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1.0 Before You Begin

Verify that you have the following:

1.

2.

5.

6.

7.

Addpac AP1000 and Power Supply.

An Ethernet cable to connect the AP1000 to your Local Area Network
(LAN). This cable is usually provided along with your AP1000.

IP Network details.

PC with a serial port and the supplied console cable.
At least one analogue phone with an RJ11 connector.
Phoneserve OMNI account details

Phoneserve OMNI user guide.

If you do not have all of the above, please contact your Phoneserve
Distributor or Account Manager for assistance.
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2.0 Collect Local Configuration

Information

You will need the following information to complete the configuration.
Complete the table before you begin your configuration step.

Item

Value

Comment

Username

We suggest that you use
your Master Account
number. However, you can
select any username of your
choosing.

Password

We suggest that you use
your master PIN number
here. However, you can
select any password of your
choosing.

IP address

If you are using DHCP skip
this step.

Subnet mask

If you are using DHCP skip
this step.

IP address of
gateway

If you are using DHCP skip
this step.

IP address of DNS
server

If you are using DHCP skip
this step.

Slave account #1

Slave account #2

Slave account #3

Slave account #4
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3.0 Cabling The AP1000

1. Connect the LANO port from the AP1000 to a spare port on your
existing Ethernet LAN using the supplied Ethernet cable.

2. Connect up to 4 analogue phones to the PHONES ports, starting with
port O.

3. Connect the power supply to the AP1000.

Pictured above: The back of the Addpac AP1000
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4.0 Configuring The AP1000
Software

By default, a brand new AP1000 is configured as a DHCP client on LAN port
0. If your LAN has a DHCP device the AP1000 should be allocated an IP
address and gateway address for your network. If this is not the case, you
will have to configure the IP address and default gateway manually.

Important: We recommend configuring the AP1000 using the sample
configuration procedure below, using the APOS command line interface. Do
not configure the AP1000 using the web interface, as it does not support all
of the required SIP commands.

4.1 Log in to The AP1000:

1. Switch on Your AP1000 and leave it for a few minutes whilst it
automatically completes its power-up tests and basic configurations.
You will not be able to begin device configuration until these
automated processes have completed. Once these have
completed, your console screen (described below) will provide a
‘login>’ prompt.

2. Connect one end of the supplied console cable to the ‘console’ port
on the AP1000, and the other end to the serial port of a PC. Use a
terminal emulation program such as Hyperterminal to connect
using the following parameters:

Connect using: COML1 (select correct serial port)
Bits per second: 9600

Data bits: 8

Parity: none

Stop bits: 1

Flow Control: none

3. Login to the AP1000 with username root and password router.
You should then be presented with the ‘AP1000# prompt.

4.2 Software Versions

The AP1000 should be running software revision 8.10. To determine the
software version running on the AP1000, enter the ‘show version’
command from the command line once you are logged in.
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The output of the ‘show version’ command is shown below. The software
revision line is highlighted.

Voi ceFi nder Gateway Series (AP1000)

Serial Nunber: AP1000- 00a645

32BI T RI SC Processor Wth 33554432 Bytes System Menory
524288 Bytes System Fl ash Menory

2097152 Bytes 2nd System Fl ash Menory

1 RS232 Serial Console Interface
2 Ethernet/| EEE 802.3 Interface

AP1000 System software Revision 8.10
Rel eased at Fri Nov 21 09:35:00 2003
Programis 1758904 bytes, checksumis 0xel468e3

Note: For details on how to obtain software versions and how to upgrade
the AP1000, please refer to the Addpac website or contact your
Phoneserve Distributor or Account Manager.

4.3 Configuring The AP1000 For Use With OMNI

4.3.1 If using DHCP

The AP1000 is configured as a DHCP client on Ethernet port O by
default, so if the DHCP server is active, an IP address should have been
allocated. To check that an IP address has been allocated to the AP1000
issue the command show interface ether 0.0

The output of the show interface ether 0.0 command is shown below.
The IP addresses shown will be different on your network.

Now Enter the configuration in bold according to the following
instructions. Enter configuration commands, one per line:

AP1000# show interface ether0.0
Interface : ether0.0

| P Address : 10.10.60. 22 Physical Interface : EthernetO
Network : 10.10.60.0 Subnet Mask : 255.255.255.0
Adm ni strator Status : UP Operation Status : UP

Net wor k Type : Ethernet MIU : 1500

Har dware Address : 00 02 a4 00 a6 45

Et hernet0 is UP, Line protocol is UP

QS control is disabled

interface type is 10Base-T

link status I's 10 Mops ( HALF- DUPLEX)

last 1 minute data rate : tx O bps, rx 880 bps
1468 packets input, 203207 bytes, 0 no buffers
Received 0 runts, 0 giants

input errors, 0 CRC, 0 franme, 0 overrun, O ignored
i nput packets with dribble condition detected
packets output, 1076 bytes, O drops

output errors, 0 collision, O interface resets
underruns, O late collisions, O deferred

|ost carrier, 0 no carrier

OOO~NOOo
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If you have a DHCP server, but the AP1000 is set to manual IP setup,
you will need to enable DHCP. This is achieved with the following
command process:

1. At the AP1000# prompt enter config t
2. Then enter interface ethernet 0.0
3. Finally enter ip address dhcp

Your console window will look like this (your entries in bold):

AP1000# config t

Enter configuration commands, one per line. End with CNTL/Z
AP1000(config)# interface ethernet 0.0
AP1000(config-ether0.0)# i p address dhcp

Your DHCP server should also have allocated a default gateway to the
AP1000. To check that this is the case, issue the command show
route. The output of the show route command is shown below. The IP
addresses shown will be different on your network.

AP1000# show route
Codes: C - connected, S - static, R- R P, O- OSPF

S 0.0.0.0/0 [5/0] via 10.10.60.254, ether0.0

10.0.0.0/8 is subnetted
C 10.10.60.0 is directly connected, 10.10.60.22 ether0.0
C 127.0.0.0 is directly connected, 127.0.0.1 | oopbackO

4.3.2 If Not Using DHCP
If you do not have a DHCP server then you will need to configure an IP
address and default gateway manually.

Step 1: The command to add an IP address is as follows (Replace the
K. X.X. X" with an unused IP address on your network and replace the
Y.Y.Y.Y with the subnet mask used on your network.):

AP1000# configure

AP1000(config)# interface ether 0.0
AP1000(config-ether0.0)# ip address X.X. X. X Y.Y.Y.Y
AP1000(config-ether0.0)# exit

AP1000(config)# exit

AP1000#

Step 2: The command to add a default gateway is as follows. Replace
the A.A.A.A with the IP address of the default gateway on your network.

AP1000# configure

AP1000(config)# route 0.0.0.0 0.0.0.0 AAAA
AP1000(config)# exit

AP1000#

Step 3: Disable HTT, Telnet And FTP P Management (Option A)
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By default the AP1000 has a number of services enabled that allow
remote access to the AP1000 via Telnet, HTTP and FTP. This could
mean that your AP1000 is accessible from the Internet and is therefore a
security risk. To disable these services issue the following commands.

AP1000# configure
AP1000(config)# no service tel net
AP1000(config)# no service httpd
AP1000(config)# no service ftpd

You can check which services are enabled or disabled by using the
show service command. The output is as follows.

AP1000( confi g)# show service

Easy Setup Service . DI SABLE

FTP(Fil e Transfer Protocol) Server . DI SABLE

SNVP( Si npl e Networ k Managenent Protocol) Agent : DI SABLE

TFTP(Trivial File Transfer Protocol) Server . DI SABLE

HTTP Wb Server . DI SABLE

TELNET Server : DI SABLE (nmax session
5)

NTP( Net wor k Ti ne Prot ocol) . DI SABLE

AP1000#

Step 4: Enter OMNI account numbers
The next step is to add your OMNI account numbers.

AP1000# configure

AP1000(config)# di al - peer voice 0 pots

AP1000( confi g- di al peer-pots-1)# destination-pattern <Omi sl ave
account # 1>

AP1000( confi g- di al peer-pots-1)# port 0/0

AP1000( confi g-di al peer-pots-1)# exit

AP1000(config)# dial -peer voice 1 pots

AP1000( confi g- di al peer-pots-1)# destination-pattern <Omi sl ave
account # 2>

AP1000( confi g- di al peer-pots-1)# port 0/1

AP1000( confi g-di al peer-pots-1)# exit

AP1000(config)# di al - peer voice 2 pots

AP1000( confi g- di al peer-pots-1)# destination-pattern <Omi sl ave
account # 3>

AP1000( confi g- di al peer-pots-1)# port 0/2

AP1000( confi g-di al peer-pots-1)# exit

AP1000(config)# di al - peer voice 3 pots

AP1000( confi g- di al peer-pots-1)# destination-pattern <Omi sl ave
account # 4>

AP1000( confi g-di al peer-pots-1)# port 0/3

AP1000( confi g-di al peer-pots-1)# exit

AP1000(config)# exit

AP1000#
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Step 5: Configure DNS address (if not using DHCP)

AP1000# configure
AP1000( confi g) # dnshost nameserver B.B.B.B

Replace B.B.B.B with the IP address of your Domain Name Server.

Step 6: Configure VoIP dial peer

AP1000# configure

AP1000(config)# dial -peer voice 201 voip

AP1000( confi g-di al peer-voi p-201)# destination-pattern . T
AP1000( confi g-di al peer-voi p-201)# session target

si p7. phoneserve. com

AP1000( confi g-di al peer-voi p-201)# session protocol sip
AP1000( confi g-di al peer-voi p-201)# codec g729

AP1000( confi g-di al peer-voi p-201)# dtnf-relay h245-al phanuneric
AP1000( confi g-di al peer-voi p-201)# no vad

AP1000( confi g-di al peer-voi p-201) # exit

AP1000(config)# exit

AP1000#

Step 7: Save the configuration

AP1000# write

Do you want to WRITE configuration ? [y|n] vy
Witing configuration....done

AP1000#

The configuration is now complete.

4.4 APOS (Addpac OS) Upgrade

To copy an APOS image to your gateway you will need to use TFTP on
the gateway in boot loader mode, and setup a TFTP server on your PC.

Main function of BOOT LOADER

1. root password recovery/change
2. s/w downloading

Enter Bootloader mode> After power reset or s/w reset, press ctrl-C and
ctrl-X key alternately repeatedly, then you can see j°BOOT#j+ prompt.

E.g. Where 192.168.10.10 = TFTP Server

AP200# tftp

tftp> connect

(to) 192.168.10.10

tftp> get ap200rom v8 10. bin
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5.0 Sample Configuration

The following is a sample AP1000 configuration for a gateway configured to
use DHCP to obtain the IP address and default gateway (hence they are not
shown in the configuration). You can examine this information by typing
show run at the prompt:

AP1000# show run
|

version 8.10
|

hostnane AP1000
!
dhcp-list 1 type server
dhcp-list 1 address server 10.1.1.2 10.1.1.254 255.255.255.0
!
!
i p-share enabl e
i p-share interface net-side ether0.0
i p-share interface |ocal -side ether1.0
!
interface ether0.0
i p address dhcp
I

interface etherl.0
no i p address
|

snnp name AP1000
|

no arp reset

!

no service ftpd

no service telnetd
no service httpd

Vol P configuration.

|
|
|
|
|
|
|
!
! Voice service voip configuration
|
voi ce service voip

fax protocol t38 redundancy 0

fax rate 9600

h323 call start fast

busyout nonitor gatekeeper

busyout monitor voip-interface

Voi ce port configuration
oi ce-port 0/0
FXS

oice-port 0/1
FXS

.oice-port 0/ 2
FXS

Tl T Tl T L T T T T
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!
voi ce-port 0/3
FXS

!

!

!

!

!

I Pots peer configuration.

!

di al - peer voice 1 pots
destination-pattern 172963823042329969
port 0/0

|

di al - peer voice 2 pots
destination-pattern 774103668721942739
port 0/1

I

dial-peer voi ce 3 pots
destination-pattern 275366809857748247
port 0/2

|

di al - peer voice 4 pots
destination-pattern 578875862840249643
port 0/3

!
!
!
I Voi p peer configuration.
|

di al - peer voice 201 voip
destination-pattern . T

session target sipl86.phoneserve.com
session protocol sip

codec g729

dtnf-relay h245-al phanuneric

no vad

gat ekeeper

!

I

| Gateway configuration.
Qatemay

h323-id voi p. 10. 10. 60. 22

SIP UA configuration

B = —
o]
T
c
o]

MGCP configuration

Tones

_._._._._._é._._._._

AP1000#
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6.0 Troubleshooting an AP1000

If you have problems with your AP1000, first check your configuration
against the sample configuration. Use the following command to show your
configuration

AP1000#show run

Use the space bar to scroll through the configuration.

6.1 Symptom: ‘I can make a call, but | cannot

hear ringtone before the called party answers’

This is usually caused by the local firewall blocking RTP from the called
party.

To overcome this problem you need to configure the gateway to generate
local ringtone. You will first need to make sure the gateway is running
APOS v8.10. You will then need to run the following commands:

local-ringback-tone alert

accept-fse-at-con nect

AP200# conf t
Enter configuration conmmands, one per line. End with CNTL/Z
AP200(confi g)# voice service voip
AP200( confi g-vservice-voi p)# | ocal -ringback-tone al ert
AP200( confi g-vservi ce-voi p)# accept-fse-at-connect

6.2 Symptom: No dialtone.

Try another handset.

6.3 Symptom: Cannot make a call.

Check that the IP address and gateway are configured correctly. If your IP
address was assigned using DHCP then it is highly likely that your local
network is working correctly. To check the IP address and gateway
assigned by DHCP use the commands show interface ether0.0 and
show route.

AP1000# show i nterface ether 0.0
Interface : ether0.0

| P Address : 10.10. 60. 22 Physical Interface : EthernetO
Network : 10.10.60.0 Subnet Mask : 255.255.255.0
Adm ni strator Status : UP Operation Status : UP

Net wor k Type : Ethernet MIU : 1500

Har dware Address : 00 02 a4 00 a6 45

Et hernet0 is UP, Line protocol is UP
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QS control is disabled

interface type is 10Base-T

link status is 10 Mops ( HALF- DUPLEX)

last 1 minute data rate : tx O bps, rx 1640 bps
2280 packets input, 312775 bytes, 0 no buffers
Received 0 runts, 0 giants

input errors, 0 CRC, 0 frame, 0 overrun, O ignored
i nput packets with dribble condition detected
packets output, 1076 bytes, 0 drops

output errors, 0 collision, O interface resets
underruns, O late collisions, O deferred

lost carrier, 0 no carrier

OOO~NOO

AP1000# show route
Codes: C - connected, S - static, R- RIP, O- OSPF

S 0.0.0.0/0 [5/0] via 10.10.60.254, ether0.0

10.0.0.0/8 is subnetted
C 10.10.60.0 is directly connected, 10.10.60.22 ether0.0
C 127.0.0.0 is directly connected, 127.0.0.1 | oopbackO
AP1000#

Next check that you can ping your default gateway using the ping
command.

AP1000# pi ng 10. 10. 160. 254
PI NG 10. 10. 60. 254 (10. 10. 60. 254): 56 data byt es

64 bytes from 10. 10. 60. 254: icnp_seq=1 ttl =255 tinme = 12.50 ns
64 bytes from 10. 10. 60.254: icnp_seq=2 ttl =255 tine = 2.15 s
64 bytes from 10. 10. 60. 254: icnp_seq=3 ttl =255 tine = 2.24 s
64 bytes from 10. 10. 60.254: icnp_seq=4 ttl =255 tine = 2.77 s
64 bytes from 10. 10. 60. 254: icnp_seq=5 ttl =255 tine = 2.27 s

--- 10.10. 60. 254 ping statistics ---
5 packets transmitted, 5 packets received, 0% packet |oss
round-trip mn/avg/ max = 2.15/4.387/12.50 s

If this is successful try to ping 62.189.6.22. This is a device at Callserve.
The command is as follows:

AP1000# pi ng 62.189. 6. 22

Your system should return something similar to the following output:

PI NG 62. 189. 6. 22 (62.189.6.22): 56 data bytes

64 bytes from62.189.6.22: icnp_seq=1 ttl=254 time = 25.46 ns
64 bytes from 62.189.6.22: icnp_seq=2 ttl =254 time = 2.47 ns
64 bytes from 62.189.6.22: icnp_seq=3 ttl =254 time = 2.57 ns
64 bytes from 62.189.6.22: icnp_seq=4 ttl =254 time = 2.53 ns
64 bytes from62.189.6.22: icnp_seq=5 ttl =254 time = 2. 67 ns

--- 62.189.6.22 ping statistics ---

5 packets transmtted, 5 packets received, 0% packet |oss
round-trip mn/avg/ max = 2.47/7.142/25.46 ns

AP1000#

If you configured your IP address and gateway manually then conduct the
same ping tests. The output should be the same as above.

If these tests are successful proceed to the next step. If not consult your
ISP or local technical support staff.
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Dial free test number - Dial the 0099 1800 1100. This is an internal
number at Callserve HQ that is used for testing. If this test is successful
proceed to the next step.

Dial any number - If this does not work, check that you have assigned
credit to the slave accounts using Phoneserve OMNI. Please refer to the
Phoneserve OMNI User Guide for assistance.

If you have credited the slave accounts and you still cannot call any
number other than the free test number above, please contact your
Phoneserve Distributor or Account Manager. There may be a problem
with your account.

6.4 Symptom: 'l can hear the called-party but they
cannot hear me’ or ‘The called party can hear

me but | cannot hear them’

There are a number of reasons why one party may not be able to hear the
other.

When you pick up your phone and dial a number, the AP1000 converts
DTMF analogue signals (the beeps) to numbers and passes this along

with a lot of additional information to the gateway at Callserve, using a

TCP protocol called Session Initiation Protocol (SIP).

The Callserve gateway then places a PSTN call using the numbers in the
SIP packet. The additional information in the SIP packet is used to setup
the Callserve gateway and the AP1000 to send and receive the VoIP traffic
which they convert back to analogue voice. TCP and SIP are used to
setup the call. If either party can hear the other then the call has been
setup which means the configuration is correct on the AP1000.

The voice over IP traffic is carried by Real Time Protocol (RTP) on UDP.
UDP is similar to TCP, however it is connectionless. This means that both
the gateway and the AP1000 simply send out the VOIP traffic and forget
about it.

So, in the case of, ‘the called party can hear me but | cannot hear
them’; the VOIP traffic is probably leaving the AP1000 and arriving at the
Callserve gateway but the return traffic is being blocked somewhere along
the route. In other words the VolIP traffic from the Callserve Gateway to
the AP1000 is being blocked.

Conversely in the case of ‘| can hear the called party but they cannot

hear me,” the VolIP traffic is probably leaving the Callserve Gateway and
arriving at the AP1000, but the outgoing traffic is being blocked

V1.0 © 2004, Callserve Communications Ltd. Page 14



somewhere along the route. In other words the VOIP traffic from the
AP1000 to the Callserve Gateway is being blocked.

To resolve this problem you must find out what is blocking the VolP traffic.
It will be a router or firewall either located locally or at your ISP. If you do
not have a firewall or router at your site, then you should contact your ISP
for more information.

However, before you call your ISP to resolve a problem of ‘the called
party can hear me but | cannot hear them’, it is worth checking that the
outbound VolIP traffic is leaving your gateway (It might not be, because the
AP1000 is incorrectly configured or malfunctioning). To find out what is
happening use the following procedure.

Step 1: Copy your running configuration
Enter configuration commands, one per line.

AP1000# copy running start
Step 2: Turn on Debug for IP packet.
ROUTER #debug tcpip ip
Make a ‘quick’ call (because there will be lots of debug).

Step 3: Analyse the debug output
You should see output similar to the following. Cut and paste the output to
a text file.

IP1 v:4 hl:5 tos:b8 len:60 id:d546 off:0 ttl: 253
p: udp sum 5¢c8c 62.189.6.19 --> X X. X X

IPOv:4 hl:51t0s:0 len:60 id:f10a off:0 ttl: 255
p:udp sum 3f80 X. X. X. X --> 62.189.6.19

The first line is outgoing VolP traffic, the second is incoming traffic. Instead
of X.X.X.X you will see your IP address.

If you see something similar to the above, the inbound VoIP traffic is not
being blocked and the outbound VolP traffic is leaving the AP1000. If
things are not working, the outbound VolIP traffic is probably being
blocked. Make sure a local firewall, router or your ISP are not blocking this
traffic. The traffic is UDP on ports >1024.
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If you only see output like the sample below, there is probably a firewall or
router blocking the incoming VolIP traffic. Make sure a local firewall, router
or your ISP are not blocking this traffic. The traffic is UDP on ports >1024.

IPOv:4 hl:5to0s:0 len:60 id:fl10a off:0 ttl:255
p:udp sum 3f80 X. X X. X --> 62.189.6.19

If you do not see output like the sample below, the AP1000 is working
incorrectly or is not configured correctly. Please send your configuration to
your Phoneserve Distributor or Account Manager.

IPOv:4 hl:51t0s:0 len:60 id:f10a off:0 ttl: 255
p:udp sum 3f80 X. X. X. X --> 62.189.6.19

Step 4: Reverse out of troubleshooting changes
You should reverse these changes. There are a number of ways that you
can do this. The simplest is to reboot your AP1000.

Otherwise you can issue the following command.

AP1000# undebug all
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7.0 Contact & Feedback

We hope that you have found the contents of this guide both useful and
informative. However, if you feel any additional information could be added,
or the guide could be improved in any way, please e-mail suggestions to
info@phoneserve.com

All queries relating to this document should be addressed to:

The Manager

Sales Support Team

Callserve Communications Ltd.
2 Harbour Exchange Square
London, E14 9GE

UNITED KINGDOM

Tel: +44 (0) 20 7517 7100
Fax: +44 (0) 20 7517 7101
E-Mail: info@phoneserve.com
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