser usado pelo Gateway para estabelecer uma sessao
MRCPv2 com o servidor ASR.

*Jan 18 03:34:57.559
1] - 1] xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Recei ved
SIP/2.0 200 K

Via: SIP/2.0/UDP 14.1.16. 25: 5060;
branch=z9h&bk94C0B

To: <sip:asr@72.18.110. 76>; t ag=a99d0500
From <sip:5555@4.1.16.25>;tag=E54D440- 1CDB

Cal | -1 D 2DCAF817- AFB11D6- 80D5DC30-
3585E95A@4. 1. 16. 25

CSeq: 101 INVITE
Contact: <sip:172.18.110.76: 5060>
Cont ent - Type: application/sdp

Content - Lengt h: 342

v=0

0=MRCPv2Ser ver 3386937590 3386937590
INI1P4 172.18.110.76

s=SI P Cal

c=INIP4 172.18.110.76

t =3386937590 0

mFaudi o 10002 RTP/ AVP 0 101

a=rt pmap: 0 PCMJ 8000

a=rt pnap: 101 tel ephone-event/ 8000
a=recvonly

meappl i cation 51001 TCP/ MRCPv2



a=connecti on: new
a=set up: passi ve
a=nodel : besteffort

a=channel : 000023B846361276 @peechr ecog

O gateway envia ACK SIP para o servidor ASR

A sessédo SIP para o ASR é estabelecida entre o Gateway e o servidor ASR.

*Jan 18 03:34:57.563:
[ -1/ xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Sent :

ACK sip:172.18.110.76:5060 SIP/2.0

Via: SIP/2.0/UDP 14.1.16. 25: 5060; br anch=z9hG4bK9520FA
From <sip:5555@4.1.16.25>;tag=E54D440- 1CDB

To: <sip:asr@72.18.110. 76>; t ag=a99d0500

Date: Fri, 18 Jan 2002 03:34:57 GVl

Cal | -1 D:. 2DCAF817- AFB11D6- 80D5DC30- 3585E95A@L4. 1. 16. 25
Max- Forwards: 70

CSeq: 101 ACK

Al | ow Events: tel ephone-event

Content-Length: 0O

O gateway envia a solicitacgo MRCP "DEFINE-GRAMMER" ao servidor ASR

Apenas uma solicitagdo é mostrada aqui.

MRCP/ 2. 0 446 DEFI NE- GRAMMAR 1

Channel -l dentifier: 000023B846361276@peechr ecog

Speech- Language: en-us

Cont ent - Base: http://172.18.110. 75: 7000/ CVP/

Cont ent - Type: application/srgs+xm



Content-1d: optiond485@i el d. gr anmar

Cont ent - Lengt h: 193

<?xm version="1.0" encodi ng="UTF- 8" ?>
<gramar version="1.0"
m ns="http://ww. w3. org/ 2001/ 06/ gr anmar "
xm : | ang="en-us" root="root"

><rule id="root" scope="public">
prescription</rul e></grammar>

O Gateway recebe uma resposta 200 COMPLETA para sua solicitacdo DEFINE-GRAMMAR

*Jan 18 03:34:57.587: //-1//NMRCP: /[ hash_get:
Tabl e=nr cpv2_socket _connect _tabl e, Key=0:
MRCP/ 2.0 80 1 200 COWPLETE

Channel -l dentifier: 000023B846361276@peechr ecog

O Gateway recebe uma resposta 200 OK (para o CONVITE SIP) do servidor TTS

O SDP da mensagem CONVITE SIP especifica estes:

1. Codec G711ulaw, endereco IP e numeros de porta RTP para o fluxo de audio.

’

2. O atributo de direcao deste fluxo RTP é "sendonly".

3. Relé DTMF baseado em RTP-NTE

4. Numero da porta TCP (51000) a ser usado pelo Gateway para estabelecer uma sessao
MRCPv2 com o servidor TTS.

*Jan 18 03: 34:57.591:
[ - 1] xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Recei ved:
SIP/ 2.0 200 K

Via: SIP/2.0/UDP 14.1.16. 25: 5060;
branch=z9h&bk931F1D

To: <sip:tts@72.18.110.76>;tag=c1160600
From <sip:5555@4. 1. 16. 25>; t ag=E54D43C- 1EC4

Cal | -1 D 2DCA5BEF- AFB11D6- 80D3DC30-
3585E95A@4. 1. 16. 25

CSeq: 101 INVITE



Contact: <sip:172.18.110.76: 5060>
Cont ent - Type: application/sdp

Cont ent - Lengt h: 342

v=0

0=MRCPv2Server 3386937590 3386937590
IN P4 172.18.110.76

s=SI P Cal

c=INIP4 172.18.110.76

t =3386937590 0

mraudi o 10000 RTP/ AVP 0 101
a=rt pmap: 0 PCMJ 8000

a=rt pmap: 101 tel ephone-event/ 8000
a=sendonl y

meappl i cati on 51000 TCP/ MRCPv2
a=connecti on: new
a=set up: passi ve
a=nodel : besteffort

a=channel : 000023EC46361276@peechsynt h

O gateway envia ACK SIP para o servidor TTS

A sessao SIP do Text-to-Speech é estabelecida entre o Gateway e o servidor TTS.

*Jan 18 03:34:57.595
/] - 1/ XXXXXXXXXXXX/ S| P/
Msg/ ccsi pDi spl ayMsg:
Sent :

ACK sip:172.18.110. 76: 5060 SIP/2.0

Via: SIP/2.0/UDP 14.1.16. 25:5060;
br anch=z9hG4bK9626BC

From <sip:5555@4.1.16.25>;tag=E54D43C- 1EC4
To: <sip:tts@72.18.110.76>;tag=c1160600
Date: Fri, 18 Jan 2002 03: 34: 57 GJI

Cal | -1 D: 2DCA5BEF- AFB11D6- 80D3DC30
- 3585E95A@4. 1. 16. 25



Max- Forwar ds: 70
CSeq: 101 ACK
Al'l ow Events: tel ephone-event

Content-Length: O

O gateway envia uma solicitacdo MRCP "RECONHECIDQO" ao servidor ASR

MRCP/ 2.0 987
RECOGNI ZE 15

Channel -1 dentifier:
000023B846361276@ peechr ecog

Speech- Language: en-us

Confi dence- Threshol d: 0. 40
Sensitivity-Level: 0.50

Speed- Vs- Accuracy: 0.50

Cancel - | f - Queue: false
Dtnf-1nterdigit-Timeout: 10000
Dt nf - Term Ti meout: O

Dt nf-Term Char: #

No- I nput - Ti meout: 60000

N Best-List-Length: 1

Loggi ng- Tag: 127: 127

Accept - Charset: charset: utf-8

Cont ent - Base:
http://172.18.110. 75: 7000/ CVP/

Medi a- Type: audi o/ basi c

Start-Input-Tinmers: false

Cont ent - Type: text/uri-list

Cont ent - Lengt h: 453

session: opti on485@i el d. gr anmar



session: opti on486@i el d. gr anmar

session: opti on487@i el d. gr anmar
session: opti on488@i el d. gr anmar

session: opti on489@i el d. gr anmar

session: opti on490@i el d. gr anmar
session: opti on491@i el d. gr anmar

session: opti on492@i el d. gr anmar

session: opti on493@i el d. gr anmar
session: opti on494@i el d. gr anmar
session: opti on495@i el d. gr anmar
session: | i nk496@ocunent . gr amrar

session: | i nk497@ocunent . gr amrar

sessi on: hel p@r anmar

O servidor ASR envia resposta "EM ANDAMENTOQ" (para solicitacdo de RECONHECIMENTOQ) ao
gateway

MRCP/ 2.0 84 15 200 | N- PROGRESS

Channel -l dentifier:
000023B846361276@ peechr ecog

O Gateway conclui o download do arquivo de midia Welcome-1.wav

Ele o armazena no cache e reproduz o prompt para o chamador.

*Jan 18 03: 35: 04. 335:
[ 1127/ I HTTPC. / htt pc_i s_cached:
HTTPC_FI LE_| S_CACHED

*Jan 18 03:35:04.335: //-1//HTTPC:
/ httpc_set _cache_revoke_ch:
Regi stering revoke_cal | back(0x61CDD948)
+pcont ext (0x63A7AAA8) for cach

ep( 0x68734930)

*Jan 18 03:35:04.335: //127// AFW_:/vapp_dri ver:
evtI D. 146 vapp record state: O

*Jan 18 03:35:04.335: //127// AFW_: / vapp_pl ay_done:
evl D=146 reason=17,



protocol =5, status_code=0, dur=3291, rate=0
*Jan 18 03:35:04.335: //127/ 2AEE8C2A801C/ VXM

/vxm _medi a_done

O gateway envia a solicitacdo MRCP "SPEAK" ao servidor TTS para reproduzir o prompt de
agradecimento

MRCP/ 2.0 376 SPEAK 1

Channel -l dentifier:
000023EC46361276@ peechsynt h

Kill-On-Barge-In: true
Speech- Language: en-us
Loggi ng- Tag: 127: 127

Cont ent - Base
http://172.18.110. 75: 7000/ CVP/

Cont ent - Type: application/ssm +xm

Cont ent - Lengt h: 123

<?xm version="1.0" encodi ng="UTF- 8" ?>
<speak version="1.0" xm:|ang="en-us">
Thank you for calling Audi um pharnacy. </ speak>

O Servidor TTS envia a Resposta "EM PROGRESSQ" para a Solicitacdo SPEAK

MRCP/ 2.0 83 1 200 | N- PROGRESS

Channel -l dentifier:
000023EC46361276@ peechsynt h

O servidor TTS envia a mensagem "SPEAK-COMPLETE" depois de falar com o prompt de
agradecimento

MRCP/ 2.0 141 SPEAK- COWLETE 1 COWPLETE

Channel -l dentifier:
000023EC46361276@ peechsynt h

Conpl eti on- Cause: 000 nor nal



Speech- Mar ker:

O chamador PSTN digita "1" para escolher Refill

O gateway envia esse digito como um evento RTP-NTE para o servidor ASR.

*Jan 18 03:35:12.583:
s=DSP d=Vol P payl oad 0x65 ssrc
0x15 sequence Ox1E9B ti nestanp 0x2FADCC60

*Jan 18 03: 35:12.583: Pt: 101 Evt:1
Pkt: 03 00 00 <Snd>>>

*Jan 18 03:35:12.587:
s=DSP d=Vol P payl oad 0x65 ssrc
0x15 sequence Ox1E9C ti nestanp O0x2FADCC60

*Jan 18 03: 35:12. 587: Pt: 101 Evt:1
Pkt: 03 00 00 <Snd>>>

*Jan 18 03:35:12.631:
s=DSP d=Vol P payl oad 0x65 ssrc
0x15 sequence Ox1E9E ti nestanp O0x2FADCC60

*Jan 18 03:35:12. 631: Pt: 101 Evt:1
Pkt: 03 01 90 <Snd>>>

*Jan 18 03:35:12. 683:
s=DSP d=Vol P payl oad 0x65 ssrc
0x15 sequence Ox1E9F ti nestanp O0x2FADCC60

*Jan 18 03: 35:12. 683: Pt: 101 Evt:1
Pkt: 03 03 20 <Snd>>>

*Jan 18 03:35:12. 703:
s=DSP d=Vol P payl oad 0x65 ssrc
0x15 sequence Ox1EAO tinestanp O0x2FADCC60

*Jan 18 03:35:12.703: Pt: 101 Evt:1
Pkt: 83 03 38 <Snd>>>

*Jan 18 03:35:12.707: s=DSP d=Vol P payl oad
0x65 ssrc 0x15 sequence Ox1EAl tinestanp O0x2FADCC60

*Jan 18 03:35:12. 707: Pt: 101 Evt:1
Pkt: 83 03 38 <Snd>>>

*Jan 18 03:35:12.711: s=DSP d=Vol P payl oad
0x65 ssrc 0x15 sequence

Ox1EA2 ti nestanp O0x2FADCC60

*Jan 18 03:35:12.711: Pt: 101 Evt:1
Pkt: 83 03 38 <Snd>>>

O servidor ASR envia uma mensagem "RECONHECITION-COMPLETE" ao gateway

Isso notifica o gateway de que reconheceu um dos eventos solicitados (nesse caso, digito 1).



MRCP/ 2.0 513
RECOGNI TI ON- COMPLETE 15 COVPLETE

Channel -l dentifier:
000023B846361276@ peechr ecog

Proxy- Sync-1d: 0B82553000000027
Conpl et i on- Cause: 000 success
Cont ent - Type: application/nlsm +xm

Cont ent - Lengt h: 292

<?xm version="1.0" encodi ng="UTF- 8" ?>
<result grammar="session:option486@i el d. gramar ">
<interpretation grammar=
"session:option486@i el d. grammar"

confi dence="0. 000000" >

<i nst ance>

</instance>

<i nput node="dt nf"
confi dence="1. 000000" >

</input >
</interpretation>

</result>

O gateway VXML recebe uma notificacdo de reconhecimento bem-sucedida do servidor ASR

Ap0bs o recebimento desta notificagdo, o Gateway VXML envia uma solicitagdo HTTP POST
conforme especificado na tag SUBMIT do documento VXML (3). Essa solicitagdo POST informa
ao servidor VXML que o digito 1 foi inserido pelo chamador PSTN.

*Jan 18 03:35:12. 863:
[1127] 2AEE8C2A801C/ VXM.: / vxml _vapp_bgpost :

url http://172.18.110. 75: 7000/ CVP/ Ser ver
cachabl e 1 tineout

0 body audi um vxm Log=% C% C% Caudi o
_group$$sinitial _audi o_gr oup%bE%

S5EYSE4A% Co% Co%r Cut t er ance$$$196EYSEYSELS3
40% C% C% Ci nput node
$$%$dt nf YBEYGEYHEL15344% C%a 9w C



interpretation$$$refill s¥oEYGEYSEL5344%C

% C% Cconfi dence$$$096EGEYBELS3448&conf i dence=
O&choice_fld=refills
| en 258maxage -1 naxstale -1

*Jan 18 03:35:12.863: //127// AFW _:/vapp_bgpost:
url =http://172.18. 110. 75: 7000/ CVP/ Ser ver ;
m me_t ype=appl i cati on/ x- ww«+ f or m ur | encod

ed; |en=258; iov_base=audi um vxm Log=% C% C% Caudi o0_
group$$$i ni tial _audi o_group
VOEYBEYSEAW CUr Cow Cut t er ance
$$$196EYBEYBELS5340% CU%/ C

%/ Ci nput mode$$$dt nf YBEYGEYBEL5344%
7C@C% Cinterpretati on$$$refills
YSEYSEYSE15344% C% C%/ Cconf i dence$$$0
YBEYBEYDEL5344&conf i dence=0&

choice_fld=refills

*Jan 18 03: 35:12.931:
about to send data to the socket 3
first 400 bytes of data:
POST / CVP/ Server HTTP/ 1.1
Host: 172.18.110. 75: 7000
Cont ent - Lengt h: 258
Cont ent - Type: application/ x-wwformurl encoded
Cooki e: $Versi on=0; JSESSI ONI D=
BBCEOF948ADFDB720497F587A7997538;
$Pat h=/ CVP
Connecti on: cl ose
Accept: text/vxm, text/x-vxm, application/vxn,
application/x-vxm ,
application/voi cexm , application/x-voicexm,

text/plain, tex

t/htm, audio/basic, audio/wav, multipart/formdat

O ASR reconhece o numero de assinatura de 4 digitos

O ASR envia uma mensagem de MRCP CONCLUIDO DE RECONHECIMENTO para o 10S
VXML Gateway.

MRCP/ 2.0 533
RECOGNI TI ON- COVPLETE 21 COVPLETE

Channel -l dentifier:
000023B846361276@ peechr ecog



Proxy- Sync-1d: 0B82553000000028
Conpl et i on- Cause: 000 success
Cont ent - Type: application/nlsm +xm

Cont ent - Lengt h: 312

<?xm version="1.0" encodi ng="UTF- 8" ?>

<result grammar=
"session:fiel d498@i el d. granmar " >

<interpretation grammar=
"session:fiel d498@i el d. granmar "
confi dence="0. 738968" >
<i nst ance>
1234

</instance>

<i nput node="speech"
confidence="0. 752155" >

one two three four
</i nput >
</interpretation>

</result>

The final VXM. docunent sent by the
VXM. server contains just the
<exit\> tag in the <fornp

This tells the Gateway to
term nate the VXML session

O ultimo documento VXML enviado pelo VXML Server contém apenas a etiqueta de saida no
formulario

Isso instrui o Gateway a encerrar a sessao VXML

*Jan 18 03:36: 07. 159:
processing server rsp nsg:
nsg( 67CA85F8) URL:
http://172.18. 110. 75: 7000/ CVP/ Server, fd(3):

*Jan 18 03:36:07.159: Request nsg:
POST / CVP/ Server HTTP/ 1.1



*Jan 18 03:36: 07. 159:
Message Response Code: 200

*Jan 18 03: 36: 07. 159:
Message Rsp Decoded Headers:

*Jan 18 03:36:07.159: D
ate: Mon, 30 Apr 2007 16:59: 53 GVII

*Jan 18 03: 36: 07. 159:
Cont ent - Type: t ext/xm ; char set =I SO 8859- 1

*Jan 18 03:36:07.159: Connection:cl ose
*Jan 18 03: 36:07.159: Set- Cooki e:
JSESSI ONIl D=NULL;
Expi res=Thu, 01-Jan-1970
00: 00: 10 GMII; Pat h=/ CVP
*Jan 18 03:36:07.159: headers:
*Jan 18 03:36:07.159: HITP/1.1 200 K

Server: Apache-Coyote/1.1

Set - Cooki e: JSESSI ONI D=NULL; Expi res=Thu,
01-Jan-1970 00: 00: 10 GMT; Pat h=/ CVP

Cont ent - Type: text/xm ; charset=I SO 8859-1
Date: Mon, 30 Apr 2007 16:59:53 GMI

Connection: close

*Jan 18 03: 36:07.159: body:

*Jan 18 03:36:07.159: <?xml version="1.0"
encodi ng="UTF- 8" ?>

<vxm version="2.0" xm :lang="en-us">

<catch event="vxmi .session.error">
<exit />

</ cat ch>

<catch event ="t el ephone. di sconnect . hangup" >
<exit />

</ cat ch>

<catch event ="t el ephone. di sconnect ">
<exit />

</ cat ch>

<cat ch event ="error.unsupported. object">



<exit />

</ cat ch>

<catch event="error

<exit />

</ cat ch>

<catch event="error

<exit />

</ cat ch>

<catch event="error

<exit />

</ cat ch>

<catch event="error

<exit />

</ cat ch>

<catch event="error

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

. unsupport ed. | anguage" >

.unsupported. f or mat " >

.unsupported. el ement " >

.unsupported. buil tin">

.unsupported" >

semantic">

nor esour ce" >

noaut hori zati on" >

event handl er. not f ound" >

connecti on. norout e" >



<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

<exit />

</ cat ch>

<catch event="error.

connecti on. noresour ce" >

connection. nolicense">

connecti on. noaut hori zati on" >

connecti on. baddesti nati on">

condi ti on. baddesti nati on">

com ci sco.

nmedi a. resour ce. unavai |l abl e" >

<exit />

</ cat ch>

<catch event =

"error.comcisco. handoff.failure">

<exit />

</ cat ch>

<catch event =

"error.comcisco. call handoff.failure">

<exit />

</ cat ch>

<catch event =

"error.comcisco. aaa. aut horize.failure">

<exit />

</ cat ch>

<catch event =

"error.comcisco. aaa. aut henticate.failure">

<exit />



</ cat ch>

<catch event="error. badfetch. https">
<exit />

</ cat ch>

<catch event="error. badfetch. http">
<exit />

</ cat ch>

<catch event ="error. badfetch">
<exit />

</ cat ch>

<catch event="error">
<exit />

</ cat ch>

<cat ch event ="di sconnect. com ci sco. handof f">
<exit />

</ cat ch>

<cat ch event ="connecti on. di sconnect . hangup" >
<exit />

</ cat ch>

<cat ch event ="connecti on. di sconnect ">
<exit />

</ cat ch>

<fornme
<bl ock>

<exit />

</ bl ock>

</forne

</ vxm >

O gateway encerra o aplicativo VXML

*Jan 18 03: 36: 14. 155:
[1127] 2AEE8C2A801C/ VXM.: / vxm _vapp_t erm nat e:



vapp_status=0 ref_count 0

*Jan 18 03: 36: 14. 155:
[1127] 1 AFW : [/ vapp_t er mi nat e:

*Jan 18 03: 36: 14.155: //127// AFW.
:/ vapp_session_exit _event _nane:
Exit Event vxm .session.conplete

*Jan 18 03: 36: 14. 155:
[ 1127/ ] AFW : /| AFW M Vxm Modul e_Ter mi nat e:

*Jan 18 03: 36: 14. 155:
/1 131/ 2AEE8C2A801C/ CCAPI / ccCal | Di sconnect :

Cause Val ue=16, Tag=0x0, Call Entry
(Previ ous Di sconnect Cause=0,

Di sconnect Cause=0)

*Jan 18 03: 36: 14. 155:
/1 131/ 2AEE8C2A801C/ CCAPI / ccCal | Di sconnect :

Cause Val ue=16, Call Entry(Responsed=TRUE,
Cause Val ue=16)

O gateway desconecta a sessao SIP estabelecida com o servidor ASR

*Jan 18 03:36: 14. 159:
[ -1/ xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Sent :
BYE si p:172.18. 110. 76: 5060 SIP/ 2.0

Via: SIP/2.0/UDP 14.1.16. 25:
5060; br anch=z9hG4bK971131

From <sip:5555@4.1.16.25>;tag=E54D440- 1CDB
To: <sip:asr@72.18.110. 76>; t ag=a99d0500
Date: Fri, 18 Jan 2002 03: 34: 57 GJI

Cal | -1 D 2DCAF817- AFB11D6- 80D5DC30-
3585E95A@4. 1. 16. 25

User - Agent: Ci sco- Sl PGat eway/ | OS-12. x
Max- Forwards: 70

Ti mestanp: 1011324974

CSeq: 102 BYE

Reason: Q 850; cause=16

Content-Length: 0O

*Jan 18 03: 36: 14. 607:



[ -1 xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:
Recei ved:
SIP/2.0 200 K

Via: SIP/2.0/UDP 14.1.16. 25:
5060; br anch=z9hG4bK971131

To: <sip:asr@72.18.110. 76>; t ag=a99d0500
From <sip:5555@4. 1. 16. 25>; t ag=E54D440- 1CDB

Cal | -1 D 2DCAF817- AFB11D6- 80D5DC30-
3585E95A@L 4. 1. 16. 25

CSeq: 102 BYE
Contact: <sip:172.18.110.76: 5060>

Content-Length: O

O gateway desconecta a sessao SIP estabelecida com o servidor TTS

*Jan 18 03: 36: 14. 159:
[ -1 xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Sent :

BYE sip:172.18.110. 76: 5060 SIP/ 2.0

Via: SIP/2.0/UDP 14.1.16. 25:5060; branch=z9hG4bK981487
From <sip:5555@4. 1. 16. 25>;t ag=E54D43C- 1EC4

To: <sip:tts@72.18.110.76>;tag=c1160600

Date: Fri, 18 Jan 2002 03:34:57 GMI

Cal | -1 D. 2DCA5BEF- AFB11D6-
80D3DC30- 3585E95A@L4. 1. 16. 25

User - Agent: Ci sco- Sl PGat eway/ | OS-12. x
Max- Forwar ds: 70

Ti mest anp: 1011324974

CSeq: 102 BYE

Reason: Q 850; cause=16

Content-Length: O

*Jan 18 03: 36: 14. 215:
[ -1 xxxxxxxxxxxx/ Sl P/ Msg/ ccsi pDi spl ayMsg:

Recei ved:



SIP/2.0 200 K

Via: SIP/2.0/UDP
14. 1. 16. 25: 5060; br anch=z9h4bK981487

To: <sip:tts@72.18.110.76>;tag=c1160600
From <sip:5555@4. 1. 16. 25>;t ag=E54D43C- 1EC4

Call-1D
2DCA5BEF- AFB11D6- 80D3DC30- 3585E95A@L4. 1. 16. 25

CSeq: 102 BYE
Contact: <sip:172.18.110.76: 5060>

Content-Length: O

O gateway desconecta a chamada no lado ISDN

*Jan 18 03: 36:14.611: |SDN Se3/0:23 @31: TX ->
DI SCONNECT pd = 8 callref = 0x805A

Cause i = 0x8090 - Normal call clearing

*Jan 18 03: 36: 14. 623: | SDN Se3/0: 23 31:
RX <- RELEASE pd = 8 callref = O0x005A

*Jan 18 03: 36: 14. 623: | SDN Se3/0: 23 31:
TX -> RELEASE COWP pd = 8 callref = 0x805A
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