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To: aidan@highrise.ca

From: Aidan Van Dyk <aidan@highrise.cas
Subject:Here's the general bacground information on T1s
Date: Tue, 2 Mar 2010 11.268:58 -0500

Aidan,
I‘ve attached a bunch of infermation here on the Tl technology.

The Brocktrout TR1034 boards are the leaders in PAX beoard performance,
supporting all of V.24, V.8 fast answer, and automatically falling kack
to zlower modulation when the remote phone lines have audio quality
izzues.

Combining them with digital PRIz, means you get =ub-second turnaround on
placing/answering calls, 100% digital audic guality on your channels,
and great uptime SLA=z from your telco.

Aidan Van Dyk Create like a god,
aidan@highrise.ca command like a king,
http://www.highrize.ca/ work like a =lave.
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This application note covers a broad range of topics concerning T1 telephony interfaces. It provides a brief
intreduction to the basics of T1: discusses how to plan for ordering a T1 ling; and finally how to configure the T1

hardware and software to interoperate with a T1 line for Dialogic® DM3 Media Boards, Dialogic™ JCT Madia Boards,
and Dialogic® Host Media Processing (HMP} Interface Boards; and also how to troubleshoot Dialogic® boards ina T1

environment,
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intrndueiion

The T1 (DS-1) standard is a vast topic that includes complex technology and challenging terminology. This application note
presents information so that the reader with beginner to intermediate knowledge of the T1 environment can enter the T1 arena
with suitable information to plan for (and thus order) a T1 ling, and then to be able to configure and troubleshoot the T1 solution
for Dialogic® DM3 Media Boards, Dialogic* JCT Media Boards, and Dialogic* HMP Interface Boards.

T1 Technolopy Baties

Tl is & multiplexing scheme used primarily in North America and Japan that allows 24 individual voice channels to be carried on
g common transmission medium. The multiplexing device used by the Public Switched Telephone Network (PSTN) to provide this
service is called a channel bank. In a Tl channel bank, 24 analog voice channels are converted to digital voice channels (D5-0
channels), which become 64 kbps digital voice channels. The 24 digital voice channels are then multiplexed onto a single high-
speed line, the T1 span, also known as a2 D5-1 line.

T1 Framing

The basic T1 frame consists of 24 time slots, with each time slot carrying eight bits of data that represent one voice signzl digitized
at 64 kbps. To denote the beginning of each sequence of 24 DS-0 channels, a special framing bit is ingerted at the beginning of
each multiplexing cyele.

The data rate of the T1 line is the product of multiplying the speed of an individual DS-0 channel by the number of channels being
multiplexed (24).

64,000 bps X 24 = 1,536,000 bps

In addition to the 24 channels, an extra 28000 bits (1 bit/frame x 8000 frames/sec) are required for control signals and to
synchronize the digital data transmitted and received over the T1 span.

1,636,000 bps + 8000 bps = 1,544,000 bps (1.544 Mbps)

The 8000 extra bits, or framing bits, are used to ensure that the overall signal is being delivered correctly (see Figure 1).

64 kbps

64 kbpS x*z;zx‘ :

Figure 1. Graphic Roprosentation of T1 Bandwidth Broakdown

The two types of framing are as follows (see Figure 2):

& D4 Superframe (8F) — SF congigts of 12 congecutive T1 frames. The framing bits in this group of 12 T1 frames form a
repetitive pattern that identifies the group as a superframe.

By providing a repetitive pattern in the framing bit, the receiving end is able to identify each frame transmitted in the SF. This
is important in robbed-bit signaling (discugsed in more detail in the “Robbed-Bit Signaling” section) because bit robbing is
performed on the D5-0 channels in Frame & and Frame 12 in the D4 SF (see Figure 3).
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& Extended Superframe (ESF) — ESF extends the number of frames in the framing bit (F-bit) pattern from 12 to 24, Unlike D4
SF, in which the framing bits farm a specific repeating pattern, the ESF bit pattern can vary.

The ESF framing bits are used for the following purposes:

& The odd numbered bits are used by the carrier to provide network monitoring, alarm generation, and reconfiguration
infarmation.

= Frame bits 2, 6, 10, 14, 18, and 22 are used as a &-bit Cyclic Redundaney Check (CRC) sum known 28 CRC-6. These bits
are used by the receiving end to measure the Bit Error Rate (BER).

¢ Frame bits 4, 8, 12, 16, 20, and 24 are used to generate the ESF framing pattern of 001011,

Similar to 04 SF, the ESF framing pattern allows the receiving end to identify each frame transmitted in the ESF for the purpose of
robbed-bit signaling. In this case, bit robbing is performed on each D5-0 chanrel in Frame 6, 12, 18, and 24 (see Figure 3).

Time Slot

Frame

D4 Super
Frame (5F)

12 Frames

Extended
Super
Frame (ESF)

24 Frames

Figure 2. Robbed Bit Framing

ESF

5»% Figure 3. A/B/C/D Bit Locafions
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T1 Encoding Types

T be understood by the receiving end, data must follow an
encoding scheme. T1 lines have twe coding types:

= Alternate Mark Inversion (AMIY — AMI s a form of bipelar
signaling in which each successive mark (digital 1) is of
the opposite polarity, and spaces (digital Os) have zero
amplitude.

AMI line encoding does not, however, provide a method
for maintaining ones wensily. To ensure adequate line
synchronization, pulse stuffing may be required, restricting
the useful bandwidth of each D5-0 channel to 56 kbps.
While satisfactory for digital data, this will not support 64
kbps digital voice.

+ Binary Eight Zero Substitution (B8Z8) — In B3Z5, each
string of eight consecutive 2eros in a byte is replaced by
the BBZS code. If the pulse preceding an all-zerc byte
is positive, the inserted code s 000+-0-+. If the pulse
preceding an all-zero byte is negative, the inserted code
i& 00040+~

Either of these codes results in bipolar violations aceurring in
the fourth and seventh bit positions. Both ends of the T1 line
must recognize these codes and replace a byte containing the
coded bipolar viclations with the original eight zerms. B82S
encoding, therefore, provides a method of ling coding that
permits the full 84 kbps bandwidth of each D5-0 channel to
be utilized.

T1 Signaling

In addition to carrying digital voice signals, the T1 ling must
also convey signaling information for each of the DS-O
channels. Two different signaling methods are used to transmit
this information: T1 robbed-bit and PRIISDN (Primary Rate
Interface Integrated Services Digital Network).

Robhed-Bit Signaling

In robbed-bit, signaling information is directly associated
with each respective digital voice channel. The method for
providing this type of signaling on T1 lines is referred to as
robbed-bit signaling. This type of signaling requires that
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gpecific frames in the T1 transmission be identified berause
the lzast significant bit is “robbed” frem each chammel in
gpecific frames with the ruling methods.

In the case of the D4 SF, this operation is performed in
frames 6 and 12; in ESF, it is performed in frames 6, 12, 18,
gnd 24.

By using only the least significant bit from each channel’s
digital voice data in every sixth frame for signaling purposes,
ne discernible change can be detected in the voics signal by
the called party. For example, the 2-bit byte 10101101 has
g decimal equivalent of 173. If the least significant bit were
to be removed, the decimal equivalent would be 172 — &
negligible change when conveying digital voice information. If
this were digital data other than voice, however, the change
would be significant, and could not be tolerated. The bit that
is used from frame 6 is called the “A bit” and the bit that is
used from frame 12 is called the “B bit". This is also referred
to as AB signaling.

In ESF, since bits zre robbed from two zdditional frames,
this is referred to ags ABCD signaling. In some cases for ESF,
however, the C znd D bits are used to repeat the A bit and B
bit information, respectively. D4 SF s imited to AB signaling,
which means that only a Iimited number of signal conditions
can be conveyed (22 = 4). Those conditions include off-
hook, on-hook, busy, and dizl pulses. In the case of a fully
implemented ESF facility, 16 different signal conditions can be
conveyed (24), including those supported by AB signaling.

Signaling bits are used to indicate the state of the virtual
“hook state” on z digital line. Common uses for the signaling
bits include:

# |dle — State of the bits that show the channel s not
processing any calls.

# Seizure — Setting the “transmit” bit state to begin the
outbound call process.

@ Wink — (if used) also known a8 Seizure Acknowledge. A
transition of signaling bits to signal that the receiving end
is ready to accept data.

# Disconnect
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These bit states and tranmsitiong are used to establish call
eantrol protecols. Some commen protacols are:

= E&M Slgnaling — E&M signaling uses bit transitions for
both answer and digconnect supervision. The two main
flavors are wink start and immediate start.

— In wink start, the called party issues a wink to the calling
party to indicate that it is OK to send Dialed Number
Identification Service (DNIS) and/or Automatic Number
ldentification (AN digits.

— In immediate start, a dial tone is supplied as a seizure
acknowledge instead of 2 wink. When the digits are
processed, the call is fully established by the called
party.

= FXS (Forelgn Exchange Station) — FXS is a robbed-hit
protocol that was designed to most closely emulate an
agnalog phone. When a call is established, the bits are
raised and lowered in a pattern that mimies “ringing.” The
remaining call progress oceurs via the voice path instead
of bit transitions. FXS is sometimes referred to as |loop
start.

& Loop Start Slgnaling — Loop start signaling is the simplest
protocol. It is similar to how a phone call works in the
aralog world — go off-hook (seize the line), get a dial tone
(seizure acknowledge), and dial a2 phone number.

+ Ground Start Signaling — Ground start signaling is an
uncommon unidirectional T1 pretocol in which call setup
requires an inverse wink, lowering the transmit bits from
1 to O, to start 2 call. Unlike loop start, ground start
offers the ability to seize the line when an incoming call is
received, preventing call glare.

PRI ISDN

In PRI ISDN, all of the signaling information is done on 2
gingle channel. The channel that carries all of this signaling
information is known as the D-channel, or data channel.
Since this channel is dedicated to carrying the signaling
information, it cannot carry any voice information, thus
reducing the ISDN line to 23 available channels for voice,
known as B channels, or bearer channels. This configuration
of 23 bearer channels and one dzeta channel per span is
sometimes denoted as 23B8+D.

ISDN signaling dees not rely on bit signaling a8 T1 robbed-
bit does, rather it relays messages via the D-channel. This

Wed 03 Mar 2010 10:26:08 AM EST

i

i
e
s

i
a@i
%ﬁ

5!

o
e

ST
sk
S

i

b
i

e
P

b

i

b2

2
i

b

i

allews ISDN proteesls to be much more robust and able to
relay information zbouwt 2 call much more quickly than T1
robbed-bit.

The following are the T1 ISDN protocols:

# NIZ (National ISDN 2)
= AESS (ATAT protocol)
* BESS (ATAT protocol)
= DMS (Nortel protocol)
# NTT (Japan only)

Depending on your switch and the central office you are
dezling with, one or more of these protocols may be available
for use. For basic call functionality, the four North American
protocols are all very similar — they all work acoording to
the same network side protocsl (NT1). It is with the specific
feature set of each protocol that the differences can show.
For example, some protocols and switches can handle call
transfers while others cannot.

Figure 4 is a typical message call flow for the 1ISDN protecal.

Pianning for & Suitabis T1 Lina Typa

This section discusses what to consider and plan for after
deciding to order 2 T1 line {or several T1 lines); specifically,
what type of T1 ling should you get?

The T1 line comes in two types, robbed-bit or ISDN, and
understanding their advantages and disadvantages is useful
in determining which one s better suited for your situation.
Deseriptions of some of those possible situations follow, as
well as discussions as to which T line type can address the
situations.

Speed of Call Setup and Teardown

The major difference in the two T1 types ligs in the signaling
method (T1 robbed-bit or PRI ISDN) used. The main benefit
of using & D-chanmel (ISDN) for messaging is the speed of
call setup and teardown. An entire call getup can be done
with one message and z resulting acknowleduement — zll
irformation about the call (ANI, DNIS, ISDN channel the call
is on, etc.) — can be contained within the one message.
This transzaction can usuzlly be completed in about 30 to
100 milliseconds. If for some reason the call is unable to be
placed, this can be relayed back to the caller instantly with
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* Disconnect can ba genarated from aither side

Figure 4. Typical Mcssage Call Flow for 15DN Profocol

g reason for call failure (SIT, busy, ete.). The line could then be freed to place ancther call. Call teardown is also quick, requiring
just two messages.

Forthe same call to be set up on a robbed-bit line, there would need to be a series of bit transitions, as well as DTMF dialed digits,
which could take 1 to 3 seconds. To determine the end result of the call, the audio path would need to be used to hear whether the
call was connected or if it failed (ST, busy, ete.). This could take several more seconds. Call teardown is relatively quick, usually
requiring just one bit change to signal a disconnect.

If speed of call setup and teardown is a notable factor, ISDN has an advantage.

Protocol Configuration

Although the 2 (or 4) bits can hold a limited number of combinations, the variations of robbed-bit protocols is almost infinite. Each
central office or PBX can have & slightly different set of bit patterns to distinguish call states. While most are similar (that is, loop
start in one site usuzlly is the same a8 loop start in another site), no set standard exists for robbed-bit protocols, se this must be
taken into consideration each time an application is deplayed in a new location.
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With ISDN, the protoenls zre standards-based, and cannot
vary from gite to site. This means the configuration will not
need to be altered from one site to the next. Basic functionzlity
o ISDMN will work right out of the box.

If ease of protoeol eonfiguration is a notable factor, ISDN has
En BdUe.

Number of Channels Available for Use

Since ISDN uses one channel for signaling, it only offers 23
channels for placing or aceepting calls. T1 robbed-bit allows
all 24 channels to be used. For sites that require multiple
T1 spans, this can be slightly counteracted in ISDN with the
use of Network Facility Associated Signaling (NFAS) (see the
“NFAS” zection), which allows a single D-channel to control
more than one ISDN span.

If number of channels avalable for use s a notable factor,
robbed-bit has a slight edge.

Call Transfers

In an analog environment, call transfers are often performed
with a hookflash. In robbed-bit, winking one or more bits
can mimic this behavior. If the choice is to implement this
on Dialogic® boards, just make a configuration change to the
Dialogic® Global Call APl .cdp file

In ISDN, not all protocols support call transfer. NIZ and BESS
use Two-B Channel Transfer (TBCT) to implement call transfer.
DM& uses Release-Link Trunking (RLT) to implement call
tranafer. 4E5S does not support call transfer. To implement
this on Dialogic boards, the application needs to configure
the message to be sent to the switch to initiate the transfer.
This makes using call transfer on ISDN more involved.

If call transfers are a notable factor, robbed-bit has an
advantage if choosing to use Dialogic boards.

Ease of Application Development

With the Glabal Call API, & robbed-bit application is nearly
identical to an ISDN application (that is, call setup, teardown,
call progress analysis). However, some protocol-specific
messages in ISDN must be created via the application (like

A
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transfer, as previously discussed in the “Call Transfers”
gection), &o creating an ISDN application is sometimes more
complex.

If ease of application development is 2 notable factor, rmbbed-
bit hag a slight edge.

Abllity to Send User-Defined Data

ISDN offers the zbility to send dzata over the D-channel that
i not related to call control. This data can be used by the
application to send any proprietary data.

Robbed-bit does not have any such functionality.

If the ability to send userdefined data is a notable factor,
ISDN has an advantage.

Quick Summary Comparison

In general, ISDM is quicker and more powerful than robbed-
bit, but because of that it is at times more difficult to
implement. ISDN alsn has the drawback of offering one |less
channel per T1 spen, unless NFAS is used.

If you are still unsure as to which type of line to select, you
may want to discuss vour situation with persennel at the
central office and get their advice as to what will be more
suitable for you.

Is a CSU or DSU Necessary?

For most installations, a Chanmel Service Unit (C5U) is
recommended. These can either be sold separately to you by
your central office, or may be integrated into the PBX st your
gsite. The C5U performs many functions, the most important
of which is signal regeneration. It also can provide loopback
capability, yellow alarm signaling, and ether functionality that
allows the line to stay intact.

While some CSUs have an integrated Digital Service Unit
(D5U), a2 DSU is mot required when connecting to 2 Dialogic™
T1 gpan board. All Tl Dizlogie boards provide most of the
same functionality as a DSU, including polarity conversions
and T1 framing.

Page 10 of
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Questions to Consider When Ordering a T1 Line

The information presented up this point should prepare you
to knewledgably plan and order your T1 line. A T1 line can
be ordered through a service provider or through 2 PBX
zdministrator. During the ordering process, it is important to
zsk and get answers to the following questions (zsk the Telco,
if you are unsure of the answer):

1. Should | order 2 TL line that is ISDN or robbed-hit?
2. If 1 order ISDN, what protocol do | choose?
3. Iflorder ISDN, is CRC checking enabled?
If | order robbed-bit, do | want:

a. Framing — ESF or 5F?

b. Coding — AMI or BBZS?

e, Wink or no wink?

d. Aspecial protocol becauge it requires it (for example,
Fx5)?

5. What, if any, special features would | like on the line:
a. Dol require 800 numbers?
t. Do | want the ability to transfer calls?

6. Would | like to purchase a2 CEU/DEU?

There may be other topics that arise, but having addressed
these questions upfront can make it more likely that you will
oraer the appropriate T1 line, which in turn affects being able
to properly configure your Dialogic® hardware later on.

{enfiguring Dalopie® 11 Boards

Note: Instructions in this document are specific to the
following releases (consult the deocumentation for your
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release for exact configuration instructions; see the For More
Informalion section):

= Dialegic® Systemn Release PCI 6.0 for Windows®
= Dialegic® System Release 6.1 for Linux
% Dialogic® Host Media Processing 3.0 for Windows®

# Dialagie® Host Media Processing 2.1 for Linux

Following the instructions in the Software Installation
Guide that pertains to your Dizlogic® release, install the
software. Make sure to install the necessary protocols for
your environment — 1ISDN protocols for ISDN environments
or Global Call APl protocols for robbed-bit environments.
Dialogic boards can be installed before or after software
installation.

Once the boards and software have been installed, the next
thing to do is configure them to work properly for the switeh
to which they will be connected.

Dialngic  boards have two main  architectures, and

eonfiguration depends on the architecture of the board:

« Dialogic® Springware architecture — The original
Dizlogie board architecture is sometimes referred to 28
“Springware.” If the board name begins with a Dfxxx
(for example, D/4R0JCT-2T1), it is a Dialogic® JCT Media
Board baged on Springware architecture.

+ Dialogic® DM3 architecture

— The second generation Dialogic board architecture
is referred to as “DM3." If the board name begins
with DM/xxx (for example, DM/VO60A-4TL or DM/
V1ZO0BTER), it is a Dialogic® DM3 Media Board bagsed
on DM3 architecture.

— Algo based on DM3 architecture is the Dialogic®
HMP Interface Board, also referred to as the “DNIY
Board, that begins with DNI/xxx (for example,
DNI/300TEPHMP), uged with Dizlogic Host Media
Processing (HMP) Software releases.

Page 11 of 34
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Configuring Dialogie® JCT Media Boards (Springware-
Specifie)

Refer to the Springware architecture configuration guide for
your Dialogic release for instructions on configuring the JCT
Media Boards (see the For More Informalion section). The
following is an overview of some notable points.

Pratocal

The first thing to congider when configuring a JCT Media
Board (T1 board) is to set up correctly for the protocol on
the line:

— If the protocol is ISDN, the ISDN protocol must be
selected. In Windows®, this is done on the Interface tab
of the Dialogic* Configuration Manager (DCM). Select the
correct ISDM protocol for ezch span. In Linux, the config.
gh script is used.

— Ifthe protocal is rebbed-bit and you are not using Dialogic®
Continuous Speech Processing (CSP), no protocol change
needs to be done via DCM or config.sh — this is the default
configuration. The protoeol will be configured via Global
Call APl .cdp file, which is described in the “Configuring
Dialogic® Global Call AP Protocol” section.

For CSP configurations, change the firmware file being
downloaded to the proper CSP firmware file, and make
sure ISDNProtocol is set to NONE for that span. Because of
hardware limitations, CSP and ISDN cannot be run on the
game span on a JCT Media Board.

Framing/Line Encoding

In ISDN, framing is always set to ESF and encoding to BRZS,
&0 no changes will need to be made.

If no ISDN protocol iz set, JCT Media Boards default to using
D4 SF (framing) and AMI line encoding. If these need to be
changed, the following lines must be edited in spandti.prm:

1. Change parameter 0020 to 1 and uncomment it (for
BREZS)

Add a lime for parameter 0014 and set its value to 1
{for ESF)

Note: If any changes are made to spandti.prm, you must
specify thig as the parameter file used.
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In Windows®, get parameter file = spandti.prm in the DCM.

In Linux, 2dd a line for each span. An example for 2 dual
gpan board:

ParameterFile=gpandti.prm

ParameterFile2=spanati.prm

Configuring Dialogic® DM3 Medla Boards

Configuring DM3 Media Boards ig different than configuring
JCT Media Bozrds. DM3 Media Boards have more
configurable functionality than JCT Media Boards, so they
have more possible configuration filss. However, once you
have determined which configuration file to use, that file is
the only one used to configure the board.

Fratacal

The first step to configuring 2 DM3 Media Bozrd is to have
it auto-detected. In Windows®, this is done by starting the
DCM. In Linux, this is done by running config.sh. Onee the
board is detected, either utility will first ask what .ped/ fed
files to use. These are the equivelent to the firmware and
econfiguration files used on JCT Mediz Boards. A list of .pecd
files will appear, and this list is all the possible .ped files that
can be used with the board detected. To aetermine which
file to use, first it is important to understand the naming
convention.

For DM3 A-series Media Boards, each file is in the format
milx_yyy_22Z.pcd

mix = mediz load
yyy = specific for gach type of board

222 = protocol

Note that the midale value, yyy, has already been detected
and pre-determined for you. The protocol is the T1 protocol
you will be using, whether it is an ISDN protocsl or robbed-
bit (in which case selsct CAS). The media load is 2 concept
that is specific to DM3 Media Boards. Each media Inad
offers different functionzlity, and each DM3 Media Board is
capable of downloading one or more media Ibaas. The list
that pops up tells you what media loads your board supports.
Some common media loads are listed as follows (refer to the
appropriate DM3 Configuration Guide for all media Inads in a
particular release):

Page 12 of 34
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Metlia Load 1 - Basic Voice
¢ Provides play, record, digit generation, and digit detection

& All half duplex voice aperationg

& Supports the following coders:
- 64 kbps 2nd 48 kbps 5.711 PCM VOX and WAV
- 24 kbps and 32 kbps OKI ADPCM VOX znd WAV
- 64/88/128/176 kbps Linear PCM VOX and WAV

= Speed control on 8 kHZ coders
= Volume control

# Cached prompls

# GTG/GTD

# Call progress analysis

¢ Transaction record

Media Load 2 — Enhanced Voice

# All Basic Voice features (see Media Load 1)

= Continunus Speech Processing (CSP)

= Enhanced coders:
- G.726 at 16 kbps, 24 kbps, 32 kbps, and 40 kbps
- GSM (TIPHON and Microsoft)
- IMA ADPCM

- Truespeech

# Silence Compressed Record (G711, OKI ADPCM, Linear
8 kHz, and G.726)
& |P transcoders (Dizlogic® DMAP Boards only)

- G.711: 1 frame/packet zt 10, 20, or 30 ms (A-law or
p=law)

-G.723: 1, 2, or 3 frames/packet at 30 ms (silence
compression with VAD and CNG)

-G.729: 1, 2, 3, or 4 frames/packet at 10 ms (silence
compression with VAD and CNG)

-G5M: 1, Z, or 3 frames/packet at 20 ms (silence
compression with VAD and CNG)
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Meilia Loatd b — Fax
= All Enhanced Voice Features (zee Media Load 2)

= V.17 Fax

Metia Load 8b — Conferencing Only (Rich Conferencing)
# Traditional DCB conferencing plus echo cancellation:

- No voice channels
- Conferencing

— Signal detection

- Tone clamping

— Tone generation

- Eche cancellation (16 ms)

Meilia Load 10 — Enhanced Voice Plus Conferencing
% All Enhanced Voice features (see Media Load 2)

# Conferencing resource (conferencing and voice are
independent. This media load provides both enhanced
voice as well as DCB DSP conferencing.)

To change the ped files, yvou can either re-autodetect the
board (use the DCM in Windowe® or change config.sh in
Linux), or change the ped files in the DCM (Windows).

For Dialogic® DM/V=B Media Boards, at first only 2 default
file will be available. Onee that is selected, you can go into
the DCM tonl and select the protocols for each gpan. When
that configuration is done, 2 gul_xxx_xxx.pcd/ fed/ config file
set will be generated in the data directory specifically for that
configuration and the .ped/fed files will be set automatically
in the DCM tool.

Oncethe pedfileis set, theonly file that needs to be configured
is the file of the same name, with a .config extension (that is,
select ml6_dsa_4ess.ped, modify mi6_dsa_~Aess.config).

Nete: For the Dialogic HMP Software releases (check your
DM3 Configuration documentation), whenever changes zre
made to the .config file, the program fedgen must be run and
the board must be redownloaded (Dialogic® services stopped/
started) for the changes to take effect. To run fodgen, simply
type fedgen and the file name.

Exzmple: fcagen mi6_dsa_dess.config

Page 13 of
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For the Systemn Release for Windews® and Linux operating systems (check your DM3 Configuration documentztion), the fed file
it autematically created when the ped file and modified .config file are downloaded to the board.

Framing / Line Encoding

Line framing and line encoding are set within the lineadmin sections of the .config file, with one lineadmin section pertrunk on the
board. Each trunk must be configured individually (ESF/BRZS shown):

ISDN

As is the case with JCT Media Boards, once an ISDN protocol is selected, few changes are needed to be made to the file
configuration. In addition to having a lineadmin section for each trunk, ISDN .config files also have a CCS section for each trunk.
Here is one parameter that may require changing at times. To run the network version of 2 T1 protocsl (NT1 protocol), set the
following parameter aceordingly:

This parameter can be set on a trunk-by-trunk basis. This parameter will allow for testing in back-to-back mode, with one trunk
acting as the network (Teleo) side and another trunk acting as the user side. This is discussed in more detail in the “Troubleshooting
DM3 Mediz Boards” section.

NFAS
For information on how to configure DM3 Media Boards to use NFAS, zee the following technical note:
ftdoc e diatogio . comisupoort/helpweb/drallitnates/new/tn 34 2im,

Configuration Procedures Common to Dialogic® JCT Media Boards and Dialogic® DM3 Media Boards
Clacking

It is important to ensure one trunk is set to be the clockmaster. Clacking can be derived from a digital network trunk, if available,
rather than from an internal sseillater. Only one T1 trunk in a chassis can be the clockmaster, and all other trunks in the machine
tzke their clocking from that trunk. By default, the first trunk of the first board is set up as the clockmaster. To set up the
clockmaster for Windows® and Linux:

o

S
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4. Configure the Primary Master bozrd to uze the correct clock reference by setting the Derive Primary Clock From (User
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in Windows®:

1. To access the clocking settings in the DCM, double-click Bus-0 under TDM Bus in the DCM tree structure of configured
devices in the DCM Main Window.

Z. Designate a board as the primary master using the following steps:
a. Select the Primary Master FRU (User Defined) parameter.
b. In the Value list box, select the name of the board that will provide the clocking to the bus.
c. Click Apply.

3. [If the Primary Master board is deriving system clocking from a digital netwerk trunk connected to a Network Reference
(NETREF) board, perform the following actions. Otherwise, if using the Primary Master board's intermal oscillator as the
clocking souree, gkip to Step 4.

&. Select the NETREF One FRU (User Defined) parameter.

. In the Value box, type the name of the board that containg the network interface that will provide a network reference clock
to the systerm. The board name entered should be the same name as displayad in the DCM main window.

c. Click Apply.

d. Specify the source of the network reference clock (specifically, the trunk on the board containing the digital network
interface providing the clock) via the Derive NETREF One From (User Defined) parameter.

&. Click Apply.

Defined) parameter to either NETREF_L or Internal Oscillator.

5. Click OK.

6. Toset the clocking for the secondary clock master, parform the following steps:
2. Highlight the Secondary Master FRU (User Defined) parameter.

b. In the Value list box, select the board that will provide the clocking to the bus if the primary master fails. The board name
that you enter should be the same name as displayed in the DCM main window.

c. Click Apply.

d. Configure the Primzry Master board to use the correct clack reference by setting the Derlve Primary Clock From (User
Defined) parameter to either NETREF_L or Internal Oscillator.

&. Click OK.

»\ i

i,
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In Linitx (confip.sh seript):

1. Fromthe TDM Bus Settings screen, type the number 2 and press Enter to select the “TDM Bus Role Settings — Select Primary
Master Board” option.

The “TDM Bus Role Settings - Select Primary Master Board' screen is displayed.

2. On the “TDM Bus Role Setting - Select Primary Master Board” screen, type the number corresponding to the board to be
used for the Primary Master Clock, and press Enter.

The “TDM Bus Role Setting - Select Master Clock Source” screen is displayed.

3. Onthe “TDM Bus Role Setting — Select Primary Master Clock Source” screen, type the number corresponding to the source
you wish to use for the Master Clock, and press Enter.

The “TDM Bus Role Setting - Select NetRef Provider Board” screen is displayed.

4. Onthe “TDM Bus Role Setting — Select NetRef Provider Board” screen, type the number corresponding to the board you wish
to use for the NetRef Provider, and press Enter.

The “TDM Bus Role Setting - Select NetRef Provider Trunk” screen is displayed.

5. B Onthe “TDM Bus Role Setting - Select NetRef Provider Trunk” sereen, type the number eorresponding to the trunk you
wish to use for the NetRef Provider, and press Enter.
Configuring Dialogic® Glohal Call AP! Protocol

Global Call pretocols are installed in the .ofg directory. The Global Call AP has two different types of protocols:
— ICAPI ig the first generation of Global Call protocols.

— PDK is the second generation, and can be identified by the prefix pdk_*. Only PDK protocols are currently supported, so zll
deployments should use these protocals.

T1 has three file choices (aside from switch-specific protocols):

= pdk_us_ls_fxs_io.cdp — For loop start lines
& pdk_sw_t1_gdsls_in.cdp — For ground start lines
= pak_us_mf_in.cdp — For E&EM lines

On JCT Mediz Boards, the protocol is set via the ge_OQpenEx() function and is run at the library level on the host machine. On DM3
Media Boards, the protocol is set via eonfiguration, downloaded to the board, and run at the firmware level.

Note: To switch protocols on a DM3 Mediz Board, Dizlogie® services must be restarted.

To specify the protocol on OM3 Media Bozards, a pdk.cfg file must be created. For some older releases, this file needed to be
manually created. Whether it is automatically created or not, it is useful to consult the Global Calf Counlry Dependen! Parmmelers
(CDR) for PDK Frolocols Configuralion Guide (see the For More Informalion section) to ensure the pdk.efg file is properly
configured.

o

"\
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Configuring the .cdp File

For most loop start and grouna start deployments, selecting the proper protocol will be all that is necessary to make the line work.
Thus, this application note will focus mainly on configuring protocols that need to use pdk_us_mf_in.cdp. The PDK *.cdp file is
used to configure the robbed-bit protocol. T1 robbed-bit protocols consist of four phases:

1. Seizure

la. Seizure Acknowled

2. Data transfer
Connect

4. Disconnect

Phase 1 — Seizure

Thig is the initial part of
3 S8iZUre.

Generally, this is dorne v

In PDK, states are defin

Note: For all PDK state parameters, these definitions apply:

// CDP_TRANS Settings
All PATTERN_TRANS C
OffCode <ABCD=,
OnCode<ABCDs>,
Prelnterval,
Postinterval,
PrelntervalNominal,

PostintervalNominal

Note: It is generally not

For seizure gefinition, both inbound and outbound, these parameters must be set properly:

+ Parameter 1 (00xx) is
this case:

Wed 03 Mar 2010 10:26:08 AM EST Page 17 of
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ge (optional)

the protocal where one gide signals to the other side that a call is being generated. Either side can initiate

iz g bit transition from the IDLE state to the SEIZURE state.
ed by both initizl and pest-change bit states.

for bit state transitions

DP_TRANS =

/f previous setting

/ setting for this state

/f amount of “guard” time expected before this state

# amount of “guard” time expected after this state

# minimum ameunt of time fram any previous state change that DLGC waits before entering this state

f amount of time DLGC waits after this state before another state change can be made

necessary to change the timing parameters for state changes, only the OffCade and Onecode.

the previous bit state — Thig should match the OnCode (gecond parameter) of the IDLE pattern, in
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& Parameter 2 (110 is the seizure definition — In this case, both the A and B bits are raised to indicate seizure.

+ Parameters 3-6 — Are timing parameters that can usually remain the same

Phase 1a — Seizure Acknowledge (optional)

Some protocols, such ag wink start, require that 2 seizure be acknowledged prior to moving to the second phase of the call,
data transmission (that is, ANI/DNIS digite). Protocols that do not require seizure acknowledge zre referred to 28 immediate start
protocols. This acknowledgement, if required, can arrive in one of two ways, Wink acknewledgement or Tong acknowledgemeant:

¢ Wink acknowledgement — One or more bits toggle for 2 specific amount of time. For PDK protocols, the fallowing definition
applies to all wink patterns set:

/ CDP_PULSE Settings for wink definitions
All PATTERN_PULSE CDP_PULSE =

OffCode<ABCD=, /f pre-wirk state

OnCode<ABCD:, {{ wink pattern

Prelnterval, famount of “guard” time expected before this state

Postinterval, {f amount of “guard” time expected after this state
PrelntervalNominal, /f amount of time DLGC waits before entering state
PostintervalNominal, /f amount of time DLGC waits after thig state before znother change

/{ can be made m_PulselntervalMin,
/{ shortest allowable wink length — used for received wink definition
m_PulgelntervalNominal, /7 expected wink length — length of wink Dialogic will send

m_PulselntervalMax {{ longest allowable wink length — used for received wink definition

— For inbound ealls: The following protocol must be set if the switch is expecting a wink acknowledgement. Immediate start
protocols would set this parameter to O:

A wink is generated using the follswing parameter. In this example, the idle pattern is 00xx, and the A and B bits zre raised for
250 ms and then lowered:

— For outhound calls: The following protocol must be set if the Dizlogic board is expecting a wink acknowledgement. Immediate
start protocols would set this parameter to O:
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The expected wink is defined. In this example, only the A bit is monitored. It must transition from 0 - 1 == 0 for 2 duration of 150
ms to 350 ms to be considered a wink:

The following parameter determines how long the Dizlogic board will wait to receive the defined wink. In the example, it will wait
for & seconds. If no wink s detected within 5 seconds, the application will receive & protocol timeout error:

= Tone acknowledgement — A tone (that is, Dial Tone) is played to signify acknowledgement.

— For Inbound ¢alls: The following parameter must be set:

— For outhound calls: The following parameters must be set:

Phase 2 — Data Transfer (ANI / DNIS)

Data Transfer is where phone numbers (dialed number 2nd caller ID) are identified. It is very important to know exactly what
format ig used to transfer digit information (ANI/DNIS). Improper setup in thig area of the PDK .cdp file often leads to protocol
errars znd/or call connection delays.

Uze the following questions to determine the information needed for data transfer (the answers are often different for inbound and
outbound calls):
1. Whalt type of digit is used (Duzal Tone Multi-Frequency [DTMF], Multi-Frequency [MF])?
How many ANI digits are sent?

How many DNIS digits are sent?

What, if any, delimiting digits zre sent after AN (* or #)?
What, if any, delimiting digits are sant before/zfter DNIS?

2
3
4. What, if any, delimiting dgigits are sent before ANI (* or #)?
5
&
7

If both ANI and DNIS are being sent, which is sent first?

o

S
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8. Is 20 acknowledgement required after ANI?

9. 15 an acknowledgement required after DNIS?

Theee questiong do not have a standard zet of answers, so the questions (with examples of possible answers) are provided below
te show how to set up the parameters in the PDK cdp file. Note that the PDK .cdp file has many more parameter settings in this
area, resulting in much greater flexibility.

Notice that in the PDK cdp file, that there will be four similar perameters for each setting:
1. DNIS for an inbound call
Z.  DNIS for an outbouna call
3. ANl on an inbound call
4

ANI for an outbound call
It is important to pay close attention to which parameter you are setting.

The following information is used for the examples:

¢ Inbound call diglt string: 10 ANI * 7 DNIS * — no digit acknowledgement required
s Qutbound call expected digit string: 10 DNIS digits — no digit acknowledgement required

1.  What type of digits is used (DTMF, MF)?

The following four parameters will usually have the same value.

2. How many ANI digits are semt?

— For Inbound ealls: If ANI iz not sent, the following parameter should be set ta O

If ANI 5 2ent, ANI should be enabled and the number of digits to be received set. If the exact number of digits is known, set that
value in MaxDigits. If there ig a variable number and 2 “stop” digit is sent, set the maximum number and see question 5 below.
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— For outhound ealls: If ANI is not sent, the following parameter should be set to O:

If ANI is gent, ANI should be enabled and the number of digits to be received set. If the exact number of digits is known, set that
value in MaxDigits. If there ig a variable number and a “stop” digit is sent, set the maximum number and see question 5 below.

Example seenario: 10 inbound ANI O sutbound ANI

Note: For DM3 Media Boards, remove feature_ ANI from the SYS_FEATURES parameter if ANI is disabled.

3. How many DNIS digits are sent?

— For Inbound ¢alls: If DNIS is not sent, the following parameter should be set to O:

If DNIS is sent, DNSI should be enabled and the number of digits to be received set. If the exact number of digits is known, set that
value in MaxDigits. If there ig a variable number 2nd 2 “stop” digit is sent, set the maximum number and see question & below.

— For outbound calls: If DNIS is not sent, the following parameter should be set to O:

If DNIS is sent, DNIS should be enabled and the number of digits to be received set. If the exact number of digits is known, sat that
value in MaxDigits. If there ig a variable number 2nd 2 “stop” digit is sent, set the maximum number and see question & below.

- PO
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10 outbound DNIS

H

£ 7 inbound DNIS

Example scenario

parameter if DNIS s disabled.

remove feature_DNIS from the SYS_FEATURES

Note: For a DM3 Media Board,

4,  What, if any, delimiting digits are sent before ANI (* ar #)17

" digit.

“KP

or DNIS string is called a

A digit sent before the ANI

used is defined by:

tis used to signify the start of the ANI string, the digit

If a digi

the prefix

the following parameters must be set to let the protocol know it will be used -

t strimg:

i

t will be used

digit will be stripped from the digi

In the case that this digi

Example scenario: No digits before inbound AN string, autbound has no ANI string

— For Inbound calls:

— For Qutbound calls

or #)7

delimiting digits are semt after ANI (*

What, if any,

&

A digit sent after the ANI or DNIS string is an 5T digit.

t used is defined by:

L]

the di

If a digit is used to signify the end of the ANI string,
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the following parameters must be set to let the protecol know it will

H

used

In the case that this digit will be

outbound has no ANI string

Inbound uses “*” after ANI,

+
H

Example scenario

— Inbound

— Outbound:

?

delimiting digits are sent beforesafter DNIS.

6. What, if any,

with DNIS.

See explanations of questions 4 and 5 above for replacing ANI

no delimiter

outbound uses DNIS with

H

after DNIS

uxw

used

Inbounad

+

Example scenario

— For Inbound calls:

+

— For outhound calls
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7. Ifboth ANI and DNIS are being sent, which is semt first?

If DNIS is sent first, the following parameters must be set to 1. If ANI is sent first, set to O:

Example scenario: Inbound AN is first, sutbound DNIS is first

8. Is an acknowledgement required after ANI?

Some protocols require 2 wink to acknowledge that ANI was received.

The following parameters must be set to 1

8. Is an acknowledgement required after ONIS?
Some protocols requirg a wink to acknowledge that DNIS was received.

The following parameters must be set to 1.

Example scenario: No wink required after DNIS inbound or autbound

Phase 3 - Connect

When the side being called is satisfied with the information presented, the next step is to connect the call.

The first value will match the idle pattern, and the second value matehes the connect pattern. In this example, idle = 00xx,
w o connect = 1lxx:

s
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When both sides issue this answer pattern, the call is connected. The audio path is now open to the users and the protocol is no
longer involved in the call until disconnect (or call transfer, which is not covered in this epplication note).

FPhase 4 — Disconnect

Disconrection can come from either side of the call.

If the remote side disconnects, the following pattern should be set to meet that pattern. The first value should equal the connected
stzte {in the example, 11xx), and the second value will usually equal the idle state (in the example, 00xx):

If the Dialogic board disconnects, the following pattern should be set to meet the appropriate pattern. The first value should equal
the connected state (in the example, 11xx), and the second value will usuzlly equal the idle state (in the example, 00xx):

After one side disconnects, the other side must also disconnect to fully release the call. This uses the same parameters set above.
At this point, both sides are in the idle state awaiting the next czll.

Troubleshooting n g T envirbmngnt

After the T1 board is set, how does one determine if it is working? This section will discuss how to test the setup and troubleshont
EOME COMMON I85UBS.

Troubleshooting Dialogic® )JCT Media Boards

After Dialogic services are started, the first thing to check is that the JCT Media Board is in syne with the switeh. On the back
bracket of the JCT Mediz Board, find four LEDs per trunk. A set of green, yellow, and red LEDs correspond to the alarm status.
These are separated from another red LED by a loopback switch that is a leopback on/off indicator.

The three LEDs on the rear bracket of the firmware device indicate the alarm state of the signal being received. LED indicators will
remain lit until the firmware is downloaded to the device. The colors indicate the following:

« Red LED — The red LED lights up whenever the firmware device detects RLOS (Remote Loss Of Synchronization)

¢ Yellow LED — A yellow LED lights up whenever the firmware device receives an alarm indicating that a network span is
receiving unsynchronized data from the firmware device.

« Green LED — A green LED is lit whenever the firmware device s receiving a signal.

o

L
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Notes:

1. Red, yellow, and green LEDs will be lit when the system is powered up, regardless of whether or not 2 signal is being
received.

2. Noalarm handling is performed until boards are downloaded.

Green Red Yellow Loaphack

F1 On ] Off Off

F3 i On Off Off

L 1gnal D i

F4 Receiving all 15 {AIS}

& System is in the process of powering on

After starting Dialogic services, the JCT Media Board should have just 2 green light on the back of the board (state F1). If thig is
not the case, check the following:

1. Make sure the cable is installed correctly inte the back of the JCT Media Board.

2. Make sure the framing and line coding are correct.

3. Ifitis not already set, set at least one trunk to be clockmaster and to derive clacking from the network (or LOOR).

4

Put the JCT Media Board inte lospback mode and ask the Teleo personnel to doe a test. With the JCT Media Board in Iaopback
mode and services started, the Telco personnel should see any signal they send out. If they do not see what they are sending,
there is an issue between the Telco and the JCT Media Board that must be fixed.

If these tipg do not isolate the issue, test the JCT Media Board next to make sure it can gsend and receive z gignal. To do this, a
loapback plug is needed, which allows z single span to see the signal that it is sending. To create z loopback plug (see Figure 5):

1. Using an RJ-48 connector, use one wire to connect the receive ring to the transmit ring (pin 1 to pin 4)

2. Onthe same RJ-48 connector, use another wire to connect the receive tip to the transmit tip (pin 2 to pin 5)
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MNow, when the services are started, the JCT Media Board will see exactly what it is sending out. This should result in a green LED.
If mot, the board is may be in need of repair or replacement.

Receive Ring

......... Receive Tip

Transmit Ring

--------- Transmit Tip

Figure b. Loopback Plug

If the JCT Media Board is able to see its own signal and it emits just a green LED after the Ioopback plug test, then the JCT Media
Board is most likely good and the issue is somewhere between the board and the Telea. Again, this may require more testing by
the Teleo to determine where the issue ligs. At this point, it 15 useful to make sure that a CSU 5 in place in case the izsue 15 with
a weak signal causing the JCT Media Board not to see it

If there is more than one span, it is possible to do a test using a Inopback cable. To make a Inopback cable, refer to Figure & and:

1. Using two RJ-48 connectors and an B-wire T1 cable, connect the receive ring of each connector to the transmit ring of the
other connector

2. Connect the receive tip of each connector to the transmit tip of the other connector

Note: Usze the pins connections described in Figure 5 to determine the positions of the ping; in this cass, connect pin 1 (Receive)
te pin 4 (Trangmit) and connect pin 2 (Receive) to pin & (Transmit) of the opposite connector.

With a2 crossover cable, two different trunks can be connected in back-to-back mode. Make sure that if testing in back-to-back
mode with ISDN, one span is set to a user side protocsl and the other is set to NT1. If all is set up correctly, & green LED should
appear on both spans after services are started. If not, make sure that two trunks are set up for the same line coding and framing,
as this is what can cause the board to lose synch.

At this point, the Dialogic services should be started and the back of the board should be showing a green light, which means that
low level signaling is seen and is in gyne. This does not necessarily mean that other issues cannot arise.

Testing with Dema Programs
One can verify that the T1 configuration is working correctly by using a demo program to make and take calls. The following are =

few different programs that are available, depending on the technology.

Robbed-bit demos:

# Blitset — A utility that can beth monitor and set the bit phtern for 2 particular channel. See the following website for more
information — Bt /fressurte dislogie com/tslacam/suppart/ appists/winnt/itset inde it

¢ go_basle_call_model — Consnle-based Global Call application that can test multiple channels of inbound and/or outbouna
§ calls. It can test in back-to-back mode or just as one side of a test. This application is installed with the system release.

N

%
"
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The ge_basic_call_model is simple to use. To use this demo, you need to configure the ofy file that goes with it, and then type
ge_basie_call_model at a eommand prampt. The examples within the configuration file show how to set it up. Keep in mind that
you can set up multiple channels for inbound and multiple channels for sutbound. if yeu're testing in back-to-back mode, make
siire to select channels that match up te each other (for example, Outhound on dtiB1T1 and inbound on ttiB2T1).

If calls cannot be made or answered successfully, it may be because the protocol is set up incorrectly. Use bitset, along with the ge_
basic_call_model, to monitor the state of the bits at different stages of 2 call, and to set up the files accordingly. If bitset still does not
fully help in understanding the bit patterns for all states, ask the Teleo for a full specification of the protocol on the line, including:
Telco idle pattern

Telen seizure pattern

Telco wink pattern — Does it exist and if a0, which bits wink?

Teleo disconnect pattern

User idle pattern

User wink pattern — Does it have to wink, and if 8o what bits does it have to wink?

User seizure pattern

LN Mmook W

ANI/ DNIS pattern — Use the guide above to ensure this is configured carrectly. This may also correct calls that are slow to
connect.

9. Userdiseonneet pattern

10. Ask for the bit transitions for both 2 typical inbound and a typical cutbound call, step-by-step (the above states will give a
gnod guide as to what information is nesded)

When troubleshooting, try to isolate the issue to a certain area or layer. For example:

- If the Global Call application is having troubles, first try fixing it with a Global Call demo. If that demo works, the issue is most
likely with the application

- If the Global Call deme does not work, wateh the output coming from the bitset while the calls are taking place. This may show
8 configurstion issue.

- If calls are connecting, but seem to take too long, focus on the ANIZDNIS setup, a8 there may be a configuration issue that causes
the protocol to wait for digits and only answers the call after that process times out.

ISDN demos:
# |sdiag — Installed with systemn relezse alao; tests all basic ISDN functionality

s ge_basle_call_model — Works for ISDN as well

The first program to use to test an ISDN eetup is isdiag. This console-based ISDN demo will show in detail whether a particular
ISDN trunk is functioning correctly. To run isdiag on the first channel of the first trunk, type:

isdiag 1 1ts

o
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In the upper right-hand corner of the isdiag window, is a digplay with several indicators. The most important is DCH (D-channel)
- a Oindicates the D-channel is up. All the other indicators should be O ag well for a functioning ISDN Iine. If any of these are 1,
contact the Teleo and a8k them to check the integrity of the line, to see if there is an issue, and to check if they have any way of
restoring the line to full functionality.

By default, isdiag puts the requested channel into “waitcall” mode, meaning it is automatically waiting for a call and will answer as
gonn as a czll is offered to that channel. To turn this feature off, use the “r” option when running isdiag - this puts isdiag into trace
mode and then it works side-by-siae with another zpplication without interfering.

If Dialogic services are started and the lights on the back of the board are green, but 2 czll cannot be received, the following can
be tried:
1. Make sure the correct protocol is specified for the setup.

2. Especially if the line is 2 new installation, use isdiag to send an “in service” maintenance message (option 3). Sometimes the
Telco will mot put a line into service until spacifically requested to do so, and sending this message gives them that request.

Use isdiag to capture 2 D-channel trace so the behavior can be analyzed and possibly spot why a call is failing (option 10).
Use isdiag and try to accept a call.
Use ge_basic_cell_model and try to accept a call.

Use ge_basic_czll_model or isdiag and try to make an outbound call.

NomomoE W

If you have more than 1 ISDN span, set one span up as NT1 and the other as 2 user proteesl and try to make calls in back-
to-back mede, using 2 erogsever cable. To do this, run two instances of isdiag or run ge_basie_call_moadel with both inbound
and outbeund channels set up. If testing in back-to-back mode, make sure to select channels that mateh up to each other
(for example, Qutbound on dtiB1T1 and inbountd on dtiB2T1).

isdiag 1 1ts
isdiag 2 1ts

If an inbound call can be received but an osutbound call cannot be made, an analysis of D-channel traces showing a successful
inbound call and a2 failed outbound call can pinpoint differences that led to the failure.

If some inbound calls are failing, and review of D-channel traces show that the call is quickly rejected by the Dialogic side with
cause code 34 (no circuit available) or 44 (requested channel not available), it may be due to slow call cleanup. By default,
Dialogic® Springware firmware autormatically sends the ISDN Releaze Complete message, thus freeing the chznnel. It iz expected
that the host will clean up the call quickly enough to be able to handle the next call. However, if that does not happen, a new
call may be presented before the host library is ready to aceept it. The result is a rejected czll. Enabling host-controlled release
prevents this situation by having the firmware only send the Release Complete message after ge_ReleaseCall is called. This
ensures the host is ready to accept the next call. To enable the host controlled release, modify this parameter in the appropriate
.prm file (that is, 4ess.prm) and restart Dialogic services:

o




From HylaFAX EE Wed 03 Mar 2010 10:26:08 AM EST Page 30 of

i

R
e
e

kel
e

L
.

i

et
PR

b2

i
i

b

i

b2

2
i

b

i

Note: Host controlled release is enabled by default in DM3.

Summary of common T1 issues and suggestions for general troubleshooting:

Global Call application not able ® Ty ge_basic_call_model demo

to make or answer any calls ¢ [f go_basic_call_model demo does not work:
0 Robbed-bit demo: wateh output from bitset during ealls to try to identify protocol configuration issue
0 ISDN demo: Review/compare D-channel traces

Robbed-bit: Inbound calls fail « |f every second call fails, look at disconnect pattern
sporadically o Likely something gets “reset” onthe second call that should have happened during disconnect
* [f failure is more sporadie, use available logs to isolate timing issues

Troubleghooting Dialogic® DM3 Media Boards

Troublesheoting on DM3 Mediz Boards employs the same basic theories as troubleshooting JCT Meida Board issues, but aside
from ge_basic_call_model it requires the use of different utilities. Some of these utilities and their functicnality are discussed in
this section. Refer to the Diagnostics Guide fram your Dialogic release for details on the utilities available to help troubleshoot DM3
boards.

o
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ge_basic_call_model — Can be used the same way for DM3 Media Boards as for JCT Media Boards.

CASTrace — A utility that monitors bit states of channels. This is similar to bitset for JCT Media Boards. One limitation of CASTrace
is that it will anly log bit transitions if they are already defined in the .edp file. Any unrecognized transitions will not be understood,
and therefore not logged. This can hinder troubleshonting incorrect protocol configurationg.

Example Trace: Slow answer

Channels idle

Inbound seizure (Rx 0000 -» 1111)

Outbound wink (Tx G000 = 1111 - 0000)

ANI/ DNIS transfer (not shown in CAS Trace):

Qutbound connect — Indicates ANI/DNIS info transfer complete. Note that it takes 60 seconds to move to this state.

Call disconnected by remote side (this is normal)

Call released from Dialogic side

This type of scenarin usually indicates that the digit transfer is not configured properly. The bit transitions are set up properly
because the call connects and everything works, but the fact that it takes 60 seconds to acknowledge receipt of ANI/DNIS
information inaicates that a timeout actuzally cceurred and the call was allowed to proceed without the expected information. In
this case, a reconfiguring of the ANI/DNIE resolved the issue and calls started connecting in 1 to Z seconds.

ISDNTrace — Similar to using isdiag to create a D-channel trace.

PSTNDIag - This program provides the ability to step through attempts to make outbound or accept inbound calls. It also provides
several pieces of information about the configuration in a single GUI. This is helpful in identifying any problem areas. It can also
be used to launch the CASTrace or ISDNTrace utilities.

Summnasy

This application note presented introductory material about T1 telephony interfaces, provided information to enable the reader to
plan for ordering 2 T1 line for 2 specifie solution, and finally related information for configuring Dialogic® boards and troubleshooting
the boards should issues arise during the process.

o
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Acrenyms
AMI

Alternate Mark Inversion

Automatic Number Identification

ANI

Binary Eight Zero Substitution

BBZS

Bit Error Rate

Cyelic Redundancy Check

CRC

Channel Service Unit

csu

Dialogic® Configuration Manager

DCM

Dialed Number ldentification Service

DNIS

Digital Signal Processing

DSP

Digital Service Unit

DsUu

Dual Torne Multi-Frequency

DTMF

Extended Superframe

ESF

Interface Integrated Services Digital Network

ISDN

Multi-Frequency

MF

Metwork Facility Associated Signaling

NFAS

Network Reference

NETREF

Primary Rate Interface Integrated Services Digital Network

PRI ISDN

Primary Rate Interface

PRI

Public Switched Telephone Network

PSTN

Remote Loss Of Synchronization

RLOS

Release-Link Trunking

RLT

Superframe

SF

Special Information Tones

SIT

Two-8 Channel Transfer

TBCT
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