FreePBX 777

Whoops\Exception\ErrorException thrown with message "date_default_timezone_set():
Timezone ID '/' is invalid"

Stacktrace:

1. Whoops\Exception\ErrorException in /var/www/html/admin/libraries/BMO/
View.class.php:153

2. date_default_timezone_set in /var/www/html/admin/libraries/BMO/View.class.php:153
3. FreePBX\View:setTimezone in /var/www/html/admin/bootstrap.php:172

4. require_once in /etc/freepbx.conf:9

5. include_once in /var/www/html/admin/config.php:100

m

o https://issues.freepbx.org/browse /FREEPBX-15283

« https://community.freepbx.org/t/aste...m-now/42872/10
+ https://community.freepbx.org/t/date...nvalid/42481/2

QIv13] Dashboard

Module "System Dashboard" signed by an invalid key.
Module: "System Dashboard", File: "module.sig check failed! Signed by unknown, untrusted key."

m”

fwconsole chown
fwconsole ma refreshsignatures
fwconsole reload

77
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http://community.freepbx.org/t/call-...-but-no-audio/

77?Asterisk 1.8
FreePBX > Tools > Asterisk SIP Settings
? Other SIP Setting 7?

progressinband = yes

77?Asterisk 13
NOTE??? progressinband=yes 777?

? Follow Me 77

77

Q&A


http://community.freepbx.org/t/call-forwarding-connection-ok-but-no-audio/

Q&A

m”?

file_put_contents(/var/log/asterisk/freepbx_security.log): failed to open stream: Permission

denied

m

#> fwconsole chown
Qiv13IDashboard

?77No Conference Room App

7

2. 77 FreePBX ?? - Conference

77 Asterisk 7?

# asterisk -rx "module show like app_confbridge"

Module Description Use Count Status  Support Level
app_confbridge.so Conference Bridge Application 0 Not Running core
1 modules loaded

?? FreePBX 7?

#> fwconsole ma download soundlang
#> fwconsole ma install soundlang
#> fwconsole reload

#> fwconsole ma download recordings
#> fwconsole ma install recordings
#> fwconsole reload

#> fwconsole ma download conferences
#> fwconsole ma install conferences

#> fwconsole reload

#> fwconsole chown



Q&A

#> fwconsole restart

# asterisk -rx "module show like app_confbridge"

FreePBX Admin > Settings > Advanced Settings > Conference Room App

Submit
ApplyChanges

=Ly e

Ql212

.htaccess files are disable on this webserver. Please enable them
This is a critical issue and should be resolved urgently

7?.

for Debian)
77 /etc/apache2/sites-available/default

<Directory /var/www/html/>
Options Indexes FollowSymLinks MultiViews
AllowOverride All  <==77?
Order allow,deny
allow from all
</Directory>

?? Apache

Q: 7? FreePBX ? dialplan - extensions_override_freepbxconf

A:

3. 7?7 /var/www/index.html
<h4><a href="html/panel/">Flash Operator Panel (FOP)</a></h4>

Fetching FreePBX settings with gen_amp_conf.php..
PHP Fatal error: Call to undefined function posix_getpwuid() in /var/lib/asterisk/bin/gen_amp_conf.php
on line 3



Q&A
A?

Q12.10] ?22? Asterisk Manager Interafce(AMI) ?7??

Admin UI > Advanced Settings

Display Readonly Settings > True > Save
Override Readonly Settings > True > Save
Apply Config

Asterisk Manager Password > 7777 > Save
Apply Config

Override Readonly Settings > False > Save
Display Readonly Settings > False > Save
Apply Config

PN RN

Q: ?? phpmyadmin module for FreePBX
A??7? http://proijects.colsolgrp.net/projec...dule_User Wiki

Q????retrieve_conf failed to sym link: /etc/asterisk/sip_notify.conf from core/etc
A?? sip_notify.conf 7?7 sip_notify.conf.orig???? FreePBX 7?7 Apply Configuration Changes?

Q????Magiz Quotes GPC
A??? [etc/php5/apache2/php.ini
; Magic quotes for incoming GET/POST/Cookie data.

magic_quotes_gpc = Off

77 apache2


http://projects.colsolgrp.net/projects/phpmyadmin/wiki/PhpMyAdmin_Module_User_Wiki
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