SSH Secure Shell 3.2.9 (Build 283)

Copyright (c) 2000-2003 SSH Communications Security Corp - http://www.ssh.com/

This copy of SSH Secure Shell is a non-commercial version.

This version does not include PKI and PKCS #11 functionality.

Last login: Fri Jan 19 09:34:45 2007 from 201.78.196.177

Have a lot of fun...

local:~ # asterisk -r

Asterisk 1.2.14, Copyright (C) 1999 - 2006 Digium, Inc. and others.

Created by Mark Spencer <markster@digium.com>

Asterisk comes with ABSOLUTELY NO WARRANTY; type 'show warranty' for details.

This is free software, with components licensed under the GNU General Public

License version 2 and other licenses; you are welcome to redistribute it under

certain conditions. Type 'show license' for details.

=========================================================================

Connected to Asterisk 1.2.14 currently running on local (pid = 6570)

Verbosity is at least 10

    -- Executing SetCallerID("SIP/700-0819fe68", "3056751896") in new stack

    -- Executing Dial("SIP/700-0819fe68", "SIP/0115503133725321@sip.broadvoice.com|30") in new stack

    -- Called 0115503133725321@sip.broadvoice.com

Jan 19 09:39:56 WARNING[6609]: chan_sip.c:9813 handle_response_invite: Forbidden - wrong password on authentication for INVITE to '"3056751896" <sip:3056751896@sip.broadvoice.com>;tag=as66b7ee88'

    -- SIP/sip.broadvoice.com-0819a928 is circuit-busy

  == Everyone is busy/congested at this time (1:0/1/0)

    -- Executing Congestion("SIP/700-0819fe68", "") in new stack

  == Spawn extension (altavista, 6203133725321, 3) exited non-zero on 'SIP/700-0819fe68'

local*CLI> sip show registry 

Host                            Username       Refresh State               

local*CLI> sip debug

SIP Debugging enabled

local*CLI> 

<-- SIP read from 201.78.196.177:36634: 

INVITE sip:6203133725321@201.80.62.65 SIP/2.0

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-4a2b1231d86ff970-1--d87543-;rport

Max-Forwards: 70

Contact: <sip:700@201.78.196.177:36634>

To: "6203133725321"<sip:6203133725321@201.80.62.65>

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 1 INVITE

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, NOTIFY, MESSAGE, SUBSCRIBE, INFO

Content-Type: application/sdp

User-Agent: X-Lite release 1002tx stamp 29712

Content-Length: 484

v=0

o=- 8 2 IN IP4 192.168.1.103

s=<CounterPath eyeBeam 1.5>

c=IN IP4 192.168.1.103

t=0 0

m=audio 18536 RTP/AVP 107 119 0 98 8 3 101

a=alt:1 3 : h/V0kXW0 uSsqxU5K 192.168.1.103 18536

a=alt:2 2 : Ua9GdNNJ r38cNmiA 192.168.0.1 18536

a=alt:3 1 : uLjV3vQ+ 0tgYW4SO 192.168.130.1 18536

a=fmtp:101 0-15

a=rtpmap:107 BV32/16000

a=rtpmap:119 BV32-FEC/16000

a=rtpmap:98 iLBC/8000

a=rtpmap:101 telephone-event/8000

a=sendrecv

a=x-rtp-session-id:8930B9B22BB44C25B87F725C12EA2048

--- (12 headers 16 lines) ---

Using INVITE request as basis request - a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

Sending to 192.168.1.103 : 36634 (NAT)

Reliably Transmitting (NAT) to 201.78.196.177:36634:

SIP/2.0 407 Proxy Authentication Required

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-4a2b1231d86ff970-1--d87543-;received=201.78.196.177;rport=36634

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

To: "6203133725321"<sip:6203133725321@201.80.62.65>;tag=as270f8194

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 1 INVITE

User-Agent: Asterisk PBX

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, SUBSCRIBE, NOTIFY

Proxy-Authenticate: Digest algorithm=MD5, realm="asterisk", nonce="67d1da27"

Content-Length: 0

---

Scheduling destruction of call 'a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.' in 15000 ms

Found user '700'

local*CLI> 

<-- SIP read from 201.78.196.177:36634: 

ACK sip:6203133725321@201.80.62.65 SIP/2.0

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-4a2b1231d86ff970-1--d87543-;rport

To: "6203133725321"<sip:6203133725321@201.80.62.65>;tag=as270f8194

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 1 ACK

Content-Length: 0

--- (7 headers 0 lines) ---

local*CLI> 

<-- SIP read from 201.78.196.177:36634: 

INVITE sip:6203133725321@201.80.62.65 SIP/2.0

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-a767ee64f12e2f52-1--d87543-;rport

Max-Forwards: 70

Contact: <sip:700@201.78.196.177:36634>

To: "6203133725321"<sip:6203133725321@201.80.62.65>

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 2 INVITE

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, NOTIFY, MESSAGE, SUBSCRIBE, INFO

Content-Type: application/sdp

Proxy-Authorization: Digest username="700",realm="asterisk",nonce="67d1da27",uri="sip:6203133725321@201.80.62.65",response="524ab28824a030dd6467ad117df06f27",algorithm=MD5

User-Agent: X-Lite release 1002tx stamp 29712

Content-Length: 484

v=0

o=- 8 2 IN IP4 192.168.1.103

s=<CounterPath eyeBeam 1.5>

c=IN IP4 192.168.1.103

t=0 0

m=audio 18536 RTP/AVP 107 119 0 98 8 3 101

a=alt:1 3 : h/V0kXW0 uSsqxU5K 192.168.1.103 18536

a=alt:2 2 : Ua9GdNNJ r38cNmiA 192.168.0.1 18536

a=alt:3 1 : uLjV3vQ+ 0tgYW4SO 192.168.130.1 18536

a=fmtp:101 0-15

a=rtpmap:107 BV32/16000

a=rtpmap:119 BV32-FEC/16000

a=rtpmap:98 iLBC/8000

a=rtpmap:101 telephone-event/8000

a=sendrecv

a=x-rtp-session-id:8930B9B22BB44C25B87F725C12EA2048

--- (13 headers 16 lines) ---

Using INVITE request as basis request - a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

Sending to 192.168.1.103 : 36634 (NAT)

Found user '700'

Found RTP audio format 107

Found RTP audio format 119

Found RTP audio format 0

Found RTP audio format 98

Found RTP audio format 8

Found RTP audio format 3

Found RTP audio format 101

Peer audio RTP is at port 192.168.1.103:18536

Found description format BV32

Found description format BV32-FEC

Found description format iLBC

Found description format telephone-event

Capabilities: us - 0x10e (gsm|ulaw|alaw|g729), peer - audio=0x40e (gsm|ulaw|alaw|ilbc)/video=0x0 (nothing), combined - 0xe (gsm|ulaw|alaw)

Non-codec capabilities: us - 0x1 (telephone-event), peer - 0x1 (telephone-event), combined - 0x1 (telephone-event)

Looking for 6203133725321 in altavista (domain 201.80.62.65)

list_route: hop: <sip:700@201.78.196.177:36634>

Transmitting (NAT) to 201.78.196.177:36634:

SIP/2.0 100 Trying

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-a767ee64f12e2f52-1--d87543-;received=201.78.196.177;rport=36634

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

To: "6203133725321"<sip:6203133725321@201.80.62.65>

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 2 INVITE

User-Agent: Asterisk PBX

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, SUBSCRIBE, NOTIFY

Contact: <sip:6203133725321@192.168.1.5>

Content-Length: 0

---

    -- Executing SetCallerID("SIP/700-0819fe68", "3056751896") in new stack

    -- Executing Dial("SIP/700-0819fe68", "SIP/0115503133725321@sip.broadvoice.com|30") in new stack

We're at 192.168.1.5 port 18254

Adding codec 0x4 (ulaw) to SDP

Adding codec 0x2 (gsm) to SDP

Adding codec 0x8 (alaw) to SDP

13 headers, 10 lines

Reliably Transmitting (no NAT) to 147.135.12.128:5060:

INVITE sip:0115503133725321@sip.broadvoice.com SIP/2.0

Via: SIP/2.0/UDP 192.168.1.5:5060;branch=z9hG4bK10813f80;rport

From: "3056751896" <sip:3056751896@sip.broadvoice.com>;tag=as2a0d06a1

To: <sip:0115503133725321@sip.broadvoice.com>

Contact: <sip:3056751896@192.168.1.5>

Call-ID: 1a83c170382605b11992346c24ded876@sip.broadvoice.com

CSeq: 102 INVITE

User-Agent: Asterisk PBX

Max-Forwards: 70

Date: Fri, 19 Jan 2007 11:40:23 GMT

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, SUBSCRIBE, NOTIFY

Content-Type: application/sdp

Content-Length: 203

v=0

o=root 6570 6570 IN IP4 192.168.1.5

s=session

c=IN IP4 192.168.1.5

t=0 0

m=audio 18254 RTP/AVP 0 3 8

a=rtpmap:0 PCMU/8000

a=rtpmap:3 GSM/8000

a=rtpmap:8 PCMA/8000

a=silenceSupp:off - - - -

---

    -- Called 0115503133725321@sip.broadvoice.com

local*CLI> 

<-- SIP read from 147.135.12.128:5060: 

SIP/2.0 100 Trying

Call-ID: 1a83c170382605b11992346c24ded876@sip.broadvoice.com

CSeq: 102 INVITE

From: "3056751896" <sip:3056751896@sip.broadvoice.com>;tag=as2a0d06a1

To: <sip:0115503133725321@sip.broadvoice.com>

Via: SIP/2.0/UDP 192.168.1.5:5060;branch=z9hG4bK10813f80;received=201.80.62.65;rport=5060

Content-Length:    0

--- (7 headers 0 lines) ---

local*CLI> 

<-- SIP read from 147.135.12.128:5060: 

SIP/2.0 403 Forbidden

Call-ID: 1a83c170382605b11992346c24ded876@sip.broadvoice.com

CSeq: 102 INVITE

From: "3056751896" <sip:3056751896@sip.broadvoice.com>;tag=as2a0d06a1

To: <sip:0115503133725321@sip.broadvoice.com>;tag=ilno

Via: SIP/2.0/UDP 192.168.1.5:5060;branch=z9hG4bK10813f80;received=201.80.62.65;rport=5060

User-Agent: Asterisk PBX

Content-Length:  176

Content-Type: application/sdp

v=0

o=3232235781 6570 6570 IN IP4 192.168.1.5

s=-

c=IN IP4 192.168.1.5

t=0 0

m=audio 18254 RTP/AVP 0 3 8

a=rtpmap:0 PCMU/8000

a=rtpmap:3 GSM/8000

a=rtpmap:8 PCMA/8000

--- (9 headers 9 lines) ---

Transmitting (no NAT) to 147.135.12.128:5060:

ACK sip:0115503133725321@sip.broadvoice.com SIP/2.0

Via: SIP/2.0/UDP 192.168.1.5:5060;branch=z9hG4bK10813f80;rport

From: "3056751896" <sip:3056751896@sip.broadvoice.com>;tag=as2a0d06a1

To: <sip:0115503133725321@sip.broadvoice.com>;tag=ilno

Contact: <sip:3056751896@192.168.1.5>

Call-ID: 1a83c170382605b11992346c24ded876@sip.broadvoice.com

CSeq: 102 ACK

User-Agent: Asterisk PBX

Max-Forwards: 70

Content-Length: 0

---

Jan 19 09:40:23 WARNING[6609]: chan_sip.c:9813 handle_response_invite: Forbidden - wrong password on authentication for INVITE to '"3056751896" <sip:3056751896@sip.broadvoice.com>;tag=as2a0d06a1'

    -- SIP/sip.broadvoice.com-0819a928 is circuit-busy

  == Everyone is busy/congested at this time (1:0/1/0)

    -- Executing Congestion("SIP/700-0819fe68", "") in new stack

Transmitting (NAT) to 201.78.196.177:36634:

SIP/2.0 503 Service Unavailable

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-a767ee64f12e2f52-1--d87543-;received=201.78.196.177;rport=36634

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

To: "6203133725321"<sip:6203133725321@201.80.62.65>;tag=as05a3a47a

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 2 INVITE

User-Agent: Asterisk PBX

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, REFER, SUBSCRIBE, NOTIFY

Contact: <sip:6203133725321@192.168.1.5>

Content-Length: 0

X-Asterisk-HangupCause: Call Rejected

---

  == Spawn extension (altavista, 6203133725321, 3) exited non-zero on 'SIP/700-0819fe68'

local*CLI> 

<-- SIP read from 201.78.196.177:36634: 

ACK sip:6203133725321@201.80.62.65 SIP/2.0

Via: SIP/2.0/UDP 192.168.1.103:36634;branch=z9hG4bK-d87543-a767ee64f12e2f52-1--d87543-;rport

To: "6203133725321"<sip:6203133725321@201.80.62.65>;tag=as05a3a47a

From: "Silvio Netto"<sip:700@201.80.62.65>;tag=c5367b5c

Call-ID: a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.

CSeq: 2 ACK

Content-Length: 0

--- (7 headers 0 lines) ---

Destroying call '1a83c170382605b11992346c24ded876@sip.broadvoice.com'

Destroying call 'a642c36d57361a34MmI5OTZlNjVkNGU1NGIyNmM0NDgwZjI3NTg2Y2Y1NmM.'

local*CLI> 

<-- SIP read from 201.78.196.177:36634: 

--- (0 headers 1 lines) ---

local*CLI> 

<-- SIP read from 201.78.196.177:36634: 

--- (0 headers 1 lines) ---

local*CLI>

